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Chairman's Welcome
On behalf of all the members of the
Organizing Committee, I would like to
welcome you to the 1st International
Conference on Signal Processing and
Telecommunication Systems, ICSPCS'2007.
The conference evolved from the series of
successful symposia and workshops, i.e.
International Symposia on DSP and
Communication Systems, and Workshops on
the Internet, Telecommunications and Signal
Processing, and ICSPCS'2007 incorporates
the 9th International Symposium on DSP and
Communication Systems (DSPCS'2007) and
the 6th Workshop on the Internet,
Telecommunications and Signal Processing,
WITSP'2007. It has been an intention of the
Organizing Committee to make future
ICSPCS events being held annually at
different locations.
This year response to the call for papers was
exceptional, with 207 full paper submissions.
All submitted papers have been put through a rigorous peer review process, and each paper
received at least two but often three peer reviews. Based on those reviews, 100 papers have
been accepted, and included in the program - 52 for oral and 48 for poster presentations. To
complement the program, Prof. Jacob Gavan, an IEEE Fellow and the distinguished speaker,
will present an opening address: "Base Stations and Headsets Mobile Radio Systems
Radiation: Analysis, Mitigation and Simulations Techniques".
At this point, I wish to thank the authors who put so many efforts, first in preparing their
manuscripts for submission, and then for incorporating reviewers' comments in the cameraready papers. I extend my sincere thanks to the members of the Technical Program
Committee for organizing reviews for the papers, and the actual reviewers for thorough
reviews of the papers.
Finally, I would like to thank the financial sponsors of this event, the ARC Communications
Research Network, ACoRN, and the Defense Science and Technology Organization, DSTO.
Without their generous support, the ICSPCS'2007 would not materialize.
I hope that you will take pleasure in staying in this beautiful resort on the Gold Coast, whose
friendly atmosphere will facilitate peer-to-peer interactions and networking and be a pleasant
supplement to the research benefits of the Conference.
Welcome to the Gold Coast and enjoy the Conference!
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Base Stations and Headsets Mobile Radio Systems Radiation:
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ABSTRACT
Nowadays the numbers of mobile Radio equipment
and users have increased both tremendously and
have exceeded two thousand Millions. However
this increase also the probability and number of
harmful mutual interference and of people exposed
to non ionized radiation from the transmitting radio
equipments. A significant part of the transmitted
energy is wasted as interference and parasitic
radiation source to a multitude of users. The power
density levels of radiation from mobile base station
are usually significantly less than the stricter
standard power density level thresholds to exposed
people due to the high separation distance effects
under far field propagation conditions. In
comparison, radiation effects to mobile headsets
users are significantly stronger and unpredictable
due to the reactive near field proximity distance to
the radiation sources, complexity and hot spots of
the Electro-Magnetic (EM) field components near
the user head or body. Will be analyzed: simple
radiation effects from far field base station antennas,
techniques for enhancing the efficiency of power
and energy transmission for mobile radio systems.
This will be followed by describing the complex
radiation field components absorbed by the
individual users from their headsets and the actual
importance of the Specific Absorption Rate (SAR)
expression, considering that the power density level
is not well defined under near field conditions. Will
also be described mitigation techniques and
simulations for increasing the efficiency of base
stations and headsets, the batteries life-time and for
decreasing significantly the radiation intensity
effects in the mobile radio users head and body.
1. PREFACE
A tremendous increase in mobile radio users,
equipment and systems leads to one of the main
economic forces and revenue sources of modern
society. [1] Nowadays the number of mobile
phones and users have exceeded two thousands
Millions phone and the number of mobile laptops
(PC) four hundred Millions, significantly more than
the wired equipment as shown in figures 1, [2].
Thus increasing the receivers and people
probability to be exposed to non ionized radiation.
[2;3]
The main sources of Radio interference and
radiation effects offenders are derived from

transmitters (TX) and the victims become the
systems multitude of receivers (Rx) and individual
users, who are exposed to mutual interference and
to parasitic radiations. [4,5].

Fig 1. Global growth of radio mobile and fixed
subscribers as function of time [2].
2. BASE STATIONS RADIATION AND
MITIGATION TECHNIQUES
Base stations TX radiated power levels are higher
than handset ones, with usually very low mobile
radio system energy efficiency. However, the
distances from base stations TX to victim Rx and to
exposed people are significantly higher than the
transmitted wavelength. Therefore, in almost all
cases the people and Rx exposed to base station
effects are located in the well defined Franhofer far
field radiation zone, where the radiated power
density levels decrease usually at the square of the
separation
distance
and
even
more.[4]
Measurements, simulation and statistic analysis
results, (obtained from a two-year research grant
from the Israel Environmental Ministry Report and
other references) [6-8] show that the power density
levels of radiation from urban cellular base stations
are typically much lower that the most stringent
internationally recommended safety power density
guidelines usually of 1

mW
. [6,7] For rural base
cm 2

stations, the power density levels may be more
significant because of the higher radiated power
levels due to the cellular radius coverage but still
lower than the standard threshold power density
levels.[8] Thus if security guidelines are applied for
base station installations excessive radio power
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density from radiating antennas to exposed people
will be avoided.
The energy efficiency and capacity of base stations
can be enhanced by using segment directional
antennas instead of omni-directional one. A better
solutions is the use of smart antenna arrays which
require also intelligent signal processing
units.[9,10] The smart antenna concentrates the
energy transmission towards the desired mobile Rx
user "M" and reduce significantly interference user
"I" from near Transmitters (TX) by forming a null
steering as shown in figure 2.[5,9]

the reactive near field zone of the antenna, strong
coupling and loading occur between the antenna
and the user's head.
Without considering the health issues, it is obvious
that an important part of the handset transmitted
energy is wasted The main issues are that in spite of
the power control mechanism used now in many
cases the handset radiated power is increased as
well as the energy absorbed by human users and
the life-time of the portable batteries is reduced.
Measurement results show that radiation effects to
users of cellular handsets are significantly stronger
compared to that of standard base stations and can
exceed the security standard levels because of the
small separation distances.[5]. For instance 1mw
transmitted power at a distance of 1cm from the
handset has a higher or similar radiation effect than
1000w at a distance of 10m from the base station.
Considering that the power level of headsets are
usually significantly higher than 1 mw (200mw)
and the power level of even high power base
stations are significantly less than 1000 W (200w).
Therefore, the real problems for security are the
radio headsets and not the base stations.
The measurement and computation of the electrical
and magnetic field components magnitudes and
especially of the power density are very complex
and not well defined in the handset reactive near
field zone [4]. Therefore has been standardized the
Specific Absorption Rate "SAR" of temperature
increase measured in Watt per kg representing the
non-ionized radiation effects generated in human
tissues especially in the head.[1]
The common headsets radiating antennas towards
the user head are the low cost and compact helical
or monopole quarter wavelength which are
common.[3, 4] Latter were developed more
efficient planar micro-strip antennas such as the
Planar Inverted F Antenna (PIFA) where the
absorbed radiation absorption by the head is
reduced but the absorption due to the user hand is
increased, significantly [14,15]
The use of a cable with external earphones
connected to the head to reduce significantly the
SAR can be applied but the method is cumbersome
and the handset and cable have to be well shielded
otherwise the radiation in the user head can even
be enhanced.[10]
The Motorola Star Track implementation increases
the distance of the monopole antenna from the user
head by 2 to 3 cm but the reactive near field
conditions and the radiation significant power
absorption are still existing.[4; ]
Therefore more recently were suggested the use of
two antenna elements in the handset which
represent an approach to the smart antenna concept
explained previously. These two smart elements
reduce the absorption by the user head and enhance
the propagation efficiency in the direction of the
base station. [16] However the phase cancellation

Fig 2 . Principles of a radio base station using smart
antennas
The smart antenna technique may also contribute to
enhance system transmitted energy efficiency,
increase Rx signal to noise and interference ratio
and decrease the required base station TX power.
This is a crucial technique for decreasing the
radiated power density absorbed by human
maintenance workers or by the general public.
[7,10]. Other mitigation techniques are : Power
control [11], shielding by metallic objects or special
clothes [1] and selective filtering [10] as will be
explained in the presentation.
A novel improvement for mobile radio systems is
the development of High Altitude Platforms
(HAPs) which act as base stations in the (sky)
stratosphere at an altitude of 18 to 24 kms.
Experimental HAPs have been built in the US,
Japan and soon in Europe [12]. The HAPS mobile
radio performances are significantly better than
from Geostationary and Low Earth Orbit Satellites
[13] and in a few years it seems that they will begin
to be used commercially.
3. RADIO HANDSETS RADIATION AND
MITIGATION TECHNIQUES
In comparison to the base stations, the effects from
handsets radiation are much more complex,
unpredictable and significantly stronger because of
the reactive near field Electro Magnetic (EM)
conditions for the users. The measurements and
simulation results show that 30% up to 70% of the
transmitted power from an ordinary handset is
absorbed in the user head, hand or body due to the
very small distances and strong mutual interactions.
[4, 11] At these small distances of the cm range in
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the pivotal connection to the handset, to a distance
of (8-16) cm from the earphone distance and above
the user head, raising the locus of radiation laterally
and vertically above the head as shown in figure 3.
This technique named R95 significantly increases
antenna efficiency and reduces drastically the SAR
to the user head. [17] Other advantages of this
technique are longer battery life, higher signal to
noise, better sound quality and higher possible
operation distances of the mobile system as most of
the energy is directed towards the base station and
only an insignificant minor part is absorbed in the
user head and body.

principle used in this technique is efficient for base
stations or big radio systems but not for small
compact mobile handsets where the proximate
separation distance and the high coupling to the
user head are always changing. [1,4]
A recent mitigation techniques suggest a compact
mobile handset apparatus using a two part fold-over
mobile phone where, the lower part contain a
keyboard, microphone, earphone and all the non
radiating low frequency/low power circuits. The
upper part, is a cover for said handsets pivotally
connected containing a high frequency power
amplifier multiplexer and monopole antenna
extendable through the cover, at the opposite end of

Fig 3. The R95 concept
solution of a matrice with around 1000 unknows
show that the SAR of the R95 model is about 100
time less than
for the conventional headset
monopole whip model using the heterogeneous
head model as shown in figure 4. The University of
Toronto team obtained similar higher SAR results
for headsets will helical antennas operating at 893
and 1881 MHz. Considering that at 1881 MHz the
number of the matrice unknows is significantly
higher but the SAR results are better due to the
higher wavelength [18].

In Summer 2004 a group of scientists from the
University of Toronto Canada applied the
numerical Galarkin moment method for computing
the SAR of conventional radio handsets to
homogeneous and heterogeneous head models as
part of a contract from the Canadian and the US
Ministry of defense. The tested handsets radiating
antennas are helical at 893 and 1881 MHz and
monopole whip at 907 MHz. In their simulations
and computations [18] they included also the
suggested handset model R95 described in figure 3
and in [17; 18]. The results at 907 MHz using the

Antenna Type

Helical @ 893 MHz
Helical @ 1881 MHz
Monopole/ whip@ 907MHz
Modified R95 @ 907 Hz

Number of
unknows

922
3538
881
881

Simulation
time using
Galerkin
method
7.6 minutes
74 minutes
6.9 minutes
7 minutes

SAR (Galerkin
sample for
homogeneous
head model

SAR (Galerkin
sample for
heterogeneous head
model

2.1
1.5
1.9
0.020

0.65
0.19
1.0
0.012

Figure 4. SAR Simulation results of headset Antennas Next to Homogeneous and to Heterogeneous Head
Models[18]
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7.

4. CONCLUSIONS
Considering mobile radio communication, we are
all witnesses to the tremendous increase of the
number of users, equipments and of the social,
economic and security dominant impacts. Therefore
improvements in the quality of service, power
efficiency and reduction of parasitical interference
and radiation are a must as presented in this paper.
It is especially true for the new 3G and the next 4G
cellular generations where the system handset
power levels and bandwidth are increased.[19]
The mitigation techniques described and analyzed
in this paper for mobile radio systems base stations
and mobile handsets can contribute significantly to
the required improvements. The suggested
techniques are effective for improving the quality
and power efficiency of base stations operating
under far field and headsets operating under
complex near field propagation conditions [1;4].
Especially emphasize was dedicated in the analysis
to reduce strongly the SAR and improve the
performances of a proposed model of headset. A
qualified independent team simulation results show
that the SAR of the proposed model are more than
50 times better than for classical headsets. However
considerable more efforts are still needed in order
to improve mobile radio communication to an
efficient, secure and convenient system useful for
the welfare and positive advancement of our global
society.
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Abstract— This paper proposes a spectrum shaping technique
exploiting frequency clipping for frequency domain soft canceller
with minimum mean square error (FD-SC/MMSE) based turbo
equalization systems, of which aims to achieve high spectral
eﬃciency and eﬃcient energy transfer from a transmitter to a
receiver, as well as to provide a novel spectrum division multiplexing strategy. In the proposed scheme, the water-filling strategy is
modified to clip more spectrum components with lower signal to
noise power ratio, and transmit power allocated to the clipped
spectrum components are evenly distributed to the non-clipped
components thereby concentrates transmit power on spectrum
with higher channel gain. Furthermore, the proposed spectrum
shaping technique is applied to user multiplexing in the frequency
domain with higher spectral eﬃciency. Computer simulation
including extrinsic information transfer (EXIT) analysis confirms
that the proposed scheme is eﬀective in enhancement of spectral
eﬃciency with low power penalty.

I. Introduction
In broadband wireless access systems, compensation for
frequency selective fading and eﬃcient energy transfer from a
transmitter to a receiver are the most important issues for enhancement of sum-rate capacity as well as the average user rate
under transmit power limited conditions. Although orthogonal
frequency division multiplexing (OFDM) has been extensively
developed as a suitable wireless transmission technique under
frequency selective fading conditions, single carrier broadband
transmission is also becoming a realistic technique for broadband wireless access system due to development of frequency
domain equalizer (FDE).
In the linear FDE, because its frequency transfer function
is determined by the tradeoﬀ between residual inter-symbol
interference (ISI) after equalization and noise enhancement
due to large weight multiplication at deeply faded frequency
components, channel frequency transfer functions after equalization are still deviated. One of its solutions is pre-coding [1][3] in which residual ISI after equalization is reduced not by
the receiver signal processing but by the transmitter encoding
process. However, the pre-coding technique does not guarantee
an eﬃcient energy transfer from a transmitter to a receiver.
Theoretically, water-filling spectrum shaping [4] in which
more energy is allocated to spectrum with higher channel
gain and less or no energy is allocated to spectrum with
lower channel gain, is optimum to promise the eﬃcient energy
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transfer. However, it would cause extra ISI in the transmitter,
thereby residual ISI after equalization is potentially enhanced
in the case of linear FDE.
Frequency domain soft-canceller with minimum mean
square error (FD-SC/MMSE) based turbo equalizer [5] is
another equalization technique suitable for broadband single
carrier transmission. The most important features of the FDSC/MMSE turbo equalizer is
- ISI after equalization is gradually suppressed in the
iterative manner using a soft canceller, and if the turbo
equalization process is successfully converged, residual
ISI becomes negligible [6]-[9].
- All the eﬀective desired signal components dispersed in
the time domain can be eﬃciently combined by following
matched filter combining basis even though the channel
memory length is large [10].
These features suggest us that water-filling spectrum shaping is applicable when an FD-SC/MMSE turbo equalizer is
equipped in the receiver, thereby requirements for broadband
transmission, compensation of frequency selective fading and
eﬃcient energy transfer from a transmitter to a receiver, can
be jointly satisfied. In this paper, no energy allocation to
specific spectrum components will be called ”clipping” in the
following.
This spectrum shaping process is also considered as one
of the pre-coding techniques. However, this concept can be
considered as an approach contrary to the conventional precoding techniques aiming at suppressing residual ISI at the
equalizer output in that it intentionally emphasizes ISI in the
transmitter side for eﬃcient energy transfer from a transmitter
to a receiver.
In this paper, we will utilize such clipping process more
actively to enhance spectral eﬃciency while minimizing degradation of power eﬃciency. In the proposed scheme, in addition
to the frequency components clipped according to the waterfilling process, a certain amount of spectrum components with
lower channel gain is intentionally clipped to create vacancy
in spectrum. With this process, spectral eﬃciency for a user
is enhanced. For example, when 50% of spectrum is clipped,
spectral eﬃciency for the user can be doubled. Moreover, if

Overlapped

is zero or an weighting factor for k-th spectrum component
in the transmitted signal. In this process, the receiver should
notify information about an optimum spectrum shape to the
transmitter via feedback channels.
Assuming data symbol energy is normalized as one, the
covariance matrix after spectrum shaping κu is given by

User #1
f

f

User #2
(a) Water-filling

Select alternately
high gain spectrum components
without overlapping
(Ex. 50 %)
f
f
(b) Frequency Clipping

κu

= E{Mu suf suf H MuH }
=

Energy redistribution
f

M 1s 1f

M 2s 2f

f

(3)

where E{·} and ·H denote expectaion and conjugate transpose,
respectively. Thus, the total transmitted energy Pu is given by
Pu

(c) Partial Spectrum

Fig. 1.

M2u

Process of the proposed spectrum shaping

= tr{κu }
K

m2u (k)
=

(4)

k=1

the created vacant spectrum is utilized by another user, the
system capacity can also be enhanced.
In order to clarify the eﬀectiveness, extrinsic information
transfer (EXIT) analysis [11], [12] is conducted. The analysis
provides deep understanding of the proposed strategy. Furthermore, frame error rate (FER) is evaluated by computer
simulations. Connecting EXIT analysis with FER analysis, the
cause-and-eﬀect logic of the spectrum division multiplexing
access is clarified.
The rest of this paper is organized as follows: In Section II,
the proposed spectrum shaping scheme is described. Section
III presents EXIT analysis to verify some advantages of
the proposed strategy, and FER performance is evaluated in
Section IV. Finaly, this paper is concluded in Section V.
II. Proposed Spectrum Shaping Schemes
A. Spectrum shaping module
Let us assume an uplink multi-user environment in which
U users simultaneously communicate with a base station
(BS) over single-input single-output (SISO) channels. When
transmitted spectrum for u-th user is expressed as suf , spectrum
for the received signal r f is given by
rf

=

U


f

Ξu Mu su + v f ,

(u = 1, 2, · · · , U)

(1)

u=1

where, Mu is a spectrum shaping matrix for u-th user that
determines a weight of each spectrum component including
spectrum clipping (weight = 0), and Ξu is a frequency domain
channel matrix for u-th user. v f is additive white Gaussian
noise (AWGN) vector in the frequency domain composed
by mutually independent complex Gaussian random variable
with zero mean and variance of N0 /2. The channel model
f
is described in Appendix. When Mu is multiplied by su , the
transmitted spectrum can be transformed to an arbitrary shape.
The spectrum shaping matrix Mu is given by
Mu = diag[mu (1), mu(2), · · · , mu (K)]

(2)

where diag[x] denotes diagonal matrix having elements of
vector x, K is the number of spectrum components, and mu (k)

where tr{X} denotes summation of all elements in a diagonal
matrix X. In this paper, transmitted energy per symbol E s is
given by Pu /K.
Using Eqs. (1) and (4), the received signal energy to noise
density ratio (E s /N0 ) matrix ρu is expressed as
ρu

Ξu M2u ΞuH
N0
 2
m (1)
m2 (2)
= diag u Ξu (1)Ξ∗u (1), u Ξu (2)Ξ∗u (2),
N0
N0

2
m (K)
··· , u
Ξu (K)Ξ∗u (K)
N0
=

(5)

where ·∗ denotes conjugate, and Ξu (k) is the complex channel weight in frequency domain representation at a discrete
frequency position k.
Figure 1 shows an example of the proposed spectrum
shaping process in the case of two users. In the first step,
each user independently exploits its optimum weight to be
multiplied to each spectrum component based on water-filling
theorem as shown in Fig. 1 (a). The optimum mu (k) for
maximization of tr{ρu } can be obtained using Lagrange’s
method of undetermined multipliers as

+
N0
mu (k) = ξ −
(6)
Ξu (k)ΞuH (k)
where (x)+ denotes the positive part of x otherwise zero, and
ξ is decided in power constraint given by Eq. (4).
In the second step, more number of spectrum components
having smaller mu (k) are clipped. In other words, only a
certain number of spectrum components are reserved and the
others are clipped as shown in Fig. 1 (b). In this process,
the BS alternately selects a spectrum component with higher
channel gain for each user among non-selected spectrum
components, where clipping rate for each user is assumed to be
preliminarily determined. For example, when clipping rate is
0.25, 75% of spectrum components in the assigned bandwidth
are allocated to each user. In the case of Fig. 1, clipping rate is
0.5. Due to independency of channel characteristics for each
user, user diversity eﬀect can be expected in the spectrum
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component selection process. That is, spectrum components
with relatively higher channel gain tend to be allocated to
each user. Finally, transmitted energy, which is allocated to
the clipped spectrum components, is evenly distributed to the
selected spectrum components so that total transmitted power
given by Eq. (4) is equal to preliminarily determined level. As
the result, spectrum shaping matrix Mu to be applied to each
user is obtained as shown in Fig. 1(c).
B. Transmission process
Figure 2 shows a block diagram of transmitter and receiver. In the transmitter, information data for each user is
independently encoded to construct a coded bit sequence of
length 2K, interleaved and mapped onto constellation points,
according to Gray encoding of quadrature phase shift keying
(QPSK). Consequently, the u-th user’s data symbol vector su
having data symbol length K is generated. Then an fast fourier
transform (FFT) is employed to transform the data symbol
into the original spectrum suf . After multiplying Mu and suf ,
a partially clipped transmitted spectrum χu is generated at
the spectrum shaping module. After χu is transformed back
into the time domain using an IFFT, a length P-symbol cyclic
prefix (CP) is appended to the head of the transmitted vector
to allow frequency domain discrete signal processing at the
receiver. As a result, the transmitted spectrum for each user is
multiplexed over wireless channels.
Figure 3 illustrates the signal processing at the receiver.
After CP in the frame is removed, an FFT is employed
to transform the received symbol vector r into the received
spectrum vector r f depicted in Fig. 3 (a).
Let, r f be rewritten as
U

Θu suf + v f
(7)
rf =
u=1

where Θu = Ξu Mu denotes an equivalent complex channel
matrix including the eﬀect of spectrum shaping matrix. Then,
a received spectrum ruf illustrated in Fig. 3 (b) is extracted
from r f , which is defined as
f
ru

=
=

Mu r f
[ruf (1), ruf (2), · · ·

, ruf (K)]T

(8)

Illustration on the signal processing at the receiver

where Mu denotes an K × K diagonal matrix which aims to
extract the u-th user’s partial spectrum. For example, Mu [i, i]
is one if i-th spectrum component is used, otherwise zero.
Then, FD-SC/MMSE turbo equalization is adopted to the
received partial spectrum ruf . As described in Section I, turbo
equalization is capable of suppressing ISI completely in the
case where the behavior of the iterative detection is converged.
Therefore, the original spectrum suf can be derived by using
turbo equalization as shown in Fig. 3 (c). In other words, turbo
equalization can also regenerate the clipped spectrum components. Note that any other modification of FD-SC/MMSE
algorithm is not required except that the channel matrix Ξu is
replaced by Θu .
Hereinafter, the advantage of the proposed spectrum shaping
is discussed from the standpoint of the frequency domain
MMSE filiter output. When E s is set at one, the frequency domain MMSE filter output vector zu = [zu (1), zu (2), · · · , zu (K)]T
is obtained as


f
zu = (1 + γu δu )−1 γu ŝu + FH Φu r̃u
(9)
where
Φu

=

γu

=

Δu

=

ΘuH Θu Δu ΘuH + N0 I K
1
tr {Φu Θu } ,
K
(1 − δu ) I K ,

−1

,

(10)
(11)
(12)

and
δu

=

K
1 
| ŝu (k)|2 .
K k=1

(13)

The vector r̃uf = [r̃u (1), r̃u (2), · · · , r̃u (K)]T is reﬀered to as an
interference residual vector, which is given by
r̃uf = ruf − Θu ŝuf
f

f

f

f

(14)

ŝu = [ ŝu (1), ŝu (2), · · · , ŝu (K)]T denotes an expected spectrum
vector derived by a priori log-likelihood ratio (LLR) [11] fed
back from the soft-input soft-output (SfiSfo) channel decoder
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TABLE I

Modulation

Filter Output SNR [dB] (C.D.F. = 1 %)

Simuration parameters
QPSK
Convolutional Code
Constraint length = 4
Coding rate = 1/2
64 symbols
2048 symbols
4096 bits
Random
Tx : 1, Rx : 1
20 Msymbols / sec
2dB exponentially decaying
24-path Rayleigh model
Perfect
Perfect
Freaquency domain SC/MMSE
Max-Log-MAP
w/ Jacobin logarighm

Channel coding
Cyclic prefix length : P
Data symbols length : K
Coded bit length : 2K
Interleaver
Num. of antennas
Symbol rate
Channel model
Channel estimation
Feedback
Equalizer
Decoder

14
12
10
8
6
4
2
0
-2
-4
-6
-8

w/ shaping(α = 0.25)
w/ shaping(α = 0.5)
conventional

end-point

start-point

0

2

4

6

8

10

12 14

Average Transmitted Es/N0 [dB]
Fig. 4. C.D.F. 1% of the average SNR on MMSE filter output as a function
of average transmitted E s /N0

[13], which is expressed as
ŝuf

=

Fŝu

=

F[ ŝu (1), ŝu (2), · · · , ŝu (K)]T

(15)

where
ŝu (k) =

E {su (k)} .

(16)

Note that ŝu (k) in Eq. (16) can be obtained by following Refs.
[11], [14]. Assuming that the MMSE filter output follows a
Gaussian distribution, the equalizer output can be rewritten as
zu (k) = μu su (k) + ψu

(17)

where μu and ψu denote equivalent amplitude level and zero
mean independent complex Gaussian noise with variance Nu ,
and μu and Nu are given by
μu

= (1 + γu δu )−1 γu ,

(18)

Nu

= μu − μ2u .

(19)

Therefore, the averaged signal to noise power rate (SNR) after
MMSE filtering Υu are expressed by
Υu

=
=

μ2u
Nu
μu
.
1 − μu

(20)

Let us assume the two specific cases. The first one is
the case when the turbo algorithm is successfully converged,
which corresponds to the case of δu = 1.0. The second one
is the case for the first iteration. Since there are no a priori
information, this corresponds to the case of δu = 0. The first
and second cases are hereinafter called end-point and startpoint, respectively. In these two cases, substituting the value
of δu to Eq. (18), Υu given by Eq. (20) is expressed as
Υu

=

γu

γu
1−γu

( δu = 1 : end-point)
( δu = 0 : start-point).

(21)
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Figure 4 shows that Υu at the cumulative distribution
function (C.D.F.) of one percent for both end-point and the
start-point cases as a function of average transmitted E s /N0 .
α denotes the frequency clipping rate. Parameters for this
evaluation is summarized in Tab. 1. Note that parameters for
all simulation results through this paper are based on Tab.
1. At the end-point, Υu with clipping rate α = 0.25 and
0.5 achieve higher SNR at the FD-SC/MMSE filter output
compared to the performance without the spectrum shaping.
The performances without the spectrum shaping is, hereinafter,
called the conventional. In contrast, Υu at the start-point case
becomes lower. These phenomena indicate that, although the
proposed clipping technique lowers equalizer output SNR at
the start-point due to ISI by the clipping, it is eﬀective in
enhancement of the SNR at the end-point compared to the non
spectrum shaping scheme. This tendency can be confirmed at
any value of average transmitted E s /N0 .
III. EXIT analysis
In this section, EXIT analysis is conducted to verify some
advantages of the proposed spectrum shaping. The mutual
information (MI) I between the coded bits S ∈ ±1 with
equiprobable occurrence and LLR λ is given by
I =1−

∞
−∞

pλ|S (x| + 1) log2 (1 + e−x )dx

(22)

where pλ|S (x|b) is the probability density function (PDF) of
LLR being x conditioned upon the coded bit b.
Both EXIT properties for the equalizer output and for the
SfiSfo channel decoder output are depicted in Fig. 5. The
E
E
average transmitted E s /N0 is set to 7 dB. Let IEq
and IDe
be the
MI for the equalizer output and decoder output extrinsic LLRs,
E
respectively. The SfiSfo decoder output MI IDe
is caluculated
by substituting the measured extrinsic LLR histograms to Eq.
(22).

1.0
w/ shaping(α = 0.5)
w/ shaping(α = 0.25)

Frame Error Rate

0.8

1

0.6
E

IEq

C.D.F. 1%

0.4

conventional

10-2

Convolutional Code
(Coding Rate = 1/2)

0.2
0

FDE

10-1

0

0.2

0.4

E

0.6

0.8

1.0

Fig. 5. Extrinsic information transfer characteristics of equalizer with diﬀernt
clipping rates (α = 0.25, 0.5) and the conventional at average transmitted
E s /N0 is 7 dB

E
As shown in semi-analytical calculation of IEq
in Ref. [15],
as long as the equalizer output can be regarded to be subject
E
can
to a Gaussian random process, the equalizer output MI IEq
be approximately given by the J-function [16] without LLR
measurements as following


=
≈

J

1
Υu


1

1 − 2 H1 ( Υ u )

H2

H3

w/ shaping(α=0.25)
w/ shaping(α=0.5)
conventional

10-3-2 0 2 4 6 8 10 12 14
Average Transmitted Es/N0 [dB]

IDe

E
IEq

SC/MMSE
(Num. of iter. 16)

(23)

The mapping-specific parameters are H1 = 0.3073, H2 =
0.8935 and H3 = 1.1064 that are obtained by least-squared
E
curve fitting [16]. Note that Υu depends on IDe
, and the
E
relationship is expressed as Υu = F(IDe , Θu , E s /N0 ). From
E
Eq. (23), IEq
can be determined only by Υu shown in Fig.
4. For example, when we focus the end-point with α = 0.5 at
averaged transmitted E s /N0 = 7 dB in Fig. 4, the filter output
Υu is approximately 4.5 dB. Substituting the value 4.5dB into
E
Eq. (23), the IEq
becomes 0.8. This relationship can be seen
at the end-point with α = 0.5 in the Fig 5.
A remarkable point in Fig. 5 is the MI at the equalizer output
for clipping employed cases (both α = 0.25 and 0.5) is higher
than the conventional case at the end-point, although is is lower
than the conventional at the start-point. As a result, SNR at the
SC/MMSE filter output can also be enhanced as shown in Fig.
4. The most attractive observation in Fig. 5 is that the EXIT
curves for α = 0.25 and 0.5 cross with the curve for decoder
E
≈ 1. This fact indicates that FER is negligibly low since
at IDe
almost perfect knowledge about transmitted information data
can be obtained at the decoder. From a diﬀerent perspective,
EXIT curve for the conventional intersects with curve for the
E
≈ 0.7. This means that FER is not 0 since
decoder at IDe
the perfect knowledge cannot be obtained by the iterative
detection.
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Fig. 6. FER results of the proposed spectrum shaping with FD-SC/MMSE
Turbo Equalization (Number of iterations is 16) and FDE as a function of
average transmitted E s /N0

IV. FER Performances
A. Single User Case (U = 1)
The FER performances of the proposed spectrum shaping
under single user environment (U = 1) is assessed by computer
simulation. Figure 6 shows FER performances with diﬀerent
clipping rates (α = 0.25, 0.5) and the conventional as a
function of the average transmitted E s /N0 . At the FER = 10−2 ,
both α = 0.25 and 0.5 cases achieve 2.0 dB gain compared to
the conventional. In contrast, FDE without iterative detection
deteriorates the FER performances for α = 0.25 and 0.5.
As discussed in section III, cross points of EXIT curves for
E
≈ 1 at transmitted E s /N0 = 7
α = 0.5 and 0.25 is located at IDe
E
dB although those for the conventional is located at IDe
≈
0.7. As a result, FER of the spectrum shaping introducted
scheme is lower than the conventional. In the case of FDE,
E
at the start-point since
the FER performance depends on IEq
no knowledge about transmitted information data is fed back
from the decoder. Therefore, FER performances with spectrum
shaping is getting worse with higher clipping rate.
B. Multi User Case (U = 2)
The FER performances of a spectrum division multiple
access exploiting the proposed spectrum shaping in multiuser
environment (U = 2) are shown in Fig. 7 as functions of
average transmitted E s /N0 . Frequency clipping rate is set at
α = 0.5, and performances for the conventional (U = 1)
discussed in the previous section are depicted in same figure.
As can be seen in the figure, degradation of the FER
performance caused by the multiplexing is less than 1 dB
compared to the conventional scheme although the spectral
eﬃciency in terms of bit/s/Hz for the proposed scheme is
doubled compared to the conventional scheme, because half of
the spectrum in each user is clipped. This degradation is due to
sub-optimality of spectrum shaping. As explained in section II,
the BS allocates available spectrum components for each user.

1

Frame Error Rate

FDE

10-1

-2

10

SC/MMSE
(Num. of iter. 16)
w/ multiplexing
conventional(U=1)

10-3
-2 0 2 4 6 8 10 12 14
Average Transmitted Es/N0 [dB]
Fig. 7. FER results of a spectrum division multiple access exploiting the
partial spectrum multiuser environment (U = 2) as a function of average
transmitted E s /N0

Therefore, each user cannot select optimal frequency positions.
However, 1 dB degradation can be considered to be acceptable
because spectrum eﬃciency can be doubled with only 1 dB
of power penalty. When 16QAM is applied instead of QPSK
to double spectral eﬃciency, much larger power penalty is
necessary. Thus, the proposed spectrum shaping technique is
considered to be eﬀective in enhancement of spectral eﬃciency
in SISO transmission cases.
V. Conclusions
A spectrum shaping scheme exploiting frequency clipping
for turbo equalization system has been proposed in this paper.
In the proposed scheme, the transmitted spectrum components
with lower channel gain is intentionally clipped to concentrate
transmit power on spectrum with higher channel gain, and ISI
caused by spectrum shaping in addition to the channel is compensated for using a FD-SC/MMSE turbo equalizer. Computer
simulation confirms that the proposed scheme provides high
spectrum eﬃciency with low power penalty.
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Appendix
System Model
In this paper, the channel model is assumed that uncorrelated frequency selective SISO system with U users. At the uth user’s transmitter, two independent binary coded sequences
are input to a QPSK modulator, where the I- and Q-channels
are independently modulated by two binary sequences. The
channel is comprised of L independent fading path components
that are separated in time by the symbol duration. The received
signal is sampled once per symbol. The signal received by the
received antenna can be expressed as
r =
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=

[ru (1), ru (2), · · · , ru (K)]T

(24)

where su
=
[su (1), su (2), · · · , su (K)]T and v
=
T
[v(1), v(2), · · · , v(K)] denote the u-th user’s transmitted
signal vector and the additive white Gaussian noise (AWGN)
vector, whose element v(k) is independent random Gaussian
variable with zero mean and variance N0 . F is K × K discrete
Fourier transform (DFT) matrix defined by
⎤
⎡ (0)(0)
W (0)(1)
···
W (0)(K−1) ⎥⎥
⎢⎢⎢ W
⎥⎥⎥
⎢⎢⎢ W (1)(0)
(1)(1)
(1)(K−1) ⎥
W
···
W
1 ⎢
⎥⎥⎥
F = √ ⎢⎢⎢⎢⎢
⎥⎥⎥(25)
..
..
..
..
⎥⎥⎥
⎢
.
K ⎢⎢
.
.
.
⎣ (K−1)(0)
(K−1)(1)
(K−1)(K−1) ⎦
W
··· W
W
in which W detotes a twiddle factor given by W = exp− j2π/K .
Let a P-length CP be appended to the head of the transmitted
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vector, the K × K channel matrix Hu , which is constant over
the frame, is given by
Hu

=

[h1 , h2 , · · · , hK ]

Therefore, the received spectrum vector can be expressed as
rf

(26)

=

where Hu is a circulant matrix based on a column vectors
given by
hk = [h(1), h(2), · · · , h(L − 1), 0K−L ]T .

suf

v

f

=

Fsu

=

=

suf (K)]T ,

(28)

=
=

Fv
[v f (1), v f (2), · · · , v f (K)]T .

(29)

,

U


Ξu χu + v f

u=1

= [r f (1), r f (2), · · · , r f (K)]T

(30)

where, χu denotes the shaped spectrum of u-th user, is given
by
f

[suf (1), suf (2), · · ·

Fr
U

Hu FH Mu Fsu + Fv
F
u=1

(27)

Note that 0 x denotes all-zero vector with length x.
The transmitted spectrum and noise spectrum vector is given
by

=

χu

=

f

Mu su = [χu (1), χu (2), · · · , χu (K)]T .

(31)

Moreover, Ξu denotes the K × K frequency domain channel
matrix, is given by
Ξu

=

FHu FH = diag[Ξu (1), Ξu (2), · · · , Ξu (K)] (32)

where Ξu (k) is the complex channel weight of the frequency
domain at symbol timing k.
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Abstract—Through transmitter pre-filtering, a time reversed
UWB system is capable if harnessing a multipath channel to
achieve temporal and spatial focusing. Unfortunately, large RMS
channel delay spread leads to significant intersymbol and multiuser interference. This paper presents closed-form expressions
for self and multi-user interference for a UWB system utilizing a
time-reversed approach. The influence of user multiplexing codes
is taken to account through incorporation of a ‘separation probability’, which characterizes a family of hopping sequences. The
standardized IEEE 802.15.3a channel model is applied, and the
derived performances are compared with that of a simulated time
hopped time-reversed UWB system.
Index Terms—UWB, time-reversed, pre-rake equalization, time
hopping, inter-symbol interference, multi-user interference

I. I NTRODUCTION

U

LTRA Wideband (UWB), or impulse radio, has seen
significant attention since its release for commercial
applications in early 2002 [1]. It is characterized by having
a fractional bandwidth of more than 20%, or bandwidth
occupancy greater than 500 MHz [2].
This paper is focused on an extension to time hopped UWB
(TH-UWB) [3]. Within TH-UWB, pulses transmitted are either
delayed in time (pulse position modulation (PPM)) or changed
in amplitude (pulse amplitude modulation (PAM)) for encoding data. Users are multiplexed through code division multiple
access based upon a family of orthogonal time hopping codes.
The aforementioned ‘extension’ is a channel equalization
scheme herein referred to as the ‘time reversed’ (TR) approach, which has its origins in underwater acoustics [4].
While a conventional system would operate with the transmission of sub-nanosecond width Gaussian waveforms, a TRUWB system uses the channel impulse response from the
transmitter to the receiver as a transmit pre-filter. With the
channel being estimated through the use of a pilot test signal,
a time reversed signal focuses both in time (temporal focusing) and in space (spatial focusing) at the intended receiver,
resulting in an autocorrelation of the response being received
[5].
The overlap of transmissions for consecutive symbols leads
to the effect of inter-pulse, inter-frame, and inter-symbol
interference, herein collectively referred to as inter-symbol interference (ISI). Multi-user interference presents a more severe
degradation than ISI, with large delay spreads of transmissions
causing interference by other transmitters in close proximity.

Consideration for hopping sequences is generally conducted
through partial cross correlation equations [6] or traditional
Hamming correlations [7]. This paper presents a unique approach to the sequence based performance analysis, developing a set of state probabilities for pulse separations within
a TR-UWB system, specific to a family of hopping codes.
Derivations presented are based upon core interference equations introduced in [8], adopting similar channel and system
parameters.
This paper is organized as follows: Section II outlines a
TR-UWB system, together with the channel model and BER
calculation method applied; Section III overviews the time
hopping code analysis used to account for a multi-user system,
together with closed-form solutions for the ISI and MUI
present in downlink UWB communications; and Section IV
compares the performance of derived formulas to simulated
results. Finally, Section V gives all concluding statements and
remarks.
II. S YSTEM D ESCRIPTION
A. Signal Equations
The signal s(u) (t) transmitted for the uth user in a timehopped time-reversed UWB system, with equiprobable data
(u)
bm ∈ {−1, 1} mapped through binary PPM with the time
shift ε set to equal the pulse width, is given by [9]:
!
p
∞

ET X (u) X 
(u)
(u)
(u)
w t − mTf − cm Tc − εbm
s (t) = p
GH,u;x m=−∞
⊗h(u; x, −t),
(1)

where ET X (u) is the user signal energy, w(t) is the base
transmitted waveform of width Tw seconds, m is the frame
number, GH,u;x represents the gain of the channel required
for normalization, and x is the position of the receiver. Tf is
a single frame length, which is segmented into equally spaced
intervals called ‘chips’ of duration Tc , such that Tf = Nh Tc .
(u)
cm denotes the position within the particular frame (the chip
number) that is occupied by the uth user’s signal in accordance
with a time hopping sequence. It should be noted that a
perfectly power controlled system is assumed, whereby ET X
is constant for all users. For the purpose of this paper the pulse
shape was set as the second derivative of the Gaussian pulse,
with center frequency f0 , defined as [10]:



w(t) = 1 − 2(πtf0 )2 exp −(πtf0 )2 ,
(2)
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2

with energy normalized Fourier transform of:
sp
 2
 2
32π · fo2
f
2
f
f (f ) =
p
W
exp − 2 . (3)
3
f0
π · fo2 f0

A center frequency of 3.9GHz was used, which results in a
monocycle width of Tw = 0.5ns.
If two users simultaneously occupy the same chip, a collision or ‘hit’ occurs. The characterizing parameters of these
time hopping codes are the cardinality (Nh ), which specifies
the alphabet size; and the periodicity (Np ), which indicates
the length of the code before it is repeated.
Defining the data rate as R, and the number of transmissions
per symbol Ns , the frame and chip durations can be represented as Tf = 1/(Ns R) and Tc = 1/(Nh Ns R) respectively.
The signal received is given as:
!
Nu
X
(u)
r(t) =
s (t) ⊗ h(u; x, t) + n(t).
(4)
u=1

A summation takes to account contributions of all Nu users.
It should be noted that all transmitters were assumed dispersed enough such that the channel responses from each Nu
transmitter to any receiver are independent. As such, each
convolution is calculated using the response from user u to the
desired receiver. Additive white Gaussian noise with variance
of N0 /2 is also present.
The decision variable is constructed as an inner product of
the received signal (which includes all ISI and MUI degradations) with the receiver template g(t) = w(t) − w(t − ε),
(u)
giving the estimated received data of b̂m . The (L − 1)th
path, which has the largest peak in the received signal, is
the in-phase autocorrelation peak position for the channel
response. This peak has a magnitude related to the number of
paths present within the channel. The template for free-space
propagation was applied in order to characterize a system
which is performance-equivalent to a UWB system employing
an All-RAKE receiver.
The multipath model applied is the IEEE 802.15.3a channel,
based on the SV model where multipath components arrive
in clusters [11]. For the purpose of simulation and closedform derivations, the discrete-time channel impulse response
is modeled as:
h(u; x, t) = X

L−1
X
k=0

αk δ(t − τk ),

(5)

where αk is the path magnitude, τk is the time shift, δ(t) the
Dirac delta function, and shadowing is represented by the lognormal term X. The model constitutes a segmentation of path
into ‘bins’ of time width τ (where τk = τ · k), forming a total
of L paths, each representing the energy within the bin width.
Thus the total channel width is equivalent to Lτ . The gain
of the αk coefficients is normalized to unity for√each channel
realization, and total multipath gain GH,u;x = X. A quasistationary channel is assumed, remaining time-invariant for
the transmission of a block of data, and independent between
blocks.

For the development of closed-form expressions for ISI and
MUI, defining βk = α(L−1)−k , the discrete time reversed
channel response is represented as:
h (u; x, −t) = X

L−1
X
k=0


βk δ t − Lτ − τ(L−1)−k .

(6)

B. Error Performance
For a binary PPM UWB system sending Ns transmissions
per symbol, the error probability curve is defined as [12]:
!
r

p
1
Ns · SINR
Ns · SINR ⇒ erf c
, (7)
Pre = Q
2
2

where SINR represents the signal to combined noise, ISI and
MUI ratio. In order for this equation to hold, it must be true
that all parameters of the SINR are Gaussian distributed. The
additive white noise exhibited by the system is defined as a
statistically independent zero mean Gaussian random variable
[12]. The ISI and MUI terms may be brought under the
standard Gaussian approximation provided that the number
of paths within the channel impulse responses, the number of
users (for MUI), the number of transmissions per symbol, and
the bit rate are large enough [13].
Although the received signal power, represented as PRX (u),
may arrive at the receiver, only the power in the main
autocorrelation peak is used for decoding data ((L−1)th path).
This is accounted for by an additional ratio φ, which represents
the ratio of power within the strongest path to the remaining
sidelobe power. It was obtained by taking an average over
1000 random instances of a UWB channel. The final SINR is:
φ · PRX (u)
.
(8)
SINR = 2
2
2
σAW GN + σISI
+ σM
UI
III. E QUATION D ERIVATIONS

A. Time Hopping Code Analysis
Assuming a perfectly power controlled system, where users
are transmitting at identical data rates, the distinguishing factor
for user performance is the time hopping code that is used.
Derivations in this paper are based upon a chip separation
probability Se . ISI is controlled by the separation between
consecutive elements within a time hopping sequence, while
MUI is affected by the relative separation between symbols
sent from the interfering users, and those from the desired
user.
The chip separation probability Se (A, B) defines a set
of state probabilities which indicate the probability of two
transmissions having a certain separation, based upon a family
of time hopping sequences. It is determined for a certain
separation B between elements of a hopping sequence, and
a number A of intermediate pulses transmitted by the user
over those B chips. The issue of intermediate pulses over the
separation distance is important since the RMS delay spread of
a signal may cause interference from a single transmission to
last well over an adjacent frame. However, similarity between
the separations for varying A allows Se (A, B) to be approximated by Se (0, B) for all A. For ISI, Se was determined for
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3

the variance position was made, forming the ‘time combined’
version:
s
!
E
(1)
T
X
2
σISI
= var
{Ω ⊗ h(1; x1 , t)} ,
(10)
GH,1;x1

0.1

Probability of chip separation

0.09
0.08
0.07
0.06
0.05

with:

0.04
0.03

Ω=

0.02

σ=1

0.01
0

NX
ov −1

0

5

10

15

( 2(Nh −1)
X
ς=0

Se (σ − 1, ς)
+

20

Chip separation between consecutive sequence elements

N
l −1
X

L−1
X

k=0

k=Nw

Fig. 1.

ISI chip separation probabilities for Reed-Solomon codes

individual hopping codes within a family of sequences, then
averaged; while for MUI the analysis was conducted over all
possible sequence pairs. The separation B ranges from ANh
to (A + 2)Nh − 2.
This paper focuses on Reed-Solomon time hopping codes
[14]. The ISI chip separation probabilities for this sequence
family for a cardinality of Nh = 11, no intermediary pulses
(A = 0), and separation ranging from 0 to 2Nh − 2 is given
in Fig. 1. These probabilities were determined through a brute
force analysis of all codes within a given family of sequences,
and then averaged for each B.
B. Closed-Form ISI Variance
Intersymbol interference occurs in communications due to
an overlap of transmissions as seen at the receiver side. The
following derivation of a closed-form representation of ISI
within a TR-UWB system is based upon Eq. (16) within [8].
The base expression for inter-symbol interference is:
(Nov −1) 2(Nh −1)
2
σISI
=

X

σ=1

X

(χσ,ς,ξ + χσ,ς,ψ ),

ς=0

where:
χσ,ς,ν = Se (σ−1, ς) · var h(1; x1 , t) ⊗
ξ=

ψ=

Nw =

ET X (1)
·ν
GH,1;x1

βk+1 w(t − τk−Nw ),

N
l −1
X

βk+1 w(t − τk+Nw ),

k=0

and:

"s

L−1
X

k=Nw



(9)

#!

,

βk w(t − τk )

βk w(t − τk )

!)

(11)

representing the summation of all interfering partial signals,
together with their respective separation probabilities. This
was achieved through the a multiplier of Lτ /Tf , which is
equivalent to the energy normalization required in (9) to adjust
for changing data rate and channel delay spread. It should
be noted that the multiplier also takes into consideration the
movement of the separation probability.
For brevity, as this ISI derivation is concentrated on a single
user scenario, user number u = 1 and receiver position x1 are
omitted.
Under the assumption that the separation probability is static
over σ, the summation over k may be conducted before the
summation over σ. Noting the inverse relationship between σ
and k through Nl , applying this conversion removes dependence of βk and αk terms on σ, yielding:
(
2(Nh −1)
L−1

X 
X
Ω=
βk w(t − τk ) + αk w(t − τL−1−k )
Se (0, ς)
ς=0

k=0

)
(L − 1 − k)τ − (ς + 1)Tc
,
×
Tf
(12)

with, ⌊(Lτ − (ς + 1)Tc ) /τ ⌋ ≈ L−1. This assumption is valid
provided that Nh ≪ L, as max{ς} is controlled by Nh .
The parameter Ω can be further simplified by considering
the summation of both αk and βk for all k ∈ [0, L − 1].
Summing like terms results in a constant coefficient for all k
over αk , equal to ((L − 1)τ − 2(ς + 1)Tc ) /Tf . Hence the ISI
formula (10) can be reduced to:
2
σISI
=

ET X
· SΞ · VACF ,
GH

(13)

where,


2(Nh −1)

SΞ = 



(σ − 1)Tf + (ς + 1)Tc
,
τ

X
ς=0

2
(L − 1)τ − 2(ς + 1)Tc 
Se (0, ς) ·
,
Tf

VACF = var {[h(−t) ⊗ w(t) ⊗ h(t)]} ,

Nl = L − Nw ,
 
Lτ
Nov =
.
Tf
Equation (9) relies on a symbol based approach to evaluate
the ISI variance. In order to aid in derivations, a shift of

with VACF defining the variance of the autocorrelation of
the channel impulse response convoluted with the base waveform w(t). It can be represented through the use of Fourier
transforms, after applying convolutional and autocorrelation
properties presented in [12], as:
n
o
f (f ) · |H(f )|2 ,
VACF = var W
(14)
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where Parseval’s Theorem equates the energy over time and
f (f ) and H(f ) refer to the Fourier
frequency domains. Here, W
transforms of the energy normalized base waveform, as in Eq.
(3), and the channel response respectively.
For the purpose of this paper, h(t) was estimated through
the use of a single exponential function e(t). Since the discrete
version of the channel response is used, this exponential
was sampled through the use of the Shah function [15].
Together with a substitution of (3), the autocorrelation variance
transforms to:
(   2
r
2
− f2
4
f
32
·
·
var
e f0
VACF =
4
π 3fo τbin
f0

 2)
∞
X
i
.
(15)
E f−
·
τbin
i=−∞
with E(f ) representing the Fourier transform of e(t), and the
Shah function acting as a replicator of E(f ) over the frequency
domain.
Under the assumption that E(f ) has a bandwidth lower than
1/τbin , which is valid for an exponential e(t), the argument of
the variance can be determined by assuming a constant value
for the base waveform’s frequency response over each 1/τbin
width, as shown in Fig. 2. Here, a zero-order hold filtering has
been applied as:




∞
X
i
f − iFbin
f
W
W (f ) =
·Π
,
(16)
τbin
Fbin
i=−∞

estimate on the ISI variance of a time-reversed UWB system
is defined as:
ET X
2
· SΞ · K · Ψ,
(18)
σISI
=
GH
where,

2
2(Nh −1)
X
(L
−
1)τ
−
2(ς
+
1)T
c 
Se (0, ς) ·
SΞ = 
,
T
f
ς=0
r
4
1
1
32
K =
·
·
·
,
4
π 3fo τbin Lτbin Tw fc
2 X

⌈fmax τbin ⌉
X
i
4
f
·
|E(f )| .
Ψ =
W
τbin

The final requirement is the calculation of the 4th moment
of the channel envelope estimation E(f ). Although the power
distribution of a UWB channel model is more complex, e(t)
is taken as a single exponential function for simplification of
calculations. Its time and frequency domain expressions are
[12]:
2Aa
Ae−a|t| ⇔ 2
.
(19)
a + 4π 2 f 2
C. Closed-Form MUI Variance

1) In-Phase MUI: In-Phase MUI encompasses the portion
of interference from users in close proximity that occurs within
the same time frame as the transmission from the desired user.
The main technique to combat this form of degradation is the
use of time hopping codes employed to arrange users such
that minimal same-frame interference is caused.
The In-Phase component covers MUI over the 2Nh − 1
possible chip separations between the desired and interfering
user transmissions. Derivation of its variance requires the
application of the MUI sequence analysis outlined in Section
III-A.
The derivation presented next is based upon Eq. (17) within
[8]. The base expression for the In-Phase MUI from a single
user is:
2
σInP
haseM U I =

f

4

|E(f )| ·

1
1
·
Tν Tw fc

NX
h −1

χΦ,ψ ,

(20)

Φ=1

χΦ,ν = Se (0, Φ + (Nh − 1) + 1) · var h(u; x1 , t)
⊗

(17)

where fmax is the single side frequency over which the
f (f ) exists. The final two terms
majority of the energy within W
are required to determine the power spectral density variance,
with Tν ≈ (2Lτbin + Tw ) representing the time width of the
signal VACF , and the final multiplication normalizes based
upon the pulse width and sampling frequency. Thus, the final

χΦ,ξ +

where:

i=−⌈fmax τbin ⌉

X

0
X

Φ=−(Nh −1)

with Fbin as the reciprocal of τbin , and Π(f ) the rectangular
function. This reduces VACF to:
r
2

⌈fmax τbin ⌉
X
32
4
i
f
·
·
W
VACF =
4
π 3fo τbin
τbin
·

f

i=−⌈fmax τbin ⌉

ξ=

L−1
P

k=Nw(In)
Nl(In) −1

ψ=

P

k=0

with:
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"s

ET X (u)
·ν
GH,u;x1

βk+1 w(t − τk−Nw(In) ),
βk+1 w(t − τk+Nw(In) ),

Nw(In) = ⌈|Φ| · Tc /τ ⌉ ,
Nl(In) = L − Nw(In) ,

#!

,

5

Equation (20) estimates the variance through the combination of all partial signals ν which could interfere within the
same frame as the desired user’s symbol, multiplied by their
corresponding separation probability.
In order to obtain a simple solution to this expression, it is
assumed that the channel delay spread is significantly larger
than the maximum separation (2Nh −1), such that each partial
signal ν can be assumed by an entire channel response. This
approximation becomes more valid as the data rate and Ns
values are increased. The variance can thus be written as:
2
σInP
haseM U I ≈

NX
h −1

Φ=−(Nh −1)

Se (0, Φ + (Nh − 1) + 1)

·var h(u; x1 , t) ⊗

"s

ET X (u)
·υ
GH,u;x1

#!

. (21)

With known channel delay spread (Lτ ) and gain (GH,u;x1 ),
the convolution with the propagation channel can be omitted.
The disadvantage however is that the structure of the channel
is not taken into account. Assuming that a correlation of a
time reversed signal with a propagation channel (of equal
length) doubles the signal vector length, and noting that ν
has normalized energy, (21) can be simplified to:
2
σInP
haseM U I =
NX
h −1

·

ET X (u)·GH,u;x1
Se (0, Φ+(Nh −1)+1) · fc /(Lτ fc − 1)/2

ET X (u) · GH,u;x1
,
≈
2Lτ

(22)

where the sum of all separation probabilities is equal to unit
probability. Note the final result requires a multiplication by
the number of interfering users.
2) Out-Phase MUI: Out-Phase MUI considers interference
caused by nearby users which originate from frames adjacent
to the current frame of the desired user. With the high data
rates required by emerging UWB applications, this form of
interference poses a higher severity than In-Phase MUI.
The variance of this degradation is calculated by summing
all partial transmissions which overlap into the desired user’s
symbol. This summation is conducted over all overlapping
time frames (σ), also over all possible separations (ς) between
the interfering signal and desired signal, taking into consideration the separation probability. The expression for the OutPhase MUI by a single user is given by Eq. (18) in [8] as:
(Nov −1) 2(Nh −1)

=

X

σ=1

X

(χσ,ς,ξ + χσ,ς,ψ ),

(23)

ς=0

where:
i

hq
ET X (u)
,
χσ,ς,ν = Se (0, ς) · var h(u; x1 , t) ⊗
GH,u;x1 · ν
L−1
P
ξ=
βk+1 w(t − τk−Nw(Out) ),
k=Nw(Out)
Nl(Out) −1

ψ=

P

k=0

Nl(Out) = L − Nw(Out) ,
The similarity between the Out-Phase MUI and ISI equations is evident, although here the user number u 6= 1.
An alternate approach to the ISI derivation was applied for
the Out-Phase MUI however, calculating the variance of the
overlapping signals.
The initial simplification is the assumption that interference
that originates from frames before the current transmission and
that which will interfere in subsequent frames are independent.
Also, as in In-Phase MUI, the convolution has been removed,
which once again requires a division by 2 due to the halving
of the output length. For brevity, constant energy/gain multiplications have been omitted, assuming normalized channels.
Neglecting the time shifting on τ , as variance is independent of
time position, and using the relationship that βk = α(L−1)−k ,
(23) simplifies to:
2
σOutP
haseM U I =

where:

βk+1 w(t − τk+Nw(Out) ),

 

NX
ov −1

Υ=

Φ=−(Nh −1)

2
σOutP
haseM U I

Nw(Out)


(σ − 1)Tf + (ς + 1) Tc
,
=
τ


σ=1

1
2

2(Nh −1)

X

Se (0, ς) Υ,



Nl(Out) −1

var

X

k=0

(24)

ς=0

[βk+1 w(t−τk )+αk+1 w(t−τL−1−k )].

Encompassing the summation over σ into the variance is not
feasible due to correlation of the signals existing in different
frames. In order to remove this correlation, an additional time
shift of twice the channel delay spread may be introduced,
otherwise the correlation between the variables within the var
function must be considered. Taking the summation over k to
produce a single independent signal, correlation exists for the
Nov − 1 signals, herein referred to as vσ , when summed over
σ. This is accounted for by subtracting twice the covariance
between all Nov − 1 signals, defined as Θ. Expressing (24) as:
!
2(Nh −1)
NX
ov −1
X
1
2
Se (0, ς) · Nov · var
vσ ,
σOutP
haseM U I =
2 ς=0
σ=1
(25)
the covariance between the dependent signals is:
Θ=

NX
ov −1
ov −1 NX

cov[νσ1 , νσ2 ].

(26)

σ1 =1 σ2 =1
σ2 6=σ1

Conceptually, it can be seen that the Nov − 1 signals being
correlated are replicas of the time reversed channel impulse
response, with portions attenuated or nulled. For example, at
Nl(Out) = L/2, the summation over k magnifies βk from
τ0 to τL/2−1 , and αk values from τL−1 to τL/2−1 . Together
these form the complete time reversed response. Through
examination of the covariance of the partial signals, it was
determined that Θ is equal to the summation of the signal
energy of all partial responses with Nl(Out) < L/2, together
with the variance of the entire channel multiplied by a factor
θhf . Assuming the channel is zero mean, this variance reduces
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6

to the calculation of the gain of the normalized channel, which
by definition is unity. Hence Θ may be expressed as:



N
NX
l −1
ov −1

X

1 
2
2
 + θhf ,
αl+1
+ βl+1
Θ=

2Lτ 
ξ=⌊Nov /2⌋+1 l=0

θhf =

(27)

NovP
/2−2



(Nov /2 − j − 1), Nov even
 (Nov − 2) + 4
j=1






4

⌈NovP
/2⌉−2
j=1

(⌈Nov /2⌉ − j − 1) , Nov odd

Here, Θ was estimated based only upon the interference
at ς = Nh − 1, as this is the median level of interference
that the system will face over the 2Nh − 1 possible chip
separations. Also, the normalized base waveform was omitted
for simplification, rather focusing on the summation of path
gains and accounting for the change in signal lengths through
the 2Lτ division.
The order of summation over σ and k can now be exchanged
as in the ISI derivation, giving:
2(Nh −1)
1 X
2
Se (0,ς)·var
σOutP haseM U I =
2 ς=0

((L−1)−k)τ −(ς+1)Tc
Tf

L−1
X
k=0

X

+1

σ=1

!

[βk+1 w(t−τk ) + αk+1 w(t−τL−1−k )] −2Θ.
(28)
As the αk and βk terms are independent of σ, the expression can be simplified to obtain a constant multiplier of
⌈([(L − 1) − k] τ − [ς + 1] Tc ) /Tf ⌉ over all k.
Similar to the ISI derivation, (28) can be reduced by
observing that the summation over k adds two instance
of each αk value, each with a multiplier taking the value
of either ([L − 1 − k] τ − [ς + 1] Tc ) /Tf + 1/2 or that of
(kτ − [ς + 1] Tc ) /Tf + 1/2, where it is assumed that the
ceil operation will on average add 1/2 to the fraction. The
summation of these weights results in a constant multiplier
over k, giving the final expression:
( 2(Nh −1)
X
1
2
Se (0, ς)
σOutP haseM U I = G · ET X
2
ς=0
!

2 )
(L − 1)τ − 2(ς + 1)Tc
·
+1
var (h(t)) − 2Θ ,
Tf
(29)
where convolution with the energy normalized independent
base waveform w(t) has been ignored.
In order to remove all dependence on individual path magnitudes (αk , βk ), it is observed that the covariance summation Θ
in (27) consists of a summation of all channel path amplitudes.
Paths closer to l = {0, L − 1} are summed more times than
those at l = L/2. Analysis shows that the double summation
within Θ results in the square of all path amplitudes multiplied
by an envelope which consists of 2(⌈Nov /2⌉ − 1) discontinuities, with Nov increments of step width Tf /τ paths. It can be

described mathematically as:
 


Nov
X
Nov
t − Tf /τ
e
·
−i ,
Π
Θ(t) =
Tf /τ
2
i=1

(30)

reducing (27) to:

o
1 nh 2 e i
h (t)Θ(t) + θhf .
(31)
2Lτ
As in the ISI derivation, a MMSE exponential estimation
was adopted to replicate the structure of the channel response
within the Out-Phase MUI. The MMSE estimation of h(t) was
used as in Section III-B, with an alternate estimation developed
for h2 (t).
It should be noted that the final expression for the multi-user
2
interference from a single interferer (σOutP
haseM U I ) must
be multiplied by the total number of interferers: M U I =
M U I(Single User) · (Nu − 1). Also, and in the ISI derivation, a
normalization by Lτ /Tf is required. However this multiplier
includes the movement of the separation probability between
(9) and (10),p
which must be compensated here by a multiplication by 1/ mean(Se (0, ς)), ∀ς.
Θ=

IV. C OMPARISON OF S IMULATED AND E STIMATED
R ESULTS

A TR-UWB simulation was adapted from a time hopped
PPM UWB simulation by Di Benedetto and Giancola [16].
CM1 in the IEEE 802.15.3a model was tested, which requires
a ratio of φ ≈ 0.566 for Eq. (8). The cardinality and periodicity
of each time hopping code were set to 11, with a pulse width of
0.5ns, and a data encoding shift of 0.5ns. The bin width τ was
set to 1ns and transmit power to 1mW . The parameters for the
exponential estimation of (19) were calculated as A = 0.2858,
a = 7.1 × 107 for h(t), and A = 0.122, a = 1.3 × 108 for
h2 (t).
Comparative results for the ISI derivation of Section III-B,
using Reed-Solomon time hopping, for simulation (‘Sim’) and
variance derivation (‘Equ’) are shown in Fig. 3(a) and Fig.
3(b), for an Ns of 5 and 10 respectively. Tests were conducted
for data rates of 15, 50 and 100M bit/s. It can be observed
that for all data rates tested, the derived error curve closely
traces the simulated performance. As expected, an increase in
the data rate, which has a proportional decrease in the frame
width Tf , significantly degrades the performance.
Alignment between the formulated MUI performance of
Section III-C and simulated results was also evident. Applying
Reed-Solomon coding, tests were run for a 10 user scenario
at 15M bit/s, Ns = 10, and 30M bit/s, Ns = 10, shown in
Fig. 4(a). Performance analysis for a system supporting 5 users
was also tested, shown in Fig. 4(b), at a data rate of 30M bit/s
and Ns = 5. All plots reflect the ‘maximum’, ‘minimum’, and
‘average’ performance of the simulated system, together with
the formulated performance curve.
In both the ISI and MUI scenarios, an over-approximation
develops for the formulated performance as the level of interference increases. This results due to approximations made
in the derivation process, although the estimated curve always
remains within close proximity to simulated results, generally
within a decade of the simulated performance.
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Fig. 3. ISI BER curves with Reed-Solomon coding for (a) Ns = 5 (b)
Ns = 10

Fig. 4. MUI BER curves with Reed-Solomon coding for (a) 10 users at
30M bit/s, Ns = 10 and 15M bit/s, Ns = 10 (b) 5 users at 30M bit,
Ns = 5

V. C ONCLUSION
In this paper, we have developed closed-form expressions
for the ISI and MUI within a time-reversed UWB system.
A ‘separation probability’ parameter was applied for user
multiplexing. Comparative results indicate a close alignment
between simulated and derived error performance. A slight
over-approximation is apparent due to simplification measures
applied, although always remaining within close estimation.
Future work that can be conducted in this field includes
studying the effects of non-perfect power controlled systems
on multi-access performance in a time-reversed UWB architecture.
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Abstract— This paper introduces the concept of equivalent
channel for mutual information performance analysis of multiplesymbol differential MPSK (M -phase shift keying) over timecorrelated, time-varying flat-fading communication channels. It is
proven that differential detection scheme theoretically preserves
the channel information capacity when the observation interval
approaches infinity. A state space approach is used to model
time correlation of time varying channel phase. It is shown
that the differential decoding implicitly uses a sequence of
innovations of the channel process time correlation and this
sequence is essentially uncorrelated (i.i.d). It enables utilization
of multiple-symbol differential detection, as a form of blockby-block maximum likelihood sequence detection for capacity
achieving mutual information performance.

I. I NTRODUCTION
Background and Motivation - This paper uses a modelbased, state-space approach for mutual information performance analysis of multiple-symbol differential detection over
time-correlated, time-varying communication channels. In order to calculate the information capacity of the differential
encoding/decoding scheme, this paper defines an equivalent
FSM (finite-state Markov) structure, which is based on the
state-space finite-state channel model and analytical expressions for the differential encoder and decoder.
The differential detection creates dependency between consecutive receiver outputs [1], providing possibility to use the
correlation between the phase distortion experienced by different transmitted PSK symbols. Conventional symbol-by-symbol
differential detection suffers from a performance penalty (additional required SNR at a given bit error rate [2]) when
compared to ideal (perfect carrier phase reference) coherent
detection [1]. However multiple-symbol differential detection
[2]–[4] exploits the phase distortion correlation by using a
sequence of N + 1 samples to detect jointly N transmitted
symbols. In [5] it is shown that, assuming a constant channel
phase, there is no a fundamental advantage, in terms of
the achievable information rates, of using multiple-symbol
differential PSK or coherent PSK.
Motivated by the rather encouraging performance of the
multiple-symbol differential detection over the additive white
Gaussian noise (AWGN) channel [2], [3], [5], error perfor-

mance of multiple-symbol differential detection of PSK signaling over time-correlated, time-varying flat-fading Rayleigh
channels is considered in [6], [7]. However, when analyzing
differential detection over time-varying flat-fading channels,
the literature limits attention to two extreme cases of modeling,
either assuming fading channel gain time variations are not
correlated, representing the most rapidly time-varying case [4],
or the time-variations are sufficiently slow that they are
virtually time-invariant over the observation interval as in the
block fading case [4], [8]. While independent fading model
underestimates the channel information capacity, the block
model does not enable an analysis of channel process time
correlation effects upon the mutual information performance.
In addition, given an infinitely long block, the block-model
degenerates to the time invariant channel and, hence, an overall information capacity analysis when observation interval
approaches infinity does not make sense. Thus, in order to
analyze mutual information performance related to channel
process time correlation, one needs more realistic models
which capture the time-varying channel time correlation properties.
This paper introduces and implements an autoregressive
(AR) state space model which is superior in modeling the
time correlation properties of time-varying fading channels
than either the independent fading model or the block fading
model, commonly find in the literature.
Contributons 1) The concept of equivalent FSM channel is introduced
which enables capacity analysis of multiple-symbol
differential MPSK (M -phase shift keying) over timecorrelated, time-varying communication channels.
2) It is proven that the multiple-symbol differential detection
theoretically preserves the channel information capacity
when the observation time approaches infinity.
3) Simulation analysis confirms theoretical findings by
showing that multiple-symbol differential ML detection
of BPSK and QPSK practically achieves the channel
information capacity with observation times only on the
order of a few symbol intervals.
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II. S IGNAL M ODEL
If a flat fading process is slow enough, so that it is
essentially constant over symbol intervals, the kth matched
filter output at the receiver side, for MPSK transmission, can
be represented as [1]
rk = gk uk + nk

(1)

where rk is the received signal, gk is a correlated channel
fading process, uk is the transmitted MPSK signal and nk is
an i.i.d. complex-valued Gaussian noise process (AWGN). The
information symbol xk takes values in {0, 1, . . . , M −1} and
is mapped to the transmitted MPSK signal as
p
(2)
uk , Es exp(j2πxk /M )
where Es is the energy per symbol. In general, the actual
realization of flat-fading gain gk in (1)
gk , Xk + jYk = ak exp(jθk )

(3)

is unknown to the receiver a priori. ak and θk denote the
channel amplitude and phase, respectively. This leads to a
statistical characterization of the fading channel.

phase and based on (1), (2) and (3), the state-space channel
model becomes
yk = sk ⊕ xk ⊕ vk
sk = sk−1 ⊕ ηk

where yk is the received signal phase, ηk is an M -ary
i.i.d. process noise, ⊕ and ª are modulo-M addition and
subtraction, respectively and vk is M -ary phase noise.
The channel state law for each particular channel state
i ∈ {0, 1, . . . , M − 1}, is modeled as an M -ary symmetric
channel. For a given channel state sk = i at the time instant
k, crossover probabilities pn,m (i), that yk = m is received if
xk = n is sent, n, m ∈ {0, 1, . . . , M − 1}, is given by
pn,m (i) = p(yk = m|xk = n, sk = i)
= p(i ⊕ vk = n ª m) = p(vk = n ª m ª i)

where θk and sk ∈ {0, 1, . . . , M − 1} are channel phase and
corresponding channel state, at time instant k, respectively.
Assuming an AR(1) M -state M -ary symmetric Markov
model for time correlated, time-varying flat-fading channel

(6)

Thereby, (6) is determined by probabilities p(vk = i), i ∈
{0, 1, . . . , M − 1}, which depend on statistical model used
for the channel gain amplitude ak in (3).
Statistics of process noise {ηk } is determined by state
transition probabilities of channel phase state process (4) as
qi,j = p(sk = j|sk−1 = i)
ZZ
=M
f (θk , θk−1 ) dθk dθk−1

III. S TATE S PACE T IME - VARYING C HANNEL P HASE M ODEL
In order to use more realistic models, which are more consistent with real propagation conditions than independent or
block fading models, our mutual information analysis assumes
an autoregressive finite-state Markov model to capture the
correlated nature of the time variations of θk . This provides the
following advantages: 1) simplification; 2) ease of computer
modeling; 3) a simplified algebraic description of the channel
phase dynamics; but most importantly 4) the model falls in
a class for which one can facilitate the use of the forwardbackward algorithm enabling significant information theoretic
results to be brought to bare on the problem.
For the amplitude, ak , we assume it is an independent
(uncorrelated) time-varying fading channel amplitude process. Our approach is supported by the BER performance
analysis in [9] and mutual information performance in [10]
which show that PSK receivers which rely on a simple
MMSE symbol-by-symbol amplitude estimation combined
with forward-backward phase estimation on the finite-state
Markov phase model, perform only slightly worse then having
perfect amplitude knowledge (amplitude CSI) at the receiver.
The time-varying flat-fading channel phase is partitioned
into M equiprobable, non-overlapping intervals. Each partition
corresponds to an FSM channel state which can be identified
with m ∈ {0, 1, . . . , M − 1} as follows [9]
h 2πm − π 2πm + π ´
θk ∈ Ω(m) ,
,
⇐⇒ sk = m, (4)
M
M

(5a)
(5b)

(7)

Ω(i)×Ω(j)

The term f (θk , θk−1 ) in (7) is the probability density function
of flat-fading channel phase at consecutive time instants k and
k − 1, which depends on statistical model used for the channel
gain phase in θk (3).
It is important to notice that the time-varying channel phase
state process (5b) introduces channel phase correlation into the
signal phase observation process (5a).
IV. D IFFERENTIAL ENCODING AND DETECTION
Differential encoding of M -ary sequence xk is given by
xk = bk ⊕ xk−1 ,

k = 1, 2, 3 , . . .

(8)

where bk is kth raw information symbol and x0 is the reference
symbol.
The differentially encoded sequence xk (8) is transmitted
over the M -state, M -ary symmetric channel, given by the
state-space model (5a), (5b). Differential decoding of the
received signal phase yk is performed as follows:
dk = yk ª yk−1
= [sk−1 ⊕ ηk ⊕ bk ⊕ xk−1 ⊕ vk ]
ª [sk−1 ⊕ xk−1 ⊕ vk−1 ]
= bk ⊕ vk ª vk−1 ⊕ ηk = bk ⊕ εk ⊕ ηk

(9)

Although the channel phase process is assumed to be
correlated (5b), sequence dk from (9) is determined by the
innovation ηk = sk − sk−1 of the channel process (5b), which
is essentially i.i.d. (uncorrelated). It enables the adoption of
multiple-symbol differential detection for the case of time
uncorrelated channels, which exploits the phase distortion
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correlation from the sequence εk = vk − vk−1 , by using a
sequence of N + 1 samples to detect jointly N transmitted
symbols.
V. Equivalent FSM CHANNEL
In order to analyze mutual information performance of the
differential encoding/detection scheme, we define an equivalent FSM channel for a cascade which consists of the
differential encoder (8), M -state M -ary symmetric channel
and differential decoder (9). The equivalent FSM structure is
based on the state-space model (5a), (5b) for M -state, M -ary
symmetric channel and expression (9).
(e)
The equivalent channel state at time instant k, sk can be
defined as

For a stationary stochastic process ZN [12]
1
H(Z N ) = lim H(ZN |Z N −1 )
N →∞
N

lim

N →∞

(14)

By the chain rule [12],
(Z N ) =

N
X

H(Zi |Z i−1 )

(15)

i=1

and
lim H(ZN |Z N −1 ) = lim

N →∞

N →∞

¡
¢
H(Z N ) − H(Z N −1 ) (16)

sk = ci,j = [vk = i, vk−1 = j],

Combining (14) and (16), expression (12) becomes
¡
¢
C = log2 M − lim H(Z N +1 ) − H(Z N )

(17)

where i, j ∈ {0, 1, . . . , M −1}, with a total number of M 2
states. The transition structure of the equivalent FSM channel
is given by

Similarly, (13) can be expressed
¡
N
N −1 ¢
)
C (e) = log2 M − lim H(Z (e) ) − H(Z (e)

(18)

(e)

(e)

N →∞

N →∞

Lemma 1 in Appendix I proves that
(e)
q(M ·i+j),(M ·m+n)

=
=

(e)
p(sk

½

=

(e)
(e)
cm,n
|sk−1

=

(e)
ci,j )

p(vk = m) for i = n
0
otherwise

N

H(Z N +1 ) = log2 M + H(Z (e) ).
(10)

where i, j, m, n ∈ {0, 1, . . . , M − 1}.
The transition structure (10) (and its memory) is not determined by the original channel phase process correlation, but
by the phase noise sequence distribution p(vk = m).
Additionally, the equivalent FSM channel state law
(e)

(e)

(e)

p(e)
m,n (ci,j ) = p(dk = n|bk = m, sk = ci,j )
= p(ηk = n ª m ª i ⊕ j)

(11)

is determined by the distribution of innovation ηk = sk −sk−1
of the phase process of the original channel.
Theorem 1: The information capacity of the equivalent
FSM channel is equal to the information capacity of the original M -state, M -ary symmetric channel i.e., the differential
encoding/detection scheme is information lossless.
Proof: The M -state M -ary symmetric channel is uniformly
symmetric, variable noise channel [11] and assuming an input
distributions p(X) that is uniform i.i.d., the channel information capacity is given by [11]
1
H(Z N +1 )
N →∞ N + 1

C = log2 M − lim

(12)

Similarly, the equivalent channel is uniformly symmetric,
variable noise channel and the channel information capacity
is
N
1
H(Z (e) )
(13)
C (e) = log2 M − lim
N →∞ N
for an input distribution p(B), that is uniform i.i.d. Z in (12)
and Z (e) in (13) are error functions [11], for the original and
equivalent channel, respectively and i, j ∈ {0, 1, . . . , M −1}.
H(·) is the entropy function [12].

(19)

Consequently,
N

H(Z N +1 ) − H(Z N ) = H(Z (e) ) − H(Z (e)

N −1

)

(20)

(e)

Thus, C = C .

Due to existence of the symbol x0 , serving as a reference
for the differential codec, N -symbol observation interval for
the M -state, M -ary symmetric channel implicitly assumes a
N + 1-symbol observation interval for differential detection
and the equivalent channel. However, the reference symbol x0
represents a negligible amount of information for the actual
information transfer.
The above result means there is a potential fundamental
advantage of using multiple-symbol differential detection over
coherent detection for time-correlated, time-varying communication channels in the presence of channel noise. Although
explicit or implicit (blind) channel estimation methods for
coherent detection exploit the time-varying channel process
correlation (memory) to improve channel estimation, coherent
detection may not be optimal (in terms of achievable mutual
information rate) in the presence of channel noise [13]. The
reason is that the time varying channel process is not completely observable in the presence of channel noise [14].
VI. S IMULATION ANALYSIS
Here we provide performance analysis of the maximum mutual information rate versus the average received SNR per bit,
γb , for N -symbol differential detection of BPSK and QPSK.
Probabilities p(vk = i) in (5b) (which determines the channel
state law (6)), the probability density function f (θk , θk−1 ) in
(7) (which determines the state transition probabilities (7)) and
γb = 2σ 2 Eb /N0 are calculated assuming Clarke’s model [15]
for the fading channel gain (3) with normalized fading power
2σ 2 = 1.
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is approached with observation times only on the order of a
few symbol intervals.

Mutual Information Performance for Differential BPSK
1
DBPSK
Normalzed fading rate: fDTS=0.001

(e)

Mutual information rate C N [bits/chan.use]

0.9
0.8

A PPENDIX I

0.7
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Lemma 1:

1

0.5
2

N

H(Z N +1 ) = H(Z (e) ) + log2 M

0.4
3

(22)

0.3
4
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3 − N=3−symbol diff. detection
4 − N=5−symbol diff. detection

0.2
0.1
0

0

4
8
12
γb[dB] − average received SNR per bit

16

Proof: Due to constellation and channel state symmetry of
the M -state M -ary symmetric channel one can denote pm ,
pi,j and qm , qi,j for |j − i| = m. By using expressions
(11) and (10), the distribution of the error function sequence
N
Z (e) of the equivalent channel, after N time instants can be
expressed

(e)

Fig. 1. Mutual information rate CN (21) for symbol-by-symbol and N symbol differential BPSK

N

p(Z (e) )
=

Mutual Information Performance for Differential QPSK

N

(e)

(e)

(e)

(e)

p(Z (e) |s0 = ci,j )p(s0 = ci,j )

i=0 j=0
M
−1M
−1M
−1M
−1
X
X
X
X

DQPSK

1.6

i=0 j=0 k=0 `=0

fDTS=0.001

M
−1
X

1.2

=

1

pi

i=0

1

0.8

N (e)
(e) ¤
(e) (e)
p(Z (e) , sN = ck,` |s0 = ci,j ) pi · pj

£

=

Normalzed fading rate:
1.4

N

Mutual information rate C(e) [bits/chan.use]

1.8

M
−1 M
−1
X
X

−1 M
−1
X
£M
£X
N (e)
(e) ¤¤
(e) (e)
p(Z (e) , sN =ck,` |s0 = ci,0 )
k=0

(23)

`=0

2

where the last equality follows from the fact that the transition
(e)
(e)
(e)
from the initial channel state s0 = ci,j = ci,0 does not
PM −1
depend on j by (10) and j=0 pj = 1. Furthermore, applying
probability balancing, one can find

3

0.6
4

Channel information capacity
1 − Symbol−by−symbol diff.detection
2 − N=2−symbol diff. detection
3 − N=3−symbol diff. detection
4 − N=6−symbol diff. detection

0.4
0.2

0

4
8
12
γb[dB] − average received SNR per bit

(e)

(e)

Fig. 2. Mutual information rate CN (21) for symbol-by-symbol and N symbol differential QPSK

(e)

p(s0 = ci,j ) = pi · pj .

16

(24)

PM −1
(e) (e)
(e) N (e)
However, expression
, sN = ck,` |s0 =
`=0 p(Z
(e)
ci,0 ) in (23), can be calculated by using backward recursion.
The recursion starts

(e)

The maximum mutual information rate CN , for N -symbol,
multiple-symbol differential MPSK is calculated as
(e)

CN = log2 M −

N
1
H(Z (e) )
N

(21)

M
−1
X

N

`=0
M
−1
X

=

(e) N

In order to calculate the entropy H(Z
), the distribution
N (e)
p(Z (e) |s0 ) is calculated recursively by using backward
iterative procedure formulated in [16].
(e)
Fig. 1 and Fig. 2 depict the mutual information rate CN (21)
over average received SNR per bit, γb , for symbol-by-symbol
and N = 2, 3, 4-symbol differential BPSK (M=2) and QPSK
(M=4), respectively, for normalized fading rate fD Ts = 0.001.
It is shown that practically, the channel information capacity
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=

(e)

(e)

p(Z (e) , sN = ck,` |s0 = ci,0 )
(e)

p(ZN , Z (e)

`=0
M
−1 M
−1 M
−1
X
X
X

p(Z (e)

`=0 n=0 t=0
(e) (e)
· p(ZN |sN =
M
−1
X

= pk ·

`=0

N −1

(e)

(e)

(e)

(e)

, sN = ck,` |s0 = ci,0 )
N −1

(e)

(e)

(e)

(e)

(e)

, sN −1 = cn,t |s0 = ci,0 )

(e)

(e)

ck,` ) · p(ck,` |cn,t )
M
−1
X

q(Z (e) |c(e) )·
k,`

t=0

p(Z (e)

N −1 (e)
, sN −1

(25)
(e)

(e)

(e)

= c`,t |s0 = ci,0 )

and ends by
M
−1
X

can be calculated by using backward recursion. It stars

(e)

(e)

(e)

(e)

M
−1
X
p(Z N , sN = k|s0 = i)= p(ZN , Z N −1 , sN = k|s0 = i)

M
−1
X

(e)

p(Z1 , s1 = ck,` |s0 = ci,j )

`=0
M
−1
X

=

i=0
(e) (e)
p(Z1 |s1

=

(e)
(e)
ck,` )p(s1

=

(e) (e)
ck,` |s0

=

(e)
ci,j )

=

`=0
(e)

(e)

(e)

(e)

(e)

(e)

i=0
M
−1 M
−1
X
X

p(Z N −1 , sN −1 = n|s0 = i)

i=0 n=0

(e)

= p(Z1 |s1 = ck,i )p(s1 = ck,i |s0 = ci,j )

· p(ZN |sN = k) · p(sN = k|sN −1 = n)

= pk · q(Z (e) |c(e) )

M
−1
X

(26)

k,i

M
−1
X
q|k−n|
p(Z N −1 , sN −1 = n|s0 = i)

= p(Z,k) ·

n=0

(29)

i=0

(e)

where q(Z (e) |c(e) ) = p(Z (e) |s(e) = ck,` ) is the equivalent
k,i

(e)

channel state law for the channel state ck,i , given by (11).

and ends by

Combining expression (23) with (25) and (26), one can write

p(Z

(e) N

M
−1
X

)=

pi

M
−1
X

i=0

M
−1
X

pk

=

k,`

k=0
`=0
M
−1
X

· pt · ... ·
M
−1
X

q(Z (e) |c(e) ) · p`

pk

q(Z (e) |c(e) )
`,t

t=0

M
−1
X

M
−1
X

i=0

i=0

p(Z1 , s1 = k|s0 = i) =

= p(Z,k)

q(Z (e) |c(e) ) · pv · q(Z (e) |c(e) )
m,v

v=0
M
−1
X

q

(e)

(Z (e) |ck,` )
`=0
M
−1
X

k=0

M
−1
X

· pt · ... ·

· p`

q

(e)

(Z (e) |c`,t )
t=0
M
−1
X

m,v

|

i=0

M
−1
X

=
=
·
=
=

i=0 k=0
M
−1 M
−1
X
X
i=0 k=0
M
−1 M
−1
X
X

=

M
−1
X

q|`−k| · p(Z,k) · ... ·

q|r−v| · p(Z,v) (31)

v=0

k=0

p(zN +1 = m, Z N , sN = k|s0 = i)
for any m ∈ {0, 1, . . . , M − 1}.
N

p(Z , sN = k|s0 = i) · p(zN +1 = m|sN = k)
p(Z N , sN = k|s0 = i)

However, due to constellation symmetry, (27) and (31) are
the same combinations of the same pi and qj multiplications.
It leads to the following equality
−1
X£M
X

p(zN +1 = m|sN +1 = `) · p(sN +1 = `|sN = k)
p(Z N , sN = k|s0 = i)

i=0 k=0
M
−1
M
−1
X
X

p|m−`|

`=0

M
−1
X

p|m−`|

`=0

i=0 k=0
M
−1
X

`=0
M
−1 M
−1
X
X

p(zN +1 = m, Z N |s0 = i)

i=0
M
−1
X

p(zN +1 = m, Z N |s0 = i)

M
−1 M
−1
X
X

}

where p(Z,k) = p(Z|s = k) is the channel law at the state
pi · q(Z (e) |c(e) ) s = k, defined by (6). Combining expression (28) with (29)
v,i
and (30), one can get

i=0

=

{z

(30)

(27)

Furthermore, for the M-state, M-ary symmetric channel
M
−1
X

q|k−i| = p(Z,k)

=1

q(Z (e) |c(e) ) · pv

v=0

i=0

v,i

M
−1
X

M
−1
X

p(Z1 |s1 = k)p(s1 = k|s0 = i)

ZN

q|`−k|

M
−1
X

£

p(Z N , sN

i=0

−1
X
¡M

· log2

¤
= k|s0 = i) (28)

X £
N
N ¤
=
p(Z (e) ) log2 p(Z (e) )

p(zN +1 = m, Z N |s0 = i)

¢¤

i=0

Z (e) N

i=0

PM −1

i=0

p|m−`| q|`−k|

`=0

k=0

However, expression

M
−1
X

p(zN +1 = m, Z N |s0 = i)

p(Z N , sN = k|s0 = i) in (28),

for any m ∈ {0, 1, . . . , M − 1}.
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(32)
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Consequently,
−1
X £M
X

p(Z N +1 |s0 = i) · log2

−1
X
¡M

i=0

Z N +1

=

¢¤
p(Z N +1 |s0 = i)

i=0

M
−1 X
X

−1
X
£M

p(zN +1 = m, Z N |s0 = i)

m=0 Z N
i=0
M
−1
X

· log2

¡

¢¤
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i=0

=

M
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N ¤
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m=0 Z (e) N
M
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X

N

N
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=−

(33)

m=0

Finally, since the initial channel state probability p(s0 =
i) = 1/M for any m ∈ {0, 1, . . . , M − 1}, we have:
X
H(Z N +1 ) = −
p(Z N +1 ) · log2 (p(Z N +1 ))
X£
=−
Z N +1

Z N +1
M
−1
1X
N +1

M i=0

p(Z
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−1
X
¡ 1M
¢¤
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M i=0

M
−1 X
X
1 £
1
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log2 ( ) ·
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M
N
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|
{z
}
=1
|
{z
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=M
−1
X M
X

p(Z

N +1

|s0 = i) · log2

Z N +1 i=0

|

{z

−1
X
¡M
i=0

¢¤
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}

−M ·H(Z (e) N ) by (33)
N

= log2 (M ) + H(Z (e) )
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AN IMPROVED METHOD FOR RADIO FREQUENCY DIRECTION FINDING
USING WIRELESS SENSOR NETWORKS
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Department of Electrical and Computer Engineering
Naval Postgraduate School
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ABSTRACT
We present the design of a remotely deployable
distributed wireless antenna system formed from wireless
sensor network nodes. Specifically, the focus is on
enhancing the detection range of a distributed wireless
antenna system. The primary objective is to create a
methodology to steer the beam in the desired direction to
enhance radio frequency (RF) direction finding and
follow-on signal reception. The distributed wireless
antenna system uses a combination of time difference of
arrival (TDOA) and adaptive beamforming to localize the
target and enhance the reception in the target direction.
The TDOA lines-of-bearing are calculated using a
combination of the Cross-Ambiguity Function to calculate
the actual time difference and the Newton-Raphson
technique to focus the beamforming efforts. A Least Mean
Squares (LMS) adaptive beamforming algorithm is then
used to localize the target for further prosecution.
Simulations indicate considerable improvement can be
achieved using this combined method.

I. INTRODUCTION
We present an improved method for identifying
the direction of an RF emission using a wireless sensor
network. The network consists of an interconnected set of
wireless sensor motes that monitor and collect data
pertaining to RF signals of interest. The collected data has
to be transmitted to another location for processing and
interpretation. A typical network node consists of one or
more sensors, a transceiver with an omni-directional
antenna, an onboard processor and a battery.
An example deployment of interest would be a
large number of sensor nodes dropped from an aircraft,
Unmanned Aerial Vehicle (UAV) or Unmanned
Underwater Vehicle (UUV) to densely cover an area of
interest. Left unattended, these nodes can then gather data,
collaborate among themselves to form a wireless ad-hoc
network, and transmit the collected data back to end-users
located far from the scene of danger.
A methodology has been developed using a
combination of both TDOA and beamforming in order to
enhance collection in a specified direction. It is
envisioned that the individual sensor nodes will have a
low-cost omnidirectional antenna, but this methodology
will take advantage of the number of nodes and have the
sensors working together as a coherent antenna array. [1]
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Research in [2] first proposed an architecture for
using wireless sensor networks to sense the RF
environment for the purpose of target direction finding.
Specifically, they proposed a distributed architecture
consisting of a randomly distributed collection of wireless
sensor motes in communication with central node, or
central controller, which performed follow-on processing
of individual node signal strengths to computer the array
factor. The work in [2] demonstrated that a random
selection of a subset of all nodes by the central controller
could substantially mitigate the effect of sidelobes, or
grating lobes, while narrowing the beamwidth
considerably.
This paper draws from the work in [2] and
wireless antenna foundations of [3] to develop a
methodology for identifying and converging on a signal
of interest. Specifically, we explore the use of Time
difference of arrival (TDOA) to rapidly converge on a
quadrant of interest then use a traditional beamforming
approach to perform fine tuning.
A. Time-difference of Arrival (TDOA)
TDOA takes advantage of the fact that a
transmitted signal will arrive at the different elements at
different time instants, as shown in Fig. 1. In the
distributed wireless antenna array each sensor forms a
two-node collector pair with the central controller. The
basic principle of the two-element linear array will then
be extended to encompass the entire antenna grid. The
sensors within our grid will take advantage of the fact that
our grid is densely populated and that the sensors are
spread over a wide area. [4]
Defining TDOA in terms of the emitter and
antenna element positions is accomplished using the
vectors r1 and r2 from Fig. 1 where r1 is the distance
from the central controller to the emitter and r2 is the
distance from an individual antenna element to the
emitter. [4]
Equation (1), illustrates the difference in the
length of the two vectors r1=[xe - d/2 ye]T and r2=[xe +
d/2 ye]T, divided by the speed of light c, yields the TDOA:
TDOA =
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where xe and ye are the respective x-y coordinates of the
emitter and d is the distance between the two-node
collector pair.

where E[●] is the expectation operator. The minimum
mean-square error (MMSE) is obtained by setting the
gradient vector of Equation (3) with respect to w to zero.
The value of the weight vector at time (t+1) is updated
as follows:
w ( t + 1) = w ( t ) +
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where μ is the convergence factor. After obtaining the
gradient vector ∇ E [ e ( t )] the weight vector is updated
2

w

by substituting into Equation (4).
Simplifying, we have:
*
w ( t + 1) = w ( t ) + μ g ( t ) e ( t ) ,
Figure 1. TDOA Geometry for a collector pair. [4]
Multiple TDOA measurements can be used to
estimate emitter position in a manner analogous to a
navigator performing triangulation. However, since the
nodes do not have good angular spread relative to the
target only a line-of-bearing is discernable. [4]
B. Adaptive Beamforming
The wireless antenna sensor nodes are deployed
randomly over an area of interest, resulting in a random
positioning of the sensor nodes. Subsequently, these
sensor nodes form clusters and their locations are
determined using location discovery techniques. These
locations are then reported back to the central controller.
The sensor nodes will make up an array antenna
that performs adaptive control of the pattern in order to
maximize the array pattern in the direction of the target.
The pattern of the array is controlled by dynamically
varying the phase and amplitude of the received signal
from each element. [1]
Since the sensor grid will require the ability to
steer the main lobe an adaptive algorithm will be
implemented. The LMS algorithm recursively computes
and updates the complex weights. [1] The LMS algorithm
requires knowledge of the desired signal, which will be
assumed.
The error between the observed and desired
signal is used to calculate the weights required to
adaptively form the beam in the desired direction. The
error is defined to be:
e (t ) = α (t ) − b (t )

(2)

where α(t) is the reference signal and b(t) is the output of
the beamformer.
The complex weights are adjusted and applied to the
signal received by the array elements in an iterative
manner. For each data sample, the complex weights are
chosen to minimize the mean-square error between the
beamformer output b(t) and the reference signal α(t) given
by [1,3,6]
2
E ⎡⎣ e ( t ) ⎤⎦ = E ⎡⎣(α ( t ) − b ( t ) ) ⎤⎦
(3)
2

(5)

where * represents complex conjugation and the
instantaneous estimates given by [α(t)g(t)] and [g(t)gH(t)]
have been used instead of E[α(t)g(t)] and E[g(t)gH(t)],
respectively. The term E[g(t)gH(t)] is commonly known as
the array correlation matrix Rgg and denotes the
correlation between the signals received by the various
array elements. [1, 3, 6]

II. ANALYSIS OF TDOA METHODS AND
BEAMSCANNING METHODS
A. TDOA Analysis
When the complex envelopes of an emitter signal
are collected by the two sensors then TDOAs were
determined directly by calculating the cross-ambiguity
function (CAF). A frequency difference of (FDOA) can
also be determined from calculating the CAF, which
could be very useful if prosecuting a mobile target. [4, 5]
However, our target is assumed stationary or slow
moving. The complex envelopes of the two signals will be
denoted by s1(t-τ) and s2(t), where t is the time of the first
sample, and τ is the time delay between the two. The CAF
is defined as
T

CAF ( f ,τ ) = ∫ s1 ( t − τ ) s2∗ ( t ) e − j 2π ft dt
0

(6)

where f is frequency, T is the integration time, and ∗
denotes the complex conjugate. Since the function peaks
when τ = TDOA and f = FDOA , it is often used as a
means to determine these two quantities simultaneously.
[4, 5] The solution is determined by locating the peak of
the CAF, |CAF(f,τ)|. [4, 5] It is worth noting that when the
sensors or the emitter are not in motion that the crossambiguity function is simply the autocorrelation function.
In Fig. 2, the TDOA of the sensor located the farthest
from the central controller is depicted. The frequency
difference of arrival is zero which is expected.
Once the TDOAs were determined the NewtonRaphson technique was used to determine a line-ofbearing. The Newton-Raphson algorithm is based on
estimation theory and uses an over-determined set of
linear equations of the form
(7)
m = f ( z,t ) ,
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where m is a k-vector representing the TDOA
measurements and z is the location of the emitter.

shown the CAF and Newton-Raphson methods were able
to determine a line-of-bearing to the target. Now an
illustration of beamscanning will be presented.
B. Beamscanning
Method Two described in [2] is used for our
sensor grid. The central controller selects the number of
array elements needed to form the desired beam. The
central controller in effect creates an array, which is
merely a subset of the total array. For example, consider a
sensor grid that contains K elements randomly spread
over a total area, A1. The central controller will select, Λ
nodes within an area, A2, where A2 ≤ A1 and Λ ≤ K. The
central controller will create a P node subset from the Λ
nodes where P<<Λ. This subset will form the basis for
the array factor. The following is an analysis of the LMS
adaptive beamforming algorithm.
⎛ 2π
⎞
⎜ j *( x sin (θ )*cos (φ ) + y sin (θ ) sin (φ ) ) ⎟
λ
⎠

Ψ (θ ,φ ) = e⎝

Figure 2. Max distance 3D.

(9)

where λ is the wavelength of the signal in meters. x and y
are the location of the individual antenna elements in
meters. θ is the elevation angle and φ is the azimuth
angle.
The central controller then calculates the array
weights w by summing each element over all possible
values of θ and φ.
M

N

Ψ (θ ,φ ) = ∑∑ w*mn e

j

2π

λ

( xmn sin (θ ) cos (φ ) + ymn sin (θ ) sin (φ ) )

(10)

m =1 n =1

Figure 3. 4 Sensors. 15 TDOA Estimates per Two-node
Collector pair.
The time difference of arrival was calculated using the
cross-ambiguity function discussed earlier. This would be
the k TDOA observations referred to as the m vector. The
mi vector is the TDOA measurements for the current
estimated position as shown in Equation (8).

δ m = m − mi

(8)

By iterating through this process the current
solution is used as the next estimated emitter location until
the solution falls below some predetermined small
threshold. A least squares estimation is applied to yield an
emitter position estimate.
◦
In Fig. 3, the target emitter was located at 45
from the central controller in the first quadrant. Three
frequencies 157 MHz, 800 MHz and 2.4 GHz were
simulated and all produced similar results. Only the 157
MHz frequency is illustrated in this paper. Several
simulations were conducted with the figure shown being
representative of the results. Since the wireless antenna
grid is not moving and the emitter is at the same relative
bearing to all the two-node collector pairs a geolocation
was unobtainable. However, as seen in Fig. 3 a nice lineof-bearing to the target can be calculated.
A method for computing TDOAs and then
subsequent lines-of-bearing has been presented. As was

where P=MxN is the total number of nodes in the subset
and wmn is the complex weight
2π
j
( x sin (θ0 ) cos(φ0 ) + ymn sin (θ0 ) sin (φ0 ) )
*
λ mn

w mn = Wmn e

(11)

th

applied to the (m,n) element. The maximum value of
Ψ (θ ,φ ) occurs at (θ ,φ ) = (θ 0 ,φ0 ) , and the main lobe
points towards (θ 0 , φ0 ) .
Each data sample of the signals collected from the
chosen nodes iteratively updates the corresponding array
weights. The magnitude and angle of Ψ (θ 0 , φ0 ) are
stored. This completes an iteration of the adaptive
beamforming solution.
Now the central controller takes another 500 data
samples from each node within a new subset of P nodes.
Then the process described earlier is repeated and the
final result is added to the previously stored result. This
process is shown in Equation (12).
L

Ψ Total (θ ,φ ) = ∑ Ψ i (θ ,φ )

(12)

i =1

where L equals the total number of subsets created.
Substituting Equation (10) into the above equation results
in the following:
2π
L ⎡ M N
j ( xmi ni sin (θ ) cos (φ ) + ymi ni sin (θ ) sin (φ ) ) ⎤
Ψ Total (θ ,φ ) = ∑ ⎢ ∑ ∑ w*mi ni e λ
⎥
i =1 ⎣ mi =1 ni =1
⎦
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(13)

where P=MxN is the total number of nodes in each
subset.
This magnitude is then plotted in dB against all
possible values of azimuth and elevation. This process is
repeated until a desired solution has been found.
Method Two in reference [2] was shown to have
an energy cost per sensor of δ joules/transmission.
Reference [2] demonstrated that this energy cost per
sensor did not increase even though the total number of
transmissions within the network may increase.

III. BEAMWIDTH CONTROL
With the desire to enhance RF collection in a
specified direction it is important to understand how to
control the beamwidth of the beam. When in localization
mode a wider beam would be preferred. After the signal
has been localized it would be preferable to narrow the
beam in order to enhance collection. As can be seen in
Fig. 4-5, the main beam beamwidth has continued to get
narrower as the central controller chose nodes that are
further away from its own location. In affect, the central
controller is reducing the node density of the antenna
array.
Unfortunately, there are limits to how wide the
initial search beam may become. As the number of array
elements are increased, unless the overall size of the array
is increased, an upper limit on the beamwidth is reached.
This can be seen through analysis of both planar array
beamwidth and the random array discussed in the
previous section.
The beamwidth for a planar array is determined by
using Equations (24) and (25). In order to determine the
respective beamwidth the array is separated into x and y
linear arrays. These equations for the respective scan
angles for both elevation and azimuth are shown in
Equation (26) [1].
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0

where d = L / N , L is the length of the uniform linear
array and N is the number of nodes along the length of the
uniform linear array. Examining equations (16) and (17) it
can be seen that as the number of elements increases for a
specific area, i.e. the node density increases, the
beamwidth reaches an upper-bound for a given
wavelength [1].
Figure 4 illustrates for both the uniform linear
array and the randomly dispersed array that when the
number of sensors is increased, but the size of the array is
held constant, i.e., the node density increases, the
beamwidth increases resulting in a loss of gain, up to a
limit.
Consequently, a central controller may find the
direction of a target emitter by scanning with a large
beamwidth, but the number of scans required to do this
will have some lower bound due to the limit on the size of
the beamwidth. Thus if we can find a way to reduce the
initial scan area, we can improve the minimum time to
find the direction to a target.

0

⎞
⎟,
(φ )] ⎠

(15)

0

θa

is the

desired elevation angle. It can be seen how the beamwidth
in the azimuth and elevation directions impacts the gain of
the beam. [1]

a
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is the desired azimuth scan angle and
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θ x = cos ⎢ cos θ a − 0.443 ⎜

uniform linear array. Now shown below for the azimuth
[1].

λ
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⎝ ( L + d ) ⎠⎦

Figure 4. Beamwidth versus Node Density where the blue
asterisks represented values from the randomly dispersed
array of equation (13) and red values represent calculated
values from equations (16) and (17).

, (16)

a

where d = L / N , L is the length of the uniform linear
array and N is the number of nodes along the length of the

Reference [2] demonstrated how the central
controller can control the beamwidth of the mainbeam
through the node selection process.
As can be seen from Fig. 5 - 6, the frequency of
the SOI and the size of the distribution area of the subset
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around the central controller, have the greatest effect on
beamwidth. The subset creation will be used to transition
the beam from a signal localization mode to either a
passive or active signal prosecution mode.
What is significant about the results from
reference [2] is that no additional transmission burden has
been placed on the individual sensor nodes, therefore
giving a capability to control the beamwidth without
increasing the overall energy consumption of the array.

IV. DIRECTION FINDING METHODOLOGY
The proposed methodology for enhancing
collection in a distributed wireless antenna system is
described as follows. A two-tiered hierarchical clustering
sensor network architecture is assumed. A primary node
(i.e. UAV, UUV, etc.) is tasked with maintaining
frequency, phase and data synchronization among the
remaining nodes (or secondary nodes) within the cluster.
The network is comprised of K sensors spread over and
area, A1.
Figure 6. Array Pattern. 157 MHz (outer-red), 800 MHz
(middle-blue) & 2400 MHz (inner pattern-green). Nodes
within a 2500 sq. m. grid of the beamcontroller.

Figure 5. Array Pattern. 157 MHz (outer pattern-red), 800
MHz (middle pattern-blue) & 2400 MHz (inner patterngreen). Nodes within a 25 sq. m. grid of the
beamcontroller.

-- Step 1. The central controller acts as a reference
antenna by gaining initial intercept and frequency-ofinterest (FOI) determination.
-- Step 2. The central controller will then determine the
TDOA collected from the Υ sensors furthest from its
location. Each sensor forms a two-node collector pair with
the central controller. The central controller will utilize
the cross-ambiguity function presented earlier to calculate
the TDOAs between each of these Υ sensors and the
central controller.
-- Step 3. The central controller will then use the
modified Newton-Raphson technique to localize the
signal-of-interest to two specific lines-of-bearing.
-- Step 4. The central controller will then begin the
beamforming process. From the area, A1, the central
controller will create a random Pi node subset from the Λ
nodes contained within a given area, A2. Following the
algorithm stated above the central controller will create L
subsets to create the appropriate beam for a given
(θ0 ,φ0 ) .

-- Step 5. Based on the results of this localization the
beamcontroller can randomly choose sensors that are
dispersed within a larger area to further narrow the beam
into the target direction in order to maximize reception.
V. TDOA COST ANALYSIS
For the TDOA computation of steps 2 and 3 above, the
total transmissions are defined as
TTDOA = Ωϒ ,
(18)
where Ω is the total number of two-node collectors and
ϒ is the total number of received data samples sent back
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to the central controller per two-node collector pair. These
received data samples are then used by the Central
Controller to determine the line of bearing.
If the cost per transmission is δ joules/transmission ,

χ1 joules

is the energy expended when the receiver is

on, but waiting to transmit and assumes the worst case.
χ 2 joules is the energy required to fully energize a
transmitter that has been in a sleep mode and also assumes
the worst case. The total energy cost to calculate a line of
bearing is then defined as

ΓTDOA = δ TTDOA + ( Ω − 1) ϒχ1 + Ωχ 2

= δΩϒ + ( Ω − 1) ϒ ( 0.1δ ) + Ω ( 0.5δ )
where ΓTDOA

,

(19)

Equation (23) assumes the worst case that all the nodes
need to be brought out of a sleep mode. In addition, it
assumes that the nodes used in the TDOA calculations are
not used in the beamforming calculations.
The total energy to enhance collection using a
combination of TDOA and beamforming is defined as
ΓTDOA / Ψ = ΓTDOA + Γ BF ,
(24)
where again ΓTDOA is defined in Equation (19) as the
energy required for TDOA and Γ BF is drawn from [2] as
the energy required to form one beam using the multiple
random selections method. After substitution, Equation
(24) can be rewritten as follows:
L2

ΓTDOA / Ψ = Ωδϒ + ( Ω − 1) ϒχ1 + Ωχ 2 + δ ∑ Pi + ( Λ − 1) χ1 + Λχ 2
i =1

is in units of joules. The first term in

L2

ΓTDOA / Ψ = Ωδϒ + ( Ω − 1) ϒ ( 0.1δ ) + Ω ( 0.5δ ) + δ ∑ Pi + ( Λ − 1)( 0.1δ ) + Λ ( 0.5δ )

Equation (19) is the energy expend the data. The second
term in Equation (19), is the total energy expended
waiting to transmit. This term assumes that a node awaits
for all other nodes to transmit before it can transmit. χ1 is
defined in terms of a fraction of the energy expended to
transmit the data. The third term is the energy expended to
bring all of the participating nodes out of a sleep mode,
which assumes that all participating nodes were in a sleep
mode. χ 2 is also defined as a fraction of the energy to
transmit the data. The energy cost per sensor is

ΞTDOA = δϒ + ϒ ( 0.1δ ) −

ϒ ( 0.1δ )
+ ( 0.5δ ) , (20)
Ω

where ΞTDOA is measured in units of joules/sensor.

where Ω is the number of nodes,

ς
ϒ

(25)

VI. COST COMPARISON
The energy cost using the combination of TDOA
and beamforming will always be less than the
beamscanning only method as long as the following
criteria is met:
ΓTDOA / Ψ ≤ Γbs
⎛ L2 ⎞
Ωδϒ + ( Ω − 1) ϒ ( 0.1δ ) + Ω ( 0.5δ ) + δ ⎜ ∑ Pi ⎟ + ( Λ − 1)( 0.1δ ) + Λ ( 0.5δ )
⎝ i =1 ⎠
⎛ L2 ⎞
≤ ηδ ⎜ ∑ Pi ⎟ + η ( Λ − 1)( 0.1δ ) + Λ ( 0.5δ )
⎝ i =1 ⎠
L2

The TDOA determination process would take a
total of tTDOA seconds.

tTDOA = Ωςϒ + Ωε + Ωϒt1 + Ωt2 ,

i =1

(21)

is the cost per

is the number of
TDOA estimate to perform the CAF,
TDOA estimates per two-node collector pair and ε is the
time required to calculate the line of bearing using the
NRT. The time a node takes to transmit is t1 . This term
assumes a TDMA type medium access, in which a node
has a time slot and awaits for all other nodes to transmit
before it can transmit. The time required to awake the
nodes is t2 and assumes the worse case, that all nodes
selected are in a sleep mode.
Now the total time required to do combination
TDOA and beamforming can be defined as follows:
tTDOA / Ψ = tTDOA + t BF ,
(22)

Ωϒ + Ωϒ ( 0.1δ ) − ϒ ( 0.1δ ) + Ω ( 0.5δ ) ≤ (η − 1) ∑ Pi + ( Λ − 1)(η − 1)( 0.1δ )
i =1

TTDOA + Ωϒ ( 0.1δ ) − ϒ ( 0.1δ ) + Ω ( 0.5δ ) ≤ (η − 1) TΨ + ( Λ − 1)(η − 1)( 0.1δ )

(26)
Upon close inspection of Equation (26), it can
clearly be seen that the our proposed method will always
use less energy than [2] as long as the number of
transmissions to perform the TDOA plus the additional
factor associated with the energy spent waiting to transmit
and the energy required to bring a sensor out of a sleep
cycle is less than the number of transmissions required to
conduct the 360° beamscan minus the target beam. The
target beam will be formed in both cases.
Additionally, the combination of TDOA and
beamforming will always be faster as long as the
following criteria is met:
tTDOA / Ψ ≤ tbs

Ωςϒ + Ωε + Ωϒt1 + Ωt2 + tΨ + Λt1 + Λt2 ≤ η tΨ + ηΛt1 + Λt2

where tTDOA is the time to required to localize the target

Ωςϒ + Ωε + Ωϒt1 + Ωt2 ≤ (η − 1) tΨ + Λ (η − 1) t1

and t BF is the time required to form one beam. After

tTDOA + Ωϒt1 + Ωt2 ≤ (η − 1) tΨ + Λ (η − 1) t1

substituting Equation (21) into Equation (22) and
combining like terms the total time required can be
rewritten as
tTDOA / Ψ = Ωςϒ + Ωε + Ωt1 + Ωt2 + tΨ + Λt1 + Λt2 .
(23)

(27)
Equation (27) shows that this new method will
be faster than [2] as long as the time required to form the
beams, less the target beam, plus the amount of time spent
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waiting to transmit and the time required to bring a sensor
out of a sleep mode is greater than the time to determine
the target line-of-bearing. In practice, the combination of
TDOA and beamforming will always be faster than
beamscanning only.
Focusing on the 45° beams from Figure 5, it can
be observed that a 360° scan could be conducted at 15°
increments with sufficient overlap to not leave gaps in
coverage. This can be accomplished with η = 24 beams.
Using the beamwidth from Figure 5 and the method in [2]
it would require 6850 time units (a time unit being related
to processor cycles) to scan 360◦.
The energy and time cost are dependent on the
number of beams that need to be formed for
beamscanning only. As stated earlier, the number of
beams required would be based on the solid angle of the
beam and the desired overlap of the beams. Table 1
depicts the energy cost and times for various η. The tictoc command in MATLAB® was used to determine that
tΨ = 25 time units were required to create a beam, ε was
determined to be equal to 0.1 time units and ς was
determined to be 2 time units per CAF estimate for each
two-node collector pair. These times would vary based on
hardware and software implementation. Additionally, it is
expected that these times would be much lower in a real
world implementation. From [2], the energy to form one
beam is 399.9δ joules. From Equation (19), the total
energy to do TDOA is 45δ joules, where Ω = 4 sensors.
# of
beams, η

Γbs,
(joules)

ΓTDOA/Ψ,
(joules)

tbs,

tTDOA/Ψ,

10

2874δ

445δ

3000

612

24

6722.6δ

445δ

6850

612

30

8372δ

445δ

8500

612
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Abstract— We consider the optimal design of pilot-symbolassisted modulation (PSAM) in time-varying flat-fading channels
(FFC). The FFC is modeled as an autoregressive Gauss-Markov
random process, whose realization is unknown at the transmitter
or at the receiver. Our measure of optimality for channel
estimation is the rate of information transfer through the channel.
The parameters that are available for this optimization are the
power ratio and the fraction of time that are allocated to pilot
transmission. Our approach is different from (and builds upon)
a recent study of PSAM for the Gauss-Markov FFC, where
the aim was to minimize the maximum steady-state minimum
mean square error (MMSE) of channel estimation for equal
power allocated to pilot and data symbols and for a fixed pilot
insertion ratio. To this end, we examine a lower bound on the
capacity and find the optimal pilot transmission parameters that
maximize this bound. Our analysis shows that this capacity lower
bound is more sensitive to the pilot power allocation ratio in
relatively slow fading channels (with the normalized fading rate
fD Ts ' 0.01). We observe that for such slow fading rates, optimal
power allocation and optimal pilot spacing are more sensitive to
the operating SNR. Another finding is that equal power allocation
strategy is suboptimal by at most 1 dB for the slow fading rate
of fD Ts ' 0.01.

Keywords — Pilot-symbol-assisted modulation, Time-varying
flat-fading channels, Channel estimation, Channel information
capacity, Capacity lower bounds.
I. I NTRODUCTION
A. Motivation and Background
Pilot-symbol-assisted modulation (PSAM) [1] refers to periodic transmission of known symbols to the receiver to assist
estimation of unknown channel parameters, such as the phase
or magnitude of the channel gain. Since its introduction in late
1980s and early 1990s, PSAM has been widely used in practical wireless communications over multipath fading channels,
such as in the Global System for Mobile Communications
(GSM) [2]. Although channel estimation and hence, reliable
data decoding is facilitated through pilot symbol transmission,
this often comes at a considerable cost in the form of reduction
in the information capacity. For the GSM example, 26 known
bits in every 156 bits are allocated to pilot transmission. Since
pilot bits do not carry information, this immediately results
in about 17% reduction in the capacity. Further reduction
in the capacity is due to errors in channel estimation. Such

early designs were simple and somewhat ad-hoc examples
of PSAM, which did not aim to maximize the achievable
information rate through the wireless channel.
The effect of imperfect knowledge of the wireless channel
(using probe or pilot signals) on the information capacity was
first studied in [3]. It was shown in [3] that the imperfect
channel knowledge will manifest itself in the form of reduced
signal-to-noise ratio (SNR) in a capacity lower bound. However, it was assumed in [3] that the “probe” signal for channel
estimation occupies its own band and does not overlap in
the frequency of the information carrying signal. Whereas in
the PSAM scheme, pilot symbols occupy the same frequency
band as data symbols and take up valuable transmission time
and power. Therefore, one could not immediately employ
the results for determining achievable information rates in
practical PSAM systems.
Following [3], the aim of more recent studies including [4]–
[7] has been to maximize either the achievable information
rate or the capacity lower bound in PSAM transmission. Three
main optimizable system parameters in PSAM are as follows
• the ratio of the transmitter power allocated to pilot
symbols, denoted by γ
• the fraction of time allocated to pilot symbols (also
known as pilot spacing or frequency), denoted by η
• the arrangement of pilot symbols, i.e. whether they should
be clustered together or spread among data symbols
Based on the contributions in [4]–[7], it is now known that the
clustering of pilot symbols is not a wise thing to do, which may
result in inferior capacity performance. It is also known that
allocation of equal power to individual pilots and data symbols
can be suboptimal, which may result in capacity reduction. The
fact that pilot symbols should be spread among data symbols
was also confirmed in the work of [8], where the optimality
criterion was minimizing the maximum steady-state minimum
mean square error (MMSE) of channel estimation in GaussMarkov FFCs.
The fading channel model or the communication setup plays
an important role on how PSAM performs and on its optimal
design. For example, [4], [5] considered the effect of pilot
power allocation and spacing on a capacity lower bound in
band-limited fading processes with a low-pass Doppler power
spectrum (such as Clarke’s fading model [9]). Since the fading
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process was assumed to be band-limited, the authors concluded
that minimal sampling of the fading process with the Nyquist
rate is optimal. On the other hand, the study of information
rates with perfect interleaving in [7] concludes that pilot
symbols should be sent more frequently than the Nyquist
rate, especially for slower fading channels. The authors in [6]
considered optimal PSAM design in block fading channels
and multiple-antenna communications. Under the block fading
assumption, the fading channel process is fixed, but unknown
to the receiver for a period of N symbols and then changes
to an independent value in the next block. It was concluded
that in the single antenna setup and when the pilot power is
optimized, only one training symbol per block should be sent
to maximize the capacity lower bound.
The band-limited fading and the block fading assumptions
considered in [4]–[7] both imply a strong correlation in the
channel amplitude and phase over a block of transmitted
symbols. The Gauss-Markov fading model is an alternative
model for time-varying fading channels, which is widely
used for characterizing the fading process [3], [10]. Roughly
speaking, the fading process in a Gauss-Markov channel is
more random, less predictable and less correlated than a bandlimited fading channel (with an infinite memory order [11]).
B. Approach and Contributions
In this paper, we optimize the capacity lower bound
for PSAM transmission in time-varying Gauss-Markov fading channels. Our contributions build upon a recent study
in [8], where the authors minimized the maximum steadystate MMSE for channel estimation in Gauss-Markov fading
channels for a fixed pilot spacing or frequency and for equal
power allocated to individual pilot and data symbols. However,
our approach is different from [8] in the sense that we allow
the pilot power ratio and spacing to vary and optimize these
parameters to maximize a lower bound on the capacity. Our
work is also an extension of [3] in the sense that we investigate
information rates that are practically achievable using “inband” pilot transmission for the Gauss-Markov fading channels.
Three contributions of this paper are summarized as follows.
1) In Section V, we derive the lower bound on the channel
capacity for Gauss-Markov fading channels in PSAM
scheme. This lower bound is based on the steady-state
MMSE of channel estimation and prediction in the pilot
and data transmission modes, respectively, using the
Kalman filter. The parameters in this derivation are the
pilot power ratio γ and pilot spacing η.
2) In Section VI, we investigate optimal allocation of
power to pilot symbols to maximize the derived capacity
lower bound. We find that the capacity lower bound is
more sensitive to the allocation ratio of power to pilot
symbols in slow fading channels (for example at the
normalized fading rate of fD Ts ' 0.01) than in faster
fading channels. We observe that for such slow fading
rates, optimal power allocation is more sensitive to the
operating SNR. We compare the capacity lower bound at

the optimal pilot power allocation with that using equal
power allocation scheme. We observe that equal power
allocation scheme incurs about 1 dB capacity loss for
the slow fading channel (fD Ts ' 0.01). However, for
faster fading channels the capacity loss is negligible,
which warrants the use of simple equal power allocation
scheme. We also examine whether an alternative power
ramping strategy (see Section III-D for the definition)
results in any improvement in the capacity lower bound.
3) In Section VI, we investigate optimal pilot spacing
or frequency to maximize the derived capacity lower
bound. Our first observation in this analysis is that the
optimal pilot spacing is sensitive to the operating SNR
in slow fading channels with fD Ts ' 0.01. Second,
for fast fading channels (the normalized fading rate
of fD Ts & 0.1), very frequent pilots or equivalently,
very short block lengths are required to maximize the
capacity lower bound.
II. FADING C HANNEL M ODEL
The wireless channel is a correlated, time-varying, and flatfading channel (FFC), which is defined as
y` = g` x` + n` ,

(1)

where n` is the complex-valued additive white Gaussian noise
(AWGN) with variance per dimension N0 /2 and independent
real and imaginary components. g` = a` ejθ` is the Gaussiandistributed FFC gain, with Rayleigh-distributed FFC amplitude
a` and uniformly-distributed FFC phase θ` . The variance of
complex g` is denoted by σg2 . We assume that the average
data and pilot symbol powers are Ed and Ep , respectively.
Therefore, the average SNR per symbol in data and pilot
transmission modes is ρd = σg2 Ed /N0 and ρp = σg2 Ep /N0 ,
respectively.
The actual realization of the time-varying FFC gain g` is
unknown to the receiver and to the transmitter a priori. It
is assumed, however, that the statistics of the time-varying
FFC gain g` are known and do not change over time. Hence,
the fading process is stationary. We use the Gauss-Markov
process to model time variations of the FFC. The GaussMarkov process is widely accepted for such modeling [3],
[10] and the evolution of the FFC is given as follows
g` = αg`−1 + w` ,

(2)

where w` is the complex-valued and white Gaussian process
noise. The real coefficient 0 ≤ α < 1 in (2) determines the
correlation of the fading channel gain at two successive time
indices. A small α models a fast fading channel and a large α
models a slow fading channel. We assume that this correlation
coefficient is determined from
 the Doppler spread of the

channel and is given as α , E G` G∗`−1 /σg2 = J0 2πfD Ts ,
which is the first normalized correlation coefficient in the
band-limited Clarke’s model [9], [12]. J0 is the zero-order
Bessel function of the first kind, fD is the Doppler frequency
shift, Ts is the transmitted symbol period, and the superscript
∗ denotes complex conjugate. Moreover, according to the
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Clarke’s model, we note that the real and imaginary parts of
the fading process g` and those of the process noise w` are
independent of each other. Since we assumed that the statistics
of the time-varying FFC gain do not change over time, we can
assume that α is known. This is the case, for example, where
the mobile unit is moving at a constant (or close to constant)
velocity.
III. P ILOT T RANSMISSION S CHEME
The authors in [8] studied optimal insertion of pilot symbols
in Gauss-Markov FFCs. After the transmission of pilot symbol(s), the MMSE of channel prediction using the Kalman
method increases as we proceed through the data symbol
transmission. Therefore, the largest steady-state MMSE is the
one at the end of the data transmission mode. It was shown
in [8] that for a fixed ratio of pilot insertion such as η 1 , the
optimal arrangement of periodic pilot symbols that minimizes
this maximum steady-state MMSE of channel estimation is
the one with only one periodic pilot symbol followed by a
block of data symbols. In other words, pilot symbols should
not be clustered together. Instead, they should be spread as
evenly among data symbols as possible (while maintaining
the required ratio of pilot insertion). Although this conclusion
was made under the assumption that pilot and data symbols
are allocated equal power, this is in accordance with similar
findings in [4]–[7] for band-limited or block FFCs under
varying power allocations schemes.
Later in Section V, we will observe that a lower MMSE
for channel estimation results in a higher effective SNR per
symbol for data decoding. A higher effective SNR per symbol
will, in turn, increases a lower bound on the channel capacity.
Therefore, it is wise to use the pilot insertion scheme that
minimizes the MMSE of channel estimation. Throughout the
analysis, we will use the single pilot symbol insertion scheme
for the transmission block.
B. Pilot Spacing or Frequency
According to the above discussion, we assume that one pilot
symbol is followed by T − 1 data symbols, making the total
transmission block length equal to T symbols. Therefore, the
pilot spacing is
1
,
T

(3)

T −1
.
T

(4)

and the ratio of data symbol is
1−η =

E × T = Ep × 1 + Ed × (T − 1).

(5)

Now assume that a fraction of γ of the power budget is
allocated for the transmission of one pilot symbol. That is,
Ep = γE × T,

(6)

where 0 ≤ γ ≤ 1 and the remaining fraction (1 − γ) is used
for the transmission of T − 1 data symbols. That is,

A. Pilot Insertion Arrangement

η=

is Ed and Ep , respectively. From the conservation of time and
energy, we have that

C. Pilot Power Allocation
Let us assume that the transmitter has a total available power
budget of E ×T for the transmission of T symbols. As defined
in Section II, the average power per data and pilot symbols

Ed × (T − 1) = (1 − γ)E × T.

(7)

By referring to (3), we conclude that
γ
Ep = E,
η
1−γ
Ed =
E.
1−η

(8)
(9)

Therefore, the average received pilot and data symbol SNRs
will be given as
γ
γ σg2 E
= ρ,
η N0
η
1 − γ σg2 E
1−γ
ρ,
ρd =
=
1 − η N0
1−η
ρp =

(10)
(11)

where ρ = σg2 E/N0 and is referred to as the SNR budget.
D. Two Alternative Power Allocation Strategies
We will also consider two alternative pilot power allocation strategies. The first strategy is the equal power strategy
between data and pilot modes and is very easy to implement.
However, this strategy might be suboptimal in terms of achieving higher information rates through the channel. Therefore,
it is of practical significance to know the penalty that we pay
in using such a suboptimum strategy, when compared to the
optimal power allocation to pilot symbols. In the equal power
strategy, we have Ep = Ed , which according to (8)-(9) results
in γ = η. Therefore, for maximizing the capacity lower bound,
we only need to optimize over the pilot spacing η.
The second pilot power allocation scheme is a new one, in
which the power of data symbols is allowed to ‘ramp up’ or
‘ramp down’ during the data transmission block. As will be
seen in Section V, in PSAM transmission scheme, the effective
SNR is both linearly and inversely affected by the signal power
(see (25)). The effective SNR, in turn, affects the capacity of
PSAM scheme. If we keep the data power constant during the
data block transmission, the effective SNR decreases as we
proceed. Here, we are interested to know if we can counter this
reduction in the effective SNR by allowing a linearly varying
data symbol power in the block. In particular, let us assume
that the data symbol power Ed is a function of time index `.
To reflect this, we rewrite (5) as

1 The

ratio η is also known as pilot spacing or frequency, which are
interchangeably used in the paper.
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ET = Ep × 1 +

T
X
`=2

Ed (`).

(12)

Let us further assume that the data symbol power Ed (`) follows
a geometric series as
Ed (`) = β (`−2) Ed (2),

2 ≤ ` ≤ T,

1−β
1−β

( η1 −1)

σĝ2 (`) = σg2 − M (`)

(13)

where β can be any positive-valued power ramping parameter.
By using Ep = γE × T , (3), and (13) in (12), we obtain
Ed (2) =

estimation error M (`), the variance of channel estimate σĝ2 at
any time index ` in the block is given as

(1 − γ)
E.
η

(14)

Later in Section VI, we will evaluate the performance of
this ramping power allocation scheme.


= α2(`−1) σg2 − M (1) ,

which results from the fact that the channel estimation error
is orthogonal to the estimated value.
Before we conclude this section, we note that in Kalman
prediction, the channel estimate at time index ` during data
transmission is related to the channel estimate at time index
` − 1 through [8]
ĝ` = αĝ`−1 .

IV. C HANNEL E STIMATION S CHEME
The Gauss-Markov model for the FFC given in (2) lends
itself very well for recursive and linear MMSE channel estimation at the receiver using the Kalman filter. In this section,
we review the main results in [8], which are required later in
Section V.
Let the channel estimate obtained from the Kalman filter
be denoted by ĝ and the channel estimation error be denoted
by g̃. The Kalman filter is a linear MMSE estimator, which
yields
g = ĝ + g̃,

(15)

where the steady-state MMSE of channel estimation in the
pilot transmission mode (time index ` = 1) is derived from
the Riccati equation to be
M (1) , σg̃2 (1)

(16)
σg2

=
1
2 (1

r
+ ρp ) +

2
+
2 (1 + ρp )

1

,

2

αη
2
1−α η

M (T ) ,

=

σg2

−α

2(1−η)
η

Therefore, we obtain the following relation between the channel estimate ĝ` and the first channel estimate ĝ1 at pilot
transmission
ĝ` = α`−1 ĝ1 ,

In the data transmission mode, the SNR is degraded by the
channel estimation errors. To see this, let us rewrite (1) after
channel estimation as
y` = g` x` + n`
= ĝ` x` + g̃` x` + n` .
|{z} | {z }

ρp

− M (1)).

signal

where upon replacing M (T ) from (18) in (19) and simplifying
we obtain

M (`) = σg2 − α2(`−1) σg2 − M (1) .
(20)
Since M (1) ≤ σg2 and α < 1, we conclude that M (`) is an
increasing function of `. Based on the variance of channel

(23)
(24)

noise

In particular, the data power is reduced from σg2 Ed to σĝ2 (`)Ed ,
because σĝ2 (`) ≤ σg2 . Moreover, the noise power is increased
from N0 to N0 + M (`)Ed . Therefore, we can define the
effective instantaneous SNR in the data transmission mode
at each time index ` as

(18)

For other data symbols between 2 ≤ ` < T , the channel
estimation MMSE is given as

1
M (T ) − σg2 1 − α2( η −`)
2
M (`) , σg̃ (`) =
,
(19)
1
α2( η −`)

(22)

V. DATA T RANSMISSION M ODE AND C HANNEL C APACITY

ρinst (`) =
(σg2

2 ≤ ` ≤ T.

In other words, once the first channel estimate ĝ1 is obtained
during pilot transmission, the remaining channel estimates in
the data block linearly weigh ĝ1 by an appropriate power of
α, depending on how far they are from the pilot symbol. It
is clear that for faster channels (α being closer to zero) the
quality of channel estimate deteriorates rapidly as we proceed
through the data block.

(17)

where ρp was defined in (10).
After transmission of the single pilot symbol and in data
transmission mode (time index 2 ≤ ` ≤ T ), the Kalman
filter can only predict (and not filter) the channel. Therefore,
it produces increasingly unreliable estimates of the FFC gain
ĝ. The MMSE of channel estimation at the end of each block
(the last data symbol) is the largest and given as
σg̃2 (T )

(21)

|ĝ` |2 Ed
2
σg̃ (`)Ed +

N0

.

(25)

We note that λ` , |ĝ` |2 is the instantaneous square magnitude
of channel estimate at time index `. Uisng the realtionship
between ĝ` and ĝ1 in (22), we can write λ` , α2(`−1) λ1 ,
where λ1 , |ĝ1 |2 is the instantaneous square magnitude of
channel estimate at pilot transmission. Now, by multiplying the
numerator and denominator by σg2 /N0 and using the definition
of ρd in (11) and (20)-(21), we can rewrite (25) as
ρinst (`) =

α2(`−1) λ1 1−γ
1−η ρ
2
M (`) 1−γ
1−η ρ + σg

.

(26)

A closed-form expression for the information capacity of the
time-varying Gauss-Markov fading channel in the presence of
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where we assume worst-case Gaussian noise [6] and Gaussian
input distribution to obtain the lower bound.
We note the capacity lower bound in (27) is a function of
time index `. Therefore, the lower bound is different from
those studied in [4], [5], [7], where the channel estimation
MMSE and hence, the capacity lower bound were independent
of the time index and calculated for a band-limited FFC
process. In our case, the capacity lower bound per transmission
block given the first channel estimate λ1 = |ĝ1 |2 is
T
1X
CLB (`, λ1 ).
CLB (λ1 ) =
T

(28)

`=2

Now, the ergodic capacity lower bound is the expected value
of CLB (λ1 ) over all possible exponentially distributed λ1 and
is given as
Z ∞
C LB =
CLB (λ1 )f (λ1 )dλ1 ,
(29)
0

where f (λ1 ) is defined to be
f (λ1 ) =



λ1
1
exp
−
.
σg2 − M (1)
σg2 − M (1)

(30)

VI. N UMERICAL R ESULTS
The expressions for the channel estimation MMSE in (20)
and hence, the capacity lower bound are involved. As a
result, we do not aim to optimize the pilot power ratio or
pilot spacing analytically. Instead, we numerically optimize
PSAM parameters for a wide and practical range of FFC rates
and SNR budget. We will denote the optimum pilot power
allocation ratio and pilot spacing (that maximize the capacity
lower bound in (29)) by γ ∗ and η ∗ , respectively.
Fig. 1 shows the 3D plot of the capacity lower bound for the
SNR budget of ρ = σg2 E/N0 = 10 dB and at the normalized
fading rate of fD Ts = 0.1. The Gauss-Markov
parameter α

is evaluated using α = J0 2πfD Ts = 0.9037. The optimum
capacity lower bound is obtained at η ∗ = 0.25 (or T = 4)
and γ ∗ = 0.37. That is, for every T ∗ − 1 = 3 data symbols,
one pilot symbol should be transmitted. This is due to the fact
that the FFC is relatively fast and frequent pilot transmission is
required to maintain reliable data decoding. From this figure,
we also observe that the lower bound is more sensitive to the
pilot spacing η than to the pilot power allocation ratio and
decreases considerably for large block lengths T , whereas,
it is more or less constant for a wide range of pilot power
allocation between about γ = 0.15 and γ = 0.65 with less
than 10% decrease in the capacity lower bound in this range.

Capacity lower bound, CLB, bits / ch use

imperfect channel estimation is still unavailable. As discussed
in the Introduction, a common approach in the literature is to
study a lower bound to the channel capacity. In this case, the
instantaneous capacity lower bound at time index ` given the
first channel estimate λ1 = |ĝ1 |2 is

CLB (`, λ1 ) = log 1 + ρinst (`)


α2(`−1) λ1 1−γ
1−η ρ
= log 1 +
,
(27)
1−γ
M (`) 1−η ρ + σg2
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Fig. 1. The 3D plot of the capacity lower bound defined in (29) for the
average SNR budget of ρ = σg2 E/N0 = 10 dB and at the normalized fading
rate of fD Ts = 0.1. The Gauss-Markov parameter α is evaluated using
α = J0 2πfD Ts = 0.9037. The lower bound is more sensitive to the pilot
spacing η than to the pilot power allocation ratio and decreases considerably
for large block lengths T , whereas, it is more or less constant for a wide
range of pilot power allocation between about γ = 0.15 and γ = 0.65 with
less than 10% decrease in the capacity lower bound in this range.

With the optimum values for the pilot spacing and pilot power
ratio, the average SNR per pilot symbol is given using (10) as
ρp = 11.70 dB and the average SNR per data symbol is given
using (11) to be ρd = 9.24 dB.
Fig. 2 shows the optimum normalized allocation of power
to pilot symbol Ep /E = γ ∗ /η ∗ for a wide range of SNR
budget ρ = σg2 E/N0 and normalized fading rates fD Ts . Two
main observations are made from the curves in this figure.
First, it is clear that the optimum normalized allocation of
power to the pilot symbol is more sensitive to the operating
SNR in the slowest fading channel at fD Ts = 0.01. Whereas,
the optimum normalized allocation of power to pilot symbol
is almost constant for the SNR range for the fastest fading
rate studied at fD Ts = 0.15. Second, apart from some local
fluctuations, the optimum normalized allocation of power to
the pilot symbol decreases as SNR increases. That is, relatively
speaking, a lesser fraction of the power is required to be spent
for the pilot transmission in high SNR. This is in accordance
with our expectation that channel estimation at high SNR is
less challenging and requires less available resources.
Fig. 3 shows the optimum block length T ∗ = 1/η ∗ for a
wide range of SNR budget ρ = σg2 E/N0 and normalized fading
rates fD Ts . Similar to Fig. 2, the optimum block length is very
sensitive to SNR in the slowest fading channel at fD Ts = 0.01.
Whereas, the optimum block length is constant for the two
faster fading rates of fD Ts = 0.11 and fD Ts = 0.15. We
also observe that the optimum block length decreases or stays
constant as SNR increases. Finally, looking vertically at the
curves, we note that the optimum block length dramatically
decreases as the fading rate increases. As expected, for faster
fading conditions, more frequent pilot symbols are required.
Fig. 4 presents the lower bound on channel capacity (defined
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Fig. 2. The optimum normalized allocation of power to the pilot symbol
Ep /E = γ ∗ /η ∗ for a wide range of SNR budget ρ and normalized fading
rates. First, it is clear that the optimum normalized allocation of power to
pilot symbol is more sensitive to the SNR in the slowest fading channel at
fD Ts = 0.01. Apart from some local fluctuations, less normalized fraction
of power is required to be spent for pilot transmission at high SNR.

40

3
2.5
2
1.5
1
0.5

2

4

6

8
10
12
SNR budget, ρ, dB

14

16

18

20

Fig. 4. The lower bound on channel capacity C LB defined in (29) as a
function of the SNR budget and the normalized fading rate. The solid curves
show the optimal power allocation scheme and the dashed curves show the
suboptimal equal power allocation scheme. We note that for the faster fading
rates of fD Ts = 0.05 and fD Ts = 0.11, using the simple equal power
allocation does not incur a noticeable capacity loss, provided that we optimize
over the pilot spacing η. However, for the slowest fading channel at fD Ts =
0.01, equal power strategy incurs a noticeable capacity loss, even when we
optimize over the pilot spacing η. The SNR gap between capacity curves is
at most 1 dB for the very high SNR range.
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Fig. 3. The optimum block length T ∗ = 1/η ∗ as a function of the SNR
budget and the normalized fading rate. The optimum block length is very
sensitive to the SNR in the slowest fading channel at fD Ts = 0.01. In all
fading rate conditions, the optimum block length decreases or stays constant as
SNR increases. Looking vertically at the curves, more frequent pilot symbols
are required for faster fading conditions.

in (29)) as a function of the SNR budget ρ = σg2 E/N0 and the
normalized fading rate fD Ts . For comparison, we have also
shown the capacity lower bound with equal power allocation
strategy discussed in Section III-D, which is only optimized for
the pilot spacing η ∗ . We note that for the faster fading rates of
fD Ts = 0.05 and fD Ts = 0.11, using the simple equal power
allocation does not incur a noticeable capacity loss, provided
that we optimize over the pilot spacing η. However, for the
slowest fading channel at fD Ts = 0.01, equal power strategy
incurs a noticeable capacity loss, even when we optimize over
the pilot spacing η. However, the SNR gap between capacity

curves is at most 1 dB for the very high SNR range. We
also studied the second alternative power allocation scheme,
namely power ramping described in Section III-D. However,
we observed that this method does not provide any noticeable
advantage in terms of the capacity lower bound. Therefore, for
more clarity of the curves, we have omitted the corresponding
curves in Fig. 4.
Finally, we investigate the sensitivity of the capacity lower
bound to the choice of power allocation ratio γ and pilot
spacing η. Fig. 5 shows the capacity lower bound versus power
allocation ratio γ for two slow and fast fading channels at
two low and high SNR conditions. Fig. 5 confirms our earlier
finding that PSAM transmission scheme is more sensitive to
the choice of γ for the slower fading case. Fig. 6 shows the
capacity lower bound sensitivity to pilot spacing η for the
low SNR case of ρ = 0 dB. We note that the lower bound
stays almost constant for η > 0.15 at the normalized fading
rate fD Ts = 0.1. However, any less frequent pilot spacing
dramatically reduces the lower bound towards zero and should
be avoided.
VII. C ONCLUSIONS
In this paper, we studied the optimal design of PSAM from
an information-theoretic viewpoint in time-varying GaussMarkov flat-fading channels. To this end, we examined a lower
bound on the channel information capacity, which was based
on the steady-state MMSE in PSAM channel estimation and
prediction using the Kalman filtering. The parameters that
were available for the maximization of the capacity lower
bound were the power ratio and the fraction of time allocated
to pilot symbol transmission. Our analysis showed that this
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Fig. 6. The capacity lower bound versus pilot spacing η for two slow and
fast fading channels at two low and high SNR conditions. We note that the
lower bound stays almost constant for η > 0.15 at the normalized fading rate
fD Ts , any less frequent pilot spacing dramatically reduces the lower bound
towards zero and should be avoided.

capacity lower bound is more sensitive to the pilot power allocation ratio in relatively slow Gauss-Markov fading channels
(with the normalized fading rate fD Ts ' 0.01). We observed
that for such slow fading rates, optimal power allocation and
optimal pilot spacing are more sensitive to the operating SNR.
Whereas, for faster fading channels, optimal parameters stay
more or less constant for the SNR range considered. We
also compared the optimal pilot power allocation scheme with
alternative power allocation strategies, such as equal power
strategy. We observed that the equal power allocation strategy
is suboptimal by at most 1 dB for the slow fading rate of
fD Ts = 0.01. In faster fading channels, however, equal power
allocation does not incur a noticeable loss in the capacity lower
bound.
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Abstract— In this paper we show the effect of partial channel
knowledge at the receiver which causes estimation error of the
channel at the receiver and the spatial correlation on MIMO
Relay wireless communication systems. We assume that the
transmitter has perfect knowledge of statistical parameters of
the channel such as covariance or mean. We show how the
topology of the equipment can upgrade or degrade the channel
and we generalize a relaying MIMO scenario. We mathematically
approach the gain of a system that uses relaying antennas. We
assume a Zero Mean Circular Symmetric Complex Gaussian
(ZMCSCG) channel elements and ZMCSCG noise elements. As
we examine spatial correlation at the transmitter only, we assume
that the elements of the rows of the channel matrix of the first
hop are correlated. Partial CSI at the receiver causes errors at
the estimation of the channel at the receiver which results the
channel capacity to degrade and to saturate at certain levels of
SNR. Numerical simulations are conducted in order to support
the theoretical results used in this paper.

I. I NTRODUCTION
Relay channels are going to play a significant role in the
future of wireless systems. Relays increase the dimensionality
of a channel at the same time as it increases the data rates of
a channel under certain circumstances. Relay channels can be
shown useful in rocky or urban environments where obstacles
block or dramatically attenuate the propagation of the signals.
Under the traditional SISO (single-input single-output) system
configuration, the relay may not always be able to improve the
system’s performance but it does increase the dimensionality
of the system. On the other hand, it is shown that relays can
significantly improve MIMO (multiple-input multiple-output)
systems but still under certain conditions.
It is shown in [1] and [2] that multiple antennas systems are
able to achieve extremely good performances when compared
with the traditional single antennas systems. Furthermore it is
shown that the use of a relay in a demodulate-and-forward
scheme, seems to improve a system’s performance.
Channel capacity is been the basic element for the evaluation of the performance of a system. The capacity of system
is greatly effected by a number of different factors. First of
all, the performance of a MIMO channel is vulnerable to the
spatial correlation of the antenna elements of each node within
the system. Spatial correlation is the correlation between the
antenna elements of a node in space. The smaller the distance
is between the antenna elements of a node, the larger is the
effect on the capacity of the channel. Another element that
plays an important role in the performance of a system is

the channel knowledge at each node of the system. If the
transmitter has partial or no knowledge of the statistics of
the channel it is impossible to optimally allocate the available
power over the transmit antenna elements. But the situation
becomes worse when the receiver has partial knowledge of
the statistics of the channel. If that is the case, errors appear
in the estimation of the channel at the receiver.
A continues knowledge of the CSI at the transmitter is
not possible to be achieved but it is shown in [3] that
partial channel information can be enough. This information is
provided by the receiver by the means of feedback. But often
we do not want to waste bandwidth for feedback purposes. On
the other hand it is important to investigate what happens if the
receiver does not have statistical knowledge of the channel. In
this paper we examine a situation where we have knowledge of
the CSI statistical parameters of the channel such as covariance
or mean at the transmitter but we have imperfect CSI at
the receiver. We also examine the spatial correlation at the
transmitter in order to produce and analyze some important
issues in the field of mobile communications.
In this paper we show the circumstances under which a
Relay node is advantageous in a wireless communication
system. We assume that the receiver has partial knowledge
of the statistics of the channel that causes errors at the
estimation of the channel at the receiver, and also that the
antenna elements of the transmitter are spatially correlated.
We implement a scenario which compares the performances
of a simple MIMO versus a Relay MIMO systems and we
analyze the cases where Relay MIMO system is preferable to
the simple MIMO system.
We assume a Zero Mean Circular Symmetric Complex
Gaussian (ZMCSCG) channel elements and ZMCSCG noise
elements. We assume the system operates in a uniform environment where noise is identical everywhere in the system.
We assume spatial correlation at the transmitter only, thus the
elements of the rows of the channel matrix are correlated for
the simple MIMO system and only on the first hop of the
Relay MIMO system.
In section II we describe the system model used in this paper
along with some theoretical approach on the channel capacity
as taken from [1] , [2] & [4], on the covariance information as
shown in [3] & [5] and finally we approach a system design
for the relaying system under the investigation of this paper.
For simplicity we analyze a 2hops relaying MIMO system.
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According to the schematic representation shown in Fig.1
we assume that the Source, the Relay and the Destination
terminals are put in a way forming an isosceles triangle, with a
120◦ top angle (Ĉ) and 30◦ side angles (Â and B̂). The SNR
of the MIMO channel between the Source and the Destination
terminals is given by:
SN R1 =

Pr1
N

Pr1 = Pt1 Kc−γ

Fig. 1. Schematic representation of the Relay MIMO channel. MIMO antenna
systems are placed in the corners of the triangle as shown in [4] and [6].

In section III we derive some numerical results based on our
model and we extend our model’s details up to the best of our
knowledge. In section IV we present our simulation results
taken from our simulation and finally in section V we discuss
our conclusions derived from this study.

(2)

Where Pt is the total power transmitted, Pr is the total
power received, K is the total gains and losses of the system
and γ is the pathloss index which normally varies between
2 and 6. Note that we assume a uniform environment and
identical equipment is used everywhere in the system. That
makes K to be a fix value in all the nodes of the system.
For the MIMO Relay system, it is assumed that the Source
terminal uses half of the total power to transmit to the Relay
terminal in the first time slot, and the Relay terminal uses the
other half to transmit to the Destination terminal in the second
time slot. So the SNR of each hop of the MIMO Relay channel
is calculated by:

II. G ENERAL S YSTEM M ODEL

SN R2 =

A. MIMO Relay Systems
In this section we analyze the power distribution over the
system’s elements based on their geographic position only. We
assume that the distances between the nodes of the system are
within a range where the communication is achievable.
If a source terminal needs to transmit to a distant receiver,
the signal can be forwarded to the destination terminal via
intermediate nodes (relay terminals or relays). The use of the
relays improves the throughput and the overall performance
of the channel.
Obstacles such as mountains or high buildings often interrupt the transmission between two nodes. The signal transmitted attenuates dramatically and as a result, the signal cannot be
analyzed at the receiver terminal. The use of the relay nodes,
improve the throughput and the overall performance of the
channel in this situation too.
Utilizing multiple antennas at the transmitter and/or the
receiver of a wireless communication system can result in
significant throughput and signal-to-noise ratio (SNR) gains.
MIMO (multiple-input multiple-output) systems are shown to
offer a significant capacity gain over the traditional SISO
(single-input single- output) systems.
Consider the MIMO Relay system shown in Fig.1. Data is to
be transmitted from the Source terminal (S) to the Destination
terminal (D) through two different paths. In the first case,
the signal will be transmitted directly from Source (S) to
Destination (D) in one time slot. In the second case, the
signal will be transmitted in two time slots: from Source to
Relay terminal in one time slot and from Relay to Destination
terminal in one time slot.

(1)

Pr2
N

(3)

Pt1
Pt1
=⇒ Pr2 =
Ka−γ
(4)
2
2
By assuming that identical equipment is used, we compare
the two SNRs.
Pt2 =

1
Pt1 Ka−γ
SN R2
SN R2
1 ³ a ´−γ
= 2
=⇒
=
=⇒
SN R1
Pt1 Kc−γ
SN R1
2 c

(5)

SN R2
1 ³ c ´γ
=
SN R1
2 a

(6)

c2 = a2 + b2 − 2ab cos C

(7)

but C is larger than 60◦ , so c2 ≥ a2 therefore the ratio ac is a
gain to the system as long as angle C is larger than 60◦ .
Since the triangle formed by the 3 nodes of our system is
an isosceles triangle, side a is equal to side b. In this case,
equation (7) becomes:
c2 = a2 + a2 − 2a2 cos Ĉ ⇒ c2 = 2a2 + a2 = 3a2 ⇒
√
c=a 3

(8)

From equations (6 & 8) we get:
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SN R2
1
=
SN R1
2
For a γ = 4

Ã √ !γ
a 3
1 ³√ ´γ
SN R2
=
⇒
3
a
SN R1
2

(9)

C. Channel Capacity
The channel capacity of a MIMO system is defined as the
amount of information that can be reliably transmitted over a
MIMO communication channel. It is shown by [1] and [8] the
capacity lower bound of a MIMO system based on it mutual
information lower bound is given by
"
Clo =
Fig. 2. D is the distance between the transmit and receive sides, R is the
radius of the scatter ring and ∆ ≈ arcsin(R/D)

1 ³√ ´4
SN R2
=
3 = 4.5
(10)
SN R1
2
Since double resources are used and the transmission is to
be completed in two time slots and two hops, the portion of
the total SNR that will be allocated to each hop for each time
slot is going to be given by:
SN R2
4.5
=
= 2.25
(11)
SN R1
2
The results shown in equations (10) and (11) are going to
be link with the capacity performance of the channel later in
this paper.
B. Covariance Information
Under covariance information we assume that all the elements of each row of channel matrix H are correlated and
follow the model as shown in [2] and [3] such that
1

1

Ĥ = Rr2 Hˆω Rt2

(12)

where Rt and Rr are correlation matrices of sizes t × t and
r × r respectively.
By Hˆω is denoted the white channel matrix detected in error
at the receiver and by Ĥ is denoted the channel matrix of the
spatially correlated system.
Based on the model shown in [7] the entries of the transmit
correlation matrix are given by
µ
¶
dt
Rt (k, l) = Jo 2π∆|k − l|
(13)
λc
where Jo is a zeroth-order Bessel function of the first kind
and λc is the carrier wavelength of the system. The antenna
arrays at the transmitter are spaced by a distance of dt . ∆ is
defined in Fig.2.
Similarly the entries of the receiver correlation matrix are
given by
¶
µ
dr
(14)
Rr (k, l) = Jo 2π|k − l|
λc
The antenna arrays at the receiver are spaced by a distance of
dr .
The estimation of the channel matrix Ĥ at the receiver is
shown in [5] to be given by
p
(15)
Ĥ = Hω × 1 − σe2
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max

Q:tr(Q)≤P

¯
¯#
¯
¯
ĤQĤ H
¯
¯
log2 ¯Ir + 2
¯
¯
σn + σe2 tr(Rt Q)Rr ¯

(16)

In practice the mutual information is the instantaneous
capacity of a system and cannot be indicated as the system’s
capacity. For that reason we assume the channel capacity to be
the mean value of the mutual information or else the ergodic
capacity of the system. Hence the channel capacity of the
system in this paper is been determined by
¯
¯#
"
¯
¯
ĤQĤ H
¯
¯
C = E log2 ¯Ir + 2
(17)
¯
¯
σn + σe2 tr(Rt Q)Rr ¯
D. The model under investigation
The model under the investigation of this paper is the
one schematically represented in Fig.1 under the assumptions
stated below. We compare the performance of the systems
(S → D) and (S → R → D) and we discuss the SNR
gain of the Relay MIMO system when compared to the direct
simple MIMO system. We show the impact of the SNR gain
as derived in equation (11) on the capacity of the two hops
system when compared to that of the one direct path.
Throughout this paper we assume Rayleigh fading, no
channel knowledge at the systems’ transmitters and partial
knowledge of the CSI at the receiver. The relay has knowledge
of the channel statistical information of the first hop; from the
source terminal to the relay terminal (S → R) and no CSI
from the relay to destination (R → D) node. Error in the
estimation of the channel is detected in the Receiver terminal
(D) only. The Relay terminal (R) has full knowledge of the
statistical parameters of the channel from Source (S) to the
Relay (R).
The system capacity of the Relay MIMO channel (S →
R → D) will be the worse of the capacities of the two hops
(S → R and R → D).
We assume that the noise statistics are common everywhere
in the system and they do not change under any assumptions
for the channel state information and channel estimation at the
receiver.
III. N UMERICAL R ESULTS
Since the model under investigation is spatially correlated
at the transmitter, the correlation matrix of the receiver (Rr )
becomes identity matrix. Under this condition the channel
matrix estimation (Ĥ) at the receiver becomes:
1

Ĥ = Hˆω Rt2

(18)

Also, under the condition of the system being spatially
correlated at the transmitter, the capacity formula becomes
¯
¯#
"
¯
¯
ĤQĤ H
¯
¯
C = E log2 ¯Ir + 2
(19)
¯
2
¯
σn + σe tr(Rt Q) ¯

IV. S IMULATION R ESULTS
For simulation purposes the Uniform transmission strategy
is used for an SNR range −10dB → +20dB. Uniform
transmission strategy is the one where equal power is allocated
to each of the transmit antenna elements.
Fig.3 shows the capacity-wise performance of the direct
path system under different variances of error. A system where
the receiver has a perfect estimation of the channel can reach
capacities of up to 9 nats/s/Hz at an SNR of 20dB. When
a small error occurs at the estimation of the channel at the
receiver capacity drops to about 5 nats/s/Hz which is a great
loss (almost 45%), while for a large error it can be seen that the
maximum capacity a system can reach is about 2 nats/s/Hz
which is extremely lower than all the cases shown in this paper.
In Fig.3 it is also shown how the error at the estimation of
the channel at the receiver, causes the system’s performance
to saturate at certain levels of SNR. This means that even if
we had unlimited power available, the capacity of the channel
would not increase any further.
Fig.4 shows the capacity-wise performance of the relaying
path under different variances of error. From this figure it can
be said that a 4 × 4 × 4 Relay MIMO system with perfect
knowledge of the statistics of the channel at the receiver can
achieve up to 11 nats/s/Hz. In the case of the Relay MIMO
system too, an error at the estimation of the channel at the
receiver can cause the system’s performance to saturate at
certain SNRs.
The comparison of the two figures shows how Relay MIMO
system performs better than a simple MIMO system in general.
Under the same conditions and the same environment it is
obvious that the Relay MIMO system performs better. In
the cases where the receiver has perfect knowledge of the
channel we can see a 22% increment of the capacity. From 9
nats/s/Hz at an SNR of 20dB of the simple MIMO system,
the capacity reaches 11 nats/s/Hz at the same SNR level.
The error at the estimation of the channel at the receiver,
caused by the partial knowledge of the statistics of the channel

10
Normalised Capacity [nats/s/Hz]

where the channel matrix Ĥ is given by (18).
For the comparison of the two systems, Relay MIMO and
simple MIMO we use the SNR analysis shown in subsection
A. For the simple MIMO system formed in the direct path
(S → D), we assume that the system operates with a total
signal to noise ratio SN RM IM O = SN R1 while for the Relay
MIMO system formed from the path (S → R → D) the
total signal to noise ratio used for transmission in each hop is
SN RRelayM IM O = SN R2 = 2.25 × SN R1 (11).
In order to show what is the effect of the error at the
estimation of the system three different variances of error are
to be used (σe2 = 0.1, 0.2&0.5).
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Fig. 3. Capacity lower bound for the 4x4 direct path MIMO system (S → D)
with Spatial Correlation at the transmitter with dt /λc = 0.1
1. Error free system - Variance of error σe2 = 0.0
2. Variance of error σe2 = 0.1
3. Variance of error σe2 = 0.2
4. Variance of error σe2 = 0.5

at the receiver, forces the system to saturate at certain capacity
levels in both cases. The Relay MIMO saturates sooner
than the simple MIMO system which happens because the
Relay MIMO system reaches the maximum capacity faster
when compared to the simple MIMO system. In other words,
maximum capacity can be achieved with less power spent.
For high SNRs (above 20dB) there is not a clear capacitywise advantage of the Relay MIMO system as the performance
is almost the same, and hence it would not be a cost effective
solution to invest on extra nodes within the network. The larger
the variance of error, the faster the system saturates. From the
slopes of the lines on the figures it is clear that the rate of
change for the Relay MIMO is much faster than that of the
simple MIMO and that is what forces the Relay MIMO system
to reach capacity of the system earlier.
The level of spatial correlation is regulated by the dt /λc ratio as shown in section II.B. The closest the antenna elements
are, the smaller this ratio is for a specific bandwidth. As long
as the distance between the antenna elements of the transmitter
increases, for a specific bandwidth, spatial correlation at the
transmitter decreases.
A comparison of the simple MIMO versus the Relay MIMO
system is indicated in Fig.5 for various dt /λc ratios. It is
shown that for a small dt /λc ratio, the capacity achieved cannot exceed 5 nats/s/Hz while for larger ratios, the capacity
can reach up to 7 nats/s/Hz which is a 40% increment
in the capacity of the system. Fig.5 shows also that Relay
MIMO system performs better than the simple MIMO system
up to the point of saturation in the increment of the capacity.
For the particular scenario, it can be said that, it is worthless
to invest for extra infrastructure if the SNR of the system is
above 15dB. In general, all the systems will saturate at some
level of SNR as long as there is error at the estimation of
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Fig. 4. Capacity lower bound for the 4x4x4 Relay MIMO system (S →
R → D) with Spatial Correlation at the transmitter only with dt /λc = 0.1
1. Error free system - Variance of error σe2 = 0.0
2. Variance of error σe2 = 0.1
3. Variance of error σe2 = 0.2
4. Variance of error σe2 = 0.5

the channel at the receiver. For this reason the simple MIMO
and the Relay MIMO systems will merge their capacity-wise
performance at some SNRs. This logic can indicate when the
extra infrastructure is a successful investment for a system
operating at a particular SNR level.
V. C ONCLUSIONS
In this paper we investigate how the use of relays in MIMO
antenna systems can change the performance of a channel.
The topology of the system also plays a significant role in
the performance of the channel. To show the effect of the
topology on the performance of a system, we implement a
particular scenario of a relay node strategically positioned in
such a way to form an isosceles triangle. Under this setup we
examine the increment of the capacity of the Relay MIMO
system when compared with the direct path simple MIMO
system.
We also show how both simple MIMO and Relay MIMO
systems saturate when the receiver of the system has only
partial statistical knowledge of the channel. It is shown that
partial statistical knowledge of the channel at the receiver can
cause error at the estimation of the channel at the receiver and
that implies the performance of the system to saturate as the
SNR of the system increases.
Another important issue examined in this paper, is the effect
of spatial correlation at the transmitter on the performance
of the channel. It is shown that as the distance between the
antenna elements of the transmitter decreases in space, the
channel capacity decreases too.
A relay can offer significant improvement at the performance of the system at low SNRs while for higher SNRs,
the improvement is negligible. The use of a relay in a system
involves higher cost for equipment. That leads to a trade-off
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Fig. 5. Capacity lower bound for the direct path 4 × 4 MIMO system
(S → D) versus the 4 × 4 × 4 Relay MIMO system (S → R → D) with
Spatial Correlation at the transmitter and Variance of error σe2 = 0.1.
1. Direct Path 4 × 4 MIMO system - λdt = 0.1
c
2. Relaying 4 × 4 × 4 Relay MIMO system - λdt = 0.1
c
3. Direct Path 4 × 4 MIMO system - λdt = 0.5
c
4. Relaying 4 × 4 × 4 Relay MIMO system - λdt = 0.5
c
5. Direct Path 4 × 4 MIMO system - λdt = 0.9
c
6. Relaying 4 × 4 × 4 Relay MIMO system - λdt = 0.9
c

between cost and capacity. This trade-off can be stabilized
since the Relay MIMO system can achieve capacity in lower
SNRs which suggests lower power consumption but on the
other hand for operation in higher SNRs, the use of relay is
not a necessary investment.
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Abstract— This paper proposes a scheduling and adaptive
rate control scheme for multi-user multiple-input multiple-output
(MIMO) systems in the uplink, designed to improve system
throughput in single-carrier broadband wireless systems with a
turbo equalizer. In the proposed scheme, to reduce computational
burden for the scheduling and adaptive rate control, scheduling
including stream selection is first conducted in the base station
(BS) based on the expected signal to noise power ratio (SNR)
after the turbo algorithm is converged. The BS also conducts
coding rate optimization for each scheduled stream while convergence for the turbo equalizer is guaranteed thereby maximizing
throughput efficiency. In order to guarantee the convergence
property, this paper also proposes a rate control scheme suitable
for the turbo equalization using an extrinsic information transfer
(EXIT) trajectory which is predicted only from channel transfer
functions. Computer simulation confirms that the achievable
average system throughput can be significantly improved with
the proposed scheme.

I. I NTRODUCTION
Demands for higher data rates and better quality in the
uplink transmission of cellular broadband wireless systems
have been increasing with the diversification of services. To
satisfy these requirements, multi-user multiple-input multipleoutput (MIMO) systems have attracted attention as one of
the breakthroughs because of their potential improvements in
terms of sum-rate capacity [1]. In such systems, an optimization of scheduling and rate control to determine which user,
which stream, and which rate to transmit is a challenging
problem, because residual inter-stream or inter-user interference limits achievable sum-rate capacity, which results in
high computational complexity. Since exponential complexity
increasing is unacceptable for practical systems, heuristic rules
should be adopted to find a solution that achieves nearmaximum sum-rate capacity.
In time-varying multi-user MIMO fading channels, each
spatially multiplexed data stream may experience high channel
gain at different timing. This phenomenon can be exploited
to improve system throughput by scheduling radio resources
with good conditions for each user. The improvement is widely
known as a multi-user diversity effect [2], [3]. Furthermore,
when the transmission rate is adaptively controlled according
to the channel conditions at the assigned timing, redundancy
in information rate can be reduced. The reduction is equivalent

to minimization of a gap between channel capacity and a
transmission rate.
In Ref. [3], one of the optimization methods has been
proposed to achieve near-maximum sum-rate capacity with
low complexity in spatial division multiplex access (SDMA)
systems. However, with increased number of streams, the
optimization’s computational burden becomes heavy due to a
greedy search procedure. On top of that, system throughput
is not always improved although the theoretical sum-rate
capacity is maximized. This is because a capacity-achieving
data transmission scheme for any transmission rates is still
an open issue. For the sake of the enhancement of system
throughput, the adaptive rate control must take into account
a fact that only discrete transmission rates are available in
realistic transmission systems.
Recently, a frequency domain soft canceller with minimum
mean square error (FD-SC/MMSE) turbo equalization has
been recognized as one of the most promising techniques
in applications of broadband mobile communications using
single-carrier signaling [4]. To improve band-efficiency of
the broadband single-carrier systems, Ref. [5] applies the
MMSE turbo equalization technique to multilevel-bit interleaved coded modulation (ML-BICM) using higher-order
modulations such as quadrature amplitude modulation (QAM)
constructed by linearly weighted multiple binary sequences,
by which the equalizer can separate the transmitted binary
sequences constituting the QAM constellation.
Considering all of the above issues, this paper discusses the
scheduling and rate control in the FD/SC-MMSE turbo-based
multi-user MIMO system suitable for broadband single-carrier.
The focus point of this paper is that the data streams from users
can be perfectly discriminated, when an iterative detection of
the FD/SC-MMSE turbo equalizer with ML-BICM signaling
is successfully converged. This fact indicates that MIMO
transmissions can be regarded as single-input multiple-output
(SIMO) transmissions. Therefore, the base station (BS) needs
not search all of the combinations of streams in the scheduling
set to find out the optimal set that maximizes sum-rate capacity
but just search a certain amount of SIMO streams in the
descending order of achievable capacity in each stream. This
feature suggests that the BS can appropriately schedule users
with far low complexity. It is, however, required that the turbo
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In fact, one of the rate control strategies used to converge
the iterative detection in broadband single-carrier systems has
been investigated in Ref. [5]. The strategy exploits an extrinsic
information transfer (EXIT) property in the iterative turbo
equalizer [6]. In detail, an EXIT trajectory depicted in previous
consecutive frame transmission is used to allocate the optimal
coding rate. However, the scheme cannot be directly applied
to the scheduling process, because a consecutive frame transmission is not always guaranteed, thereby the trajectory for
each spatially multiplexed stream cannot be always estimated
using the trajectory analysis proposed in [5].
Fortunately, channel conditions, i.e. channel transfer functions, for the scheduled users can be measured in advance of
the resource allocation when sharing-based channel state information (CSI) feedback channel is available. Therefore, this
paper also proposes a simple EXIT property prediction scheme
suitable for the rate control even in scheduling systems. There
are two important points in the proposed scheme. The first
one is that the starting and ending points of the trajectory are
estimated only from the CSI feedback, and no knowledge on
the iterative behavior is used. The second point is that the
scheduled users are selected based only on the ending point
of the trajectory to reduce computation burden, and the EXIT
trajectory approximated by linear interpolation between at the
starting and ending points is used to select the optimum coding
rate (the highest coding rate while convergence of the turbo
behavior is guaranteed) only for users to be scheduled in the
next transmission. With this procedure, system throughput can
be maximized with low computational burden in single-carrier
broadband transmissions.
The rest of this paper is organized as follows: In Section
II, the system model used in this paper is presented and the
adaptive scheduling and rate control is described in Section
III. The performance of the proposed scheme is evaluated in
Section IV and followed by conclusions in Section V.

Fig. 2.

Block diagram of the BS : Q=4

II. S YSTEM M ODEL
A. Multi User Environment
We consider a multi-user MIMO channel where a BS
equipped with N receive (Rx) antennas can accommodate M
streams in the uplink. The detailed channel model is described
in Appendix. Note that U users with MU streams resulting
U MU > M streams are located in the environment and the
M streams out of U MU are selected by a criterion described
in III-B at the BS.
B. ML-BICM Transmitter
Figure 1 shows a block diagram of a single-carrier based
broadband MIMO transmitter with an adaptive rate control
module. In this configuration, spectrum efficiency is flexibly
controlled by ML-BICM [7] structure and high throughput can
be supported by QAM constellation and MIMO transmission.
In the ML-BICM, each layer consists of a quaternary
phase shift keying (QPSK) symbol sequence, and plural layers
are weighted and superimposed to construct a higher level
modulated symbol sequence. For example, when 2Q ary
QAM is employed, Q/2 layers of QPSK symbol sequence
is superimposed. Therefore, when M streams are multiplexed
in the MIMO system, the number of layers is M Q/2 in total
1
. Each layer is denoted as χ[m, q] (m = 1, · · · , M, q =
1, · · · , Q/2). In the layer χ[m, q], the transmitted data sequence is encoded with a coding rate selected from the
available code set, where a request of the selected coding rate
in each layer is fed back from the receiver [9].
C. MMSE Turbo Receiver
Figure 2 shows a block diagram of the BS with an FDSC/MMSE-based turbo equalizer which is used to mitigate
1 Note that the terminology “layer” corresponds to the QPSK sequence
although ML-BICM reported in Ref [8] is based on “level” of binary sequence.
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inter-symbol, inter-channel and inter-layer interferences.
At the BS, the channel transfer functions for all users are
estimated. After the received signal is converted into frequency
domain by using a block-wise discrete Fourier transform
(DFT) matrix, an expectation of a transmitted symbol ŝ is
calculated from decoder feedback [9]. Using ŝ, an interference
residual vector is generated in a soft interference cancellation
process, which is given by
r̃ = r − Hŝ.

(1)

ŝ = [ŝT1 , · · · , ŝTm , · · · , ŝTM ]T ,

(2)

ŝm = [ŝm (1), · · · , ŝm (k), · · · , ŝm (K)]T ,

(3)

where

where r denotes the received signal, H is channel matrix and
K is the length of coded symbols to be transmitted.
The equalizer output vector z m for the m-th stream can
be derived by the frequency domain processing [10], [11], is
given by
−1
F M r̃],
z m = (1 + γm δm )−1 [γm ŝm + F H ΞH
mΨ

(4)

where
1
−1
γm =
tr[ΞH
Ξm ],
mΨ
K
Ψ = Ξ∆Ξ + 2σ 2 I N K ,
∆ = (I M − diag[δ1 , · · · , δm , · · · , δM ]) ⊗ I K ,
K
1 X
|ŝm (k)|2 ,
δm =
K

(6)
(7)
(8)

where 2σ 2 is the noise spectral density, tr[·] denotes a summation of diagonal elements in the matrix, diag[·] denotes a
matrix operator which extracts only diagonal elements in the
matrix and Ξ denotes the frequency domain representation of
the channel matrix defined by

z m = µm sm + ψ,

(10)

where µm , sm and ψ represents equivalent amplitude level,
transmit signal from the m-th stream and zero mean independent complex Gaussian noise with variance Nm , respectively.
From Eqs. (4) and (10), the gain µm , the complex variance Nm

(11)

µm − µ2m ,
(12)
2
(µm )
.
(13)
snr m =
Nm
After calculation of extrinsic log likelihood ratios (LLRs)
based on the equalizer output at a demapper and Eqs. (11)
and (12) [7], a parallel-to-serial (P/S) converter provides LLR
E
stream for each layer LE
m,q . The obtained LLR Lm,q is forwarded to the soft-input soft-output (SISO) decoders followed
D
by calculation of the decoder output LLR LD
m,q . After Lm,q is
interleaved and S/P converted, the expected transmitted symbol
ŝm is generated. These extrinsic LLRs for the q-th layer of
m-th stream are iteratively exchanged between the equalizer
and the decoders via deinterleaver and interleaver.
Nm

=

III. A DAPTIVE S CHEDULING AND R ATE C ONTROL
A. Convergence Property on an EXIT Chart
According to Ref. [5], [6], the mutual information (MI) I
between the transmitted coded bits C ∈ {±1} with equiprobable occurrence and the extrinsic LLR is given by
Z ∞
I = 1−
pL|C (ξ| + 1) log2 (1 + e−ξ )dξ
=

1−

−∞
K
X

2
K

k=1

log2 (1 + e−Lk )
1 + e−Lk

(14)

where pL|C (ξ|b) is a probability density function (PDF) of
LLR being ξ conditioned upon the coded bit b, and Lk is
the LLR of the k-th bit. Eq. (14) indicates that the extrinsic
LLR stream for the equalizer output (LE
m,q ) and that for the
decoder output (LD
m,q ) can be easily transformed into MI for
E
the equalizer output (Im,q
) and that for the decoder output
D
(Im,q ), respectively.
1) Decoder EXIT Function: A decoder EXIT function for a
convolutional code with an arbitrary code structure is uniquely
defined by
D
E
Im,q
= GR (Im,q
).

(9)

where Ξm is the frequency domain representation of the
channel matrix among m-th stream and all Rx antennas pairs.
The block-wise DFT matrix F M is given by F M = F ⊗ I M
where F is a K × K DFT matrix, I x is an x × x identity
matrix and ⊗ denotes Kronecker product.
Let us assume that the equalizer output follows a Gaussian
distribution [12], the equalizer output can be approximated as
[8], [9]

= (1 + γm δm )−1 γm ,

µm

(5)

k=1

Ξ = [Ξ1 , · · · , Ξm , · · · , ΞM ].

and signal to noise power ratio (SNR) snrm of the equalizer
output for the m-th stream can be expressed as

(15)

Figure 3 shows the EXIT characteristics of several channel
decoder outputs for convolutional codes with its constraint
length of four specified by Ref. [13]. The decoder EXIT curves
in this figure are for a set of coding rates R from 1/8 to 7/8,
as described in the figure caption. Curves with higher coding
rate are located higher.
2) Equalizer EXIT Function: Despite the ease in calculation of the MI for the equalizer output, analyzing the EXIT
characteristic of each layer with M > 1 or Q > 2 is not
easy, because a certain layer’s MI transfer function depends
on the other streams’ and layers’ decoder output MI, which is
formulated as
E
D
D
D
D
Im,q
= Fm,q (I1,1
, · · · , I1,Q/2
, · · · , Im,1
, · · · , Im,Q/2
,
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D
D
· · · , IM,1
, · · · , IM,Q/2
, Ξ, Es /N0 ). (16)
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where Es /N0 is energy-per-symbol to the noise spectral
density.
3) EXIT Chart: A snapshot of the EXIT chart for a layer
and a stream is depicted in Fig 4, where M = 2, N = 2,
Q = 2 (QPSK), 24-path frequency selective fading with 2
dB exponential decay factor, and Es /N0 = 6 dB. The MI is
calculated by 4096 coded bit length. In this case, since each
MI depends on feedback MI from the both decoders of the
two streams, the EXIT characteristic is expressed by planes.
When the number of streams and layers increases more, the
EXIT chart becomes multi-dimensional, which is impossible
to be visualized.
However, convergence analyses for M > 1 or Q > 2 can
be accommodated by projecting the EXIT functions onto two
dimensional planes constructed by the equalizer output MI
and one of the decoder’s output MI [14]. Figure 5 shows
projected EXIT chart of Fig. 4. Gray zones represent region of
E
D
the equalizer output MI Im,q
at an arbitrary value of Im,q
. In
other words, the lower bound corresponds to the case when the
decoder output MI values fed back from the other stream are
zero, and the upper bound corresponds to the case when those
are one. Solid lines in Fig. 5 show the projected trajectories
which demonstrate a behavior of iterative detection process.
The key point of the iterative process is that the symbol stream
D
is correctly detected only if the trajectory reaches Im,q
≈1
as shown in Fig. 5 (a). In this paper, this situation is called
as “The trajectory is converged.” In contrast, the detection is
D
failed if the trajectory is stuck at the point where Im,q
< 1,

Fig. 6.

E
e
Equalizer output MI Im,q
versus snrm

as shown in Fig. 5 (b). With the same manner, behavior of
iterative detection process in the case of more streams or layers
can be visualized.
B. Scheduling
We now consider that there are U users with MU streams
resulting U MU (> M ) streams in the environment, and the BS
selects M streams out of U MU streams. The M data streams
are independently detected, when the iterative detection of
the FD/SC-MMSE turbo equalizer is successfully converged –
corresponding to successful cancellation of inter-symbol, interchannel and inter-layer interferences –. If the turbo equalizer is
converged, since perfect knowledge about transmitted symbol
is obtained from decoder feedback information, δm becomes
e
1 for all m. Therefore, the gain µem , the complex variance Nm
e
and SNR snrm of the equalizer output for m-th stream given
by Eqs.(11)-(13) at the ending point can be rewritten as
µem
e
Nm
snr em

e −1 e
= (1 + γm
) γm ,
e
= µm − (µem )2 ,
(µem )2
e
= γm
,
=
e
Nm

(17)
(18)
(19)

e
where γm
is given by
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e
γm
=

1
tr [ΞH
m Ξm ].
2σν2 K

(20)

According to Eqs.(17)-(20), MIMO transmissions can be regarded as SIMO transmissions because the equalizer outputs
are independent of each stream. This feature indicates the
decoder output for each stream is uniquely determined without
impacts on combination of simultaneously transmitted stream,
when the equalizer is successfully converged.
In addition, as long as the equalizer output can be regarded
to be subject to a Gaussian random process, the equalizer
E
output MI Im,q
can be approximately given by the J function
[14] for each layer as
³
´
e2 H2 H3
E
e
(21)
Im,q
= J(σm
) ≈ 1 − 2−H1 (σm )
e
is
where the parameter σm

e
 4snr m
e2
3.2snr em
σm
=

0.8snr em

TABLE I
A PPROXIMATION PARAMETERS FOR E Q . (27)
Layer
1
2

µsm
s
Nm
snr sm

(22)

E
e
and relationship between Im
and snrm
are shown in Figure
6. The mapping-specific parameters are H1 = 0.3073, H2 =
0.8935 and H3 = 1.1064 that are obtained by least-squared
curve fitting [15]. Note that the approximation approach has
been originally proposed by Brannstrom [14]. According to
Fig. 6, the J function is a monotonically increasing function.
This independency involved in calculation of MI suggests
that the BS should select M streams for simultaneous transmission out of U MU based on following rule:
e
0
1. Calculate snrm
0 (m = 1, ..., U Mu ) for all U MU stream
candidates where Ξm0 for each stream candidate is perfectly known at the BS.
e
2. Select top M streams having higher snrm
0 among U MU
stream candidates.
As a result, user and stream selection process in the
scheduling is extremely simplified compared to the previously
proposed searching algorithms [3]; just to choose user and
e
stream having higher snrm
0.
As explained before, the EXIT trajectory is useful for the
evaluation of the convergence [5], and it is applicable if
data streams are consecutively transmitted. However, in the
scheduling process, a consecutive frame transmission is not
always guaranteed, which means that the equalizer output MI
for each stream cannot always be estimated using trajectory
analysis for previously transmitted signals. In the broadband
wireless access systems, fortunately, we usually have some
means to evaluate channel transfer function. Thus, this paper
proposes an adaptive rate control scheme for selected users
using EXIT trajectories predicted only from channel transfer
functions without any information about EXIT trajectories of
previous transmissions in next subsection.

C. Rate Control
In order to predict the trajectory behavior, we now focus
on a starting point and an ending point on the EXIT charts.
The ending point can be calculated by Eq. (21). On the other
hand, the starting point is determined by the equalizer output
at the first iteration [9]. At this stage, feedback information

H2
0.4805
1.4166

H3
-2.2073
0.1675

H4
0.3187
1.1746

H5
4.7618
0.9966

from the decoder does not exist, i.e., δm is 0. Therefore, the
s
s
gain µsm , the complex variance Nm
and SNR snrm
of the
equalizer output for the m-th stream of Eqs.(11)-(13) at the
starting point can be rewritten as

defined as
(Q = 2)
(Q = 4, Layer1)
(Q = 4, Layer2),

H1
1.0045
1.0027

s
= γm
,
s
= µm − (µsm )2 ,
s
(µsm )2
γm
=
=
,
s
s
Nm
1 − γm

(23)
(24)
(25)

s
where γm
is given by
·
¸
³
´−1
1
H
s
2
γm
tr ΞH
+
2σ
=
ΞΞ
I
Ξ
m . (26)
m
ν NK
K

Invoking a Gaussian channel assumption again, the starting
point is approximated by least-squared curve fitting [15]
expressed as
³
´H5
−H (snr sm )H4
E
s
Im,q
= Jq (snrm
) ≈ H1 − H2 3
,
(27)
where the mapping-specific parameters H1 , H2 , H3 H4 and
H5 for each layer are listed in Table I. Therefore, the starting
and ending points are constructed only from SNR of the
equalizer output depending on the channel transfer functions.
We now consider to approximate the trajectory for each
layer with a straight line connected between the starting and
ending points. In order to assess the code optimality in terms
of the convergence property, examples of the equalizer and
the decoder output MI transfer characteristics under a given
channel realization are depicted in Figure 7, where M = 2,
N = 2, Q = 4 (16QAM), Es /N0 = 15 dB, 24-path frequency
selective fading with an exponential decay factor 2 dB, and
4096 coded bits length are assumed. The trajectories of the MI
exchange until eighth iteration are plotted in the figures. There
are four trajectories corresponding to the layers χ[1, 1], χ[1, 2],
χ[2, 1], χ[2, 2]. Fig. 7 (a) shows the case when all layers
can select coding rate without including large redundancy.
As can be seen in the figures, the approximated solid line
matches well with the trajectories of MI exchange, which
correspondence suggests that we can guarantee convergence
with a high probability using the approximated solid line.
However, there might be actually a case where transmissions
cannot successfully converge although the approximated solid
line does not intersect with a corresponding decoder EXIT
curve as shown in the Fig. 7 (b) due to lack of iterations.
Therefore, we add a simple criterion to guarantee the convergence by setting a window between the approximated solid
line and the corresponding decoder EXIT curve as shown in
Figure 8. The approximated solid line and the corresponding
decoder EXIT curve are always separated with window size w
or more. With this criterion, it is expected that transmissions
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}
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α
for each rate in the set of rates R, where ηR
denotes
the equalizer output MI required to yield frame error rate
α
(FER) ≤ α [9]. An example of the pre-calculated ηR
values at α = 0.1 for the convolutional codes are listed
in Table II.
2. One step lower coding rate is selected if the convergence
property applying the concept of window-control is not
guaranteed.
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TABLE II
α
A N EXAMPLE OF THE PRE - CALCULATED ηR
R
α
ηR
R
α
ηR
R
α
ηR

1/8
0.3183
1/3
0.6602
5/6
0.9714

1/7
0.3567
1/2
0.8197
6/7
0.9825

1/6
0.4040
2/3
0.9256
7/8
0.9848

1/5
0.4701
3/4
0.9509

1/4
0.5545
4/5
0.9618

successfully converge at any time, even in the number of
iterations is limited.
This convergence feature suggests that the BS should select
a coding rate for each layer at the m-th stream based on the
following rule:
1. To achieve high coding rate, select a set R of coding

Computer simulation has been conducted to verify an enhancement of throughput efficiency by the proposed system.
Table III specifies the main simulation parameters. In this
simulation, there are four users and each user can transmit
up to two streams. At the BS, four Rx antennas are equipped
to discriminate up to four streams at the receiver. Thus, four
streams among potential eight stream candidates are scheduled
and rates are controlled to maximize the throughput efficiency.
As for the channel state, the same average path loss including
shadowing is assumed for all users, and only uncorrelated
instantaneous frequency-selective fading is assumed for each
stream, where 24-path Rayleigh-fading channel with an average path energy having a decaying factor of 2 dB between the
consecutive paths is assumed. 16QAM ML-BICM is employed
and coding rate for each layer is independently controlled
according to the algorithm explained in Sect. III-C. The MaxLog-Maximum a-posteriori probability (MAP) algorithm with
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TABLE III
S IMULATION PARAMETERS
Modulation rate
Coding rate
Data symbol length
Cyclic prefix
Channel coding
Decoder
Interleaver
Number of Rx antennas
Number of transmit stream
for each user
Number of users
Number of selected streams
Channel model
Delay profile
Channel estimation

Multilevel 16QAM BICM
7/8, 6/7, 5/6, 4/5, 3/4, 2/3, 1/2,
1/3, 1/4, 1/5, 1/6, 1/7,1/8
2048 symbols
64 symbols
non-systematic convolutional code
( constraint length 4 )
Max-Log-MAP with Jacobian logarithm
Random
4
2
4
4
24-path Rayleigh fading
exponentially 2 dB decaying
Perfect

Throughput Efficiency [bits/sec]

14

a

Proposed w/ window
Proposed w/o window
w/o guarantee

12

V. C ONCLUSION

10

An efficient EXIT chart aided scheduling and adaptive rate
control scheme for multi-user broadband MIMO systems has
been proposed in this paper. The proposed scheduling and rate
control scheme provides high data throughput in time varying
spatio-temporal channel characteristics with low complexity.
Computer simulation confirms that the throughput efficiency
can be improved with Es /N0 using the proposed scheme.

8
6
4
2
0

Fig. 9.
coding

Es /N0 = 10 dB. This is because the equalizer EXIT curve
intersects with the corresponding decoder EXIT curve before
achieving the target MI, thereby resulting in frame errors.
The performance of the proposed scheme without window
also faces to the same “valley” phenomenon around Es /N0 =
10 dB. This is because the convergence of the trajectory cannot
always be guaranteed due to the lack of iterations even when
the equalizer EXIT curve does not intersect with the selected
decoder EXIT curve before achieving the target MI.
On the other hand, the performance of the proposed scheme
with the window size w = 0.1 can improve throughput
efficiency with Es /N0 without an event of “valley”. The value
w = 0.1 is optimized in the given simulation conditions.
However, the optimum value is almost identical in other
conditions.
These results confirm that the proposed EXIT chart aided
scheduling and rate control technique with the window control is effective in properly enhance system throughput with
increasing Es /N0 .
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Jacobian logarithm is used in the each layer’s SISO decoder
[16] and the number of iteration in the turbo algorithm is set
to eight. The estimation of channel states and the notification
of the selected coding parameters are assumed to be perfect.
B. Simulation Results
Figure 9 shows throughput efficiency of the proposed
scheduling and rate control scheme with and without the window control. In addition, the performance without a guarantee
function of the trajectory convergence (coding rate is selected
only by Eq. (28)) is also shown in the figure as a reference
curve. Note that throughput efficiency is defined as [summation
of number of source bits in successful received frames] /
[transmitted time duration in unit of symbol duration], and
transmit Es denotes an transmit energy-per-symbol.
The performance of the non-guaranteed convergence
scheme selects a code for each layer in the set R of coding
E(end)
α
rates of which rate satisfying ηR
< Im,q
so that the
coding rates are determined by FER requirement α = 0.1
[9]. It is found from the figure that there is a “valley” around
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A PPENDIX
multi-user MIMO channel
In this paper we consider multi-user MIMO channels where
a BS equipped with N receive (Rx) antennas can accommodate M streams simultaneously.
A symbol transmitted at a discrete time k from the m-th
stream is denoted by sm (k). The channel impulse response
(CIR) between the m-th stream and the n-th Rx antenna, is
denoted by hn,m (t = lTs ) = hn,m (l) with Ts being a symbol
duration. The received symbol rn (k) received at the n-th Rx
antenna can be expressed by the convolution of the transmit
signal and the CIR as
rn (k) =

L−1
M
XX

hn,m (l)sm (k − l) + νn (k),

(29)

l=0 m=1

where L denotes the channel memory length, and νn (k)
denotes zero mean additive white Gaussian noise sample with
variance 2σ 2 .
To apply a frequency domain processing with low computational complexity at the receiver, a length P symbol
cyclic prefix (CP) is added to each transmitted symbol stream,
resulting the total transmitted symbol block length becomes

P + K. Removing the CP at the receiver, the channel model
in a matrix form is expressed as
r = Hs + ν

(30)

where r, s, and ν are the received signal, the transmitted
signal, and the Gaussian noise vectors, respectively, and they
are given by
£
¤T
r = r T1 , · · · , r Tn , · · · , r TN ,
(31)

and

£
¤T
s = sT1 , · · · , sTm , · · · , sTM ,

(32)

¤T
£
ν = ν T1 , · · · , ν Tn , · · · , ν TN

(33)

with their component vectors being
T

r n = [rn (1), · · · , rn (k), · · · , rn (K)] ,
T

sm = [sm (1), · · · , sm (k), · · · , sm (K)] ,

(34)
(35)

and
T

ν n = [νn (1), · · · , νn (k), · · · , νn (K)] .

(36)

With definitions of the terms above, the channel matrix can
then be defined as
H = [H 1 , · · · , H m , · · · , H M ]
with its component sub-matrices being
h
iT
H m = H T1,m , · · · , H Tn,m , · · · , H TN,m ,

(37)

(38)

where H n,m is a circulant-matrix based on the column vector
[hn,m (0), · · · , hn,m (L − 1), 0K−L ]T and 0x denotes an allzeros vector with length x.
The frequency domain representation of the channel matrix
H can be expressed as
Ξ

=
=

F N HF H
M
[Ξ1 , · · · , Ξm , · · · , ΞM ]

(39)

with its component diagonal sub-matrices being
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Ξm

= [Ξ1,m , · · · , Ξn,m · · · , ΞN,m ]T .

(40)
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number of orthogonal spreading sequences and they
also propose only one such scenario in their
contribution which can be shown to use spreading
sequences. This study, however, follows [2] where
Pulse Position Modulation (PPM) is employed to
generate a wireless communication data link. Hence
this paper looks at systems employing PPM.

1. Introduction
Ultra Wideband (UWB) systems are proposed as a
wireless access system which are potentially able to
provide broadband access speeds using large frequency
spectrum bandwidths at low power over short distances
(about 0-100 metres, also called pico cells in cellular
systems). Over larger distances communication is
possible but at lower access speeds. Even though the
spectrum is wideband and will extend over frequencies
which have been auctioned off to various commercial
companies by governments, it is so low power that it
appears as background radiation and forms part of the
noise floor. The possible applications range from the
radio used in the formation of Ad Hoc network low
power devices in a Wireless Sensor Network (WSN)
scenario (comprised of small radio devices termed
motes) [1] to the access of the internet using wireless
transceivers in a LAN (Local Area Network).

In [2] the authors employ an analog PPM modulation /
demodulation technique using two transmit antennas
and one receive antenna. They illustrate the use of PAM
(Pulse Amplitude Modulation) and PPM, showing
through theoretical analysis that the systems are very
similar, one employing an amplitude modifier and the
other employing a time shift. In [2] they perform their
simulations without the use of Time Hopping.
Time Hopping allows multiple users to access the
wireless medium without affecting each other provided
they do not use the same time hopping pattern and their
time hopping patterns are synchronised to some
common time. In wireless MAC (Medium Access
Control) schemes this is often done by the use of a
beacon control packet/frame. In our study we use a
Time Hopping Pattern which [2] does not. This
smoothes the spectrum of the UWB system and thus
allows the system to appear more like background noise
to other wireless communication systems rather than
the discrete spectra that would result without its use.
For this reason it was decided that the simulated system
must incorporate a time hopping pattern. For PPM the
shift in pulse position also smoothes the spectra but its
effect is less significant than the use of a time hopping
pattern.

Two main classifications of UWB are referred to in the
literature. One uses multiband orthogonal frequency
division multiplexing (MOFDM) where spectra is
sliced into relatively large widths of broadband
frequency (as distinct from narrowband) and time
hopping between frequency slices may be employed
across the larger UWB spectrum available. The other
technique is the use of Gaussian pulses whose
bandwidth extends into many Gigahertz in terms of its
spectrum. This is determined by the time duration of the
pulses that are emitted by the UWB transmitter.
It is not clear how an Ultra Wideband system could use
multiple antennas to transmit more than one binary bit
in a single transmission period. Yang et. al.[2] have
proposed techniques which use multiple antennas to
transmit a single binary bit using two spreading
sequences. This is inefficient in terms of the limited

It is shown in this paper that the resultant BER is
comparable to that obtained for a Yang Analog ST
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And from the 1st antenna they transmit the waveform
(reproduced from [2] equation 11):

coding type I scheme[2]. If the system is compared on a
per antenna branch basis it is shown that a 3dB
improvement is possible over the corresponding Yang
ST coding type I scheme which can transmit only one
binary bit compared to the two that Space Time
Spreading (STS) sends per branch when two transmit
antennas are employed. Thus it is shown how multiple
antennas may be employed in a Space Time Spreading
Time Hopping Ultra Wideband Pulse Position
Modulation (STS-TH-UWB-PPM) system to achieve
the transmission of multiple binary bits in one
transmission period.

⎛ ε
s1 (t ) = s⎜⎜
⎝ 2No

The signal described by equation (1) and (2) are then
demodulated over a symbol by multiplication by a
template which considers all of the channel multipath
gains and appropriately time shifted values of the pulse
shaper. This is then combined in an L-finger Rake
receiver and then an MRC detector. The procedure is
fully described in [2].

2. Yang’s Analog ST coding I scheme
In [2], one of the proposed techniques to be employed
to provide space diversity using two transmit antennas
is termed Analog ST coding scheme I. The authors of
[2] profer that at the transmitter a Space Time (ST)
encoder is used on each transmitting antenna to form
the transmitted signal. The ST encoding occurs over
many frames of transmitting Gaussian shaped pulses
within short time periods of length Tf. In their
simulations and our simulations Tf had a value of 100
ns (nano-seconds). They also deployed the SV (SalehValenzuela) channel described in [3], which is a nonline of sight model of the multipath channel. The
number of such frames in a symbol is denoted Nf. They
indicate that Nf is usually even (as it is for our
spreading code in Section 3 which uses an Nf=32).

These signals described by equation (1) and (2) should
be examined closely. In [2] they do not include
discussion of spreading codes being used as we will do
in our STS-TH-UWB-PPM proposed system. However,
they are, in fact, using a simple form of WalshHadamard codes to form the difference equation which
allows them to demodulate the single bit or symbol
transmitted by the ST encoder. The orthogonal WalshHadamard codes used in [2] are the first two:
spreading code 0:
spreading code 1:

+1 -1 +1 -1 +1 -1 +1 -1
+1 +1 +1 +1 +1 +1 +1 +1

For this reason it is logical that the Analog ST coding I
scheme deployed in [2] can be compared to the STSTH-UWB-PPM system described next in Section 3. The
STS-TH-UWB-PPM Simulink simulator will be
validated and compared against the results found in [2]
using the same SV channel parameters in Section 4.

Proceeding, Yang et. al. form two signals that are
transmitted at the same time from the 0th antenna and
the 1st antenna. From the 0th antenna they transmit the
waveform (reproduced from [2] equation 10):

⎞ N f −1
⎟ ∑ (− 1)n f w(t − n f T f )
⎟ n =0
⎠ f

(2)

The factor of 2 in the denominator is used to normalise
the power to that used in a SISO system (as we also do
in Section 3). They do not incorporate a time hopping
pattern as we do in Section 3 and 4. The signal w(t) is
the Gaussian pulse waveform used or pulse shaper
(which is normalised so that the integral over a time
period Tf of its squared value is equal to unity, or in
other words has unit energy [2]). The term ‘s’ is the
coded value of the bit transmitted. The value of s is
either -1 representing a ‘0’ or +1 representing a ‘1’. Nf
is the number of frames in a symbol and does not
incorporate the time hopping pattern used (the actual
period when time hopping is incorporated for one
symbol would then be Nf times Tf times the number of
slots in the Time Hopping pattern in total, see Section
3).

This paper starts by describing briefly a Yang Analog
ST coding type I scheme from [2] in Section 2 and
shows how it is in fact using orthogonal WalshHadamard codes on each antenna. Section 3 describes
STS and how it is applied to a TH-UWB-PPM system.
Section 4 describes how the simulator in Simulink for
Section 3 was modified to provide a Yang Analog ST
coding type I scheme and shows the simulation using
the Simulink model developed for Yang’s ST coding I
scheme versus the relevant data from [2]. Section 5 then
compares Yang’s ST coding I scheme in terms of
measured Eb/No (dB) to the proposed STS-TH-UWBPPM scheme for Partial and Selective Rake systems for
the number of used multipath values (L) of 1 and 4.
Section 6 is then the conclusion and future work.

⎛ ε
so (t ) = s⎜⎜
⎝ 2No

⎞ N f −1
⎟ ∑ w(t − n f T f )
⎟ n =0
⎠ f

(1)
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instead of being based on a spreading sequence per
antenna, it is based on the sum and difference of
spreading sequences according to the equations [4]:

3. STS-TH-UWB-PPM system
A simulator was designed and is described in [4]. The
parameters used to model the SV channel were the
same as described in [2] Section V. These followed the
SV channel descriptor, with rays arriving in clusters
given by Poisson process cluster arrival rate, Λ , such
that 1 = 2 ns. The rays within each cluster arrived in a
Λ
Poisson Process with arrival rate λ , such that
1
= 0.5 ns. The amplitudes of each of the arriving rays
λ
is found from a Rayleigh distributed random variable
having exponentially decaying mean squared value with
variables Γ and γ such that Γ =33 ns and
γ = 5 ns [2]. The pulse width of the Gaussian pulse
(which is the second derivative) was also chosen to be
0.7 ns in accordance with [2].

⎧2⎫
⎪ ⎪
b1c1 [ j ] + b2 c 2 [ j ] = ⎨ 0 ⎬
⎪− 2 ⎪
⎩ ⎭

for

j = 1,...,32

(3)

While for the difference stream we have:

⎧2⎫
⎪ ⎪
b2c1 [ j ] − b1c2 [ j ] = ⎨ 0 ⎬
⎪− 2 ⎪
⎩ ⎭

j = 1,...,32

for

(4)

Where the individual chips of the spreading sequences
are represented by c1[j] and c2[j]. These are the two
Walsh-Hadamard spreading sequences used in Space
Time Spreading and j is the counter for the individual
chips within that sequence which here is a integer in the
range {1,2,..,32}. The symbols b1 and b2 in Equation 3
and 4 represent the two binary bits in {-1,+1} coding to
be transmitted across the UWB channel [4]. The chip
level data on each antenna is then ‘-2’, ‘0’, or ‘2’. These
can be represented by 0ns, 1ns and 2ns shifts
respectively in a PPM UWB system. Also equations (1)
and (2) show that the two binary bits to be sent are
coded into both the 0th and 1st antenna stream which
provides the two fold diversity of STS when using two
transmit antennas [5].

Further, the real part of the multipath signal was taken,
and then a search and marking of useful rays were
chosen such that they were one nanosecond or more
away from the next nearest multipath ray. This then
became the channel model. Many such simulations
were run and a database of channel instances was
compiled for direct use in the Simulink simulator.
These values were not, however, modified for using 0,
1 and 2 ns pulse position modulation. This could have
been done to improve the performance of the STS-THUWB-PPM by avoiding the possibility of a 2 ns shift
corresponding to a pulse position in the alternate PPM
shift cases that the MRC needs to calculate when
detecting / deciding whether a 0 ns, 1ns or 2ns offset in
the chip position was sent in any particular chip (a chip
being one bit of a spreading sequence).

The STS-TH-UWB-PPM simulation assumes that each
antennas channel or branch is uncorrelated. To model
this a different set of channel multipath gains were
generated for each antenna and embedded in the
simulator. This also means that one channel’s multipath
could interfere with another, however the decision
vector formed at the MRC models all possible
combinations of the two channels without the addition
of noise making the decision based on an Optimal
dectector [6][7] when Gaussian noise was added.

It should be noted that the decisions in [4] were based
on the chip level data and de-spreading occurred on the
hard decision made at the chip level. In these STS
simulations, in accordance with the description in [2],
an MRC detector is used after all of the symbols pulses
are collected. This is done by accumulating the data at
the chip level in accumulators according to a calculated
receiver matrix which considers the signals that could
possibly be transmitted on the two antennas for the
given spreading sequence used in the STS encoder.
This needs to be calculated on a spreading sequence
basis and will change with a different spreading
sequence. It, however, only needs to be done during
initialisation and a spreadsheet was employed to check
the calculations.

A fixed Time Hopping pattern of :
[6

0

5

3

6

4

5

3]

was used throughout all simulations. Each slot was
made up of eight one hundred nano second frames and
when the time hopping pattern was completed, it was
restarted again. Statistics were only calculated when an
active slot was encountered. At all other times the
channel was silent as described in [4].

The STS encoder produces spread signals on both
antennas in a similar way to the Yang’s ST Analog
coding I system. The difference, however, is that
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4. Simulation of Yang’s Analog ST coding I
The STS-TH-UWB-PPM system described in Section 3
was modified by changing the STS encoder to an
encoder formed from equation (1) and (2). The STS
encoder provides pulse positions for -2, 0, and 2. The
modification involved changing the STS coder section
to a ST coder that provided only pulse positions -2 and
0, which then represented -1 and +1 for the values of ‘s’
in Equation (1) and (2). The MRC detector array was
also modified so that only the terms which contributed
to the decision were included in the detector module.
Thus, apart from modifications in the ST encoder and
MRC detector modules the implementation of Yang’s
Analog ST coding scheme I used the STS-TH-UWBPPM simulator described in Section 3.
Figure 1: Yang et. al. results from [2] compared to
Simulink implementation of [2]’s Analog ST coding I
schema with Simulink simulation normalised

The other difference in this simulation is that
Yang et. al. did not include a time hopping pattern,
whereas this is already built into the STS-TH-UWBPPM simulator so it was also included in the
implementation of Yang’s Analog ST coding I scheme.
This should not have a significant impact on the results
as the fixed time hopping pattern is only used in
deciding when to measure the statistical data in the
simulator and allow for experiments with more than one
user into future research as well as smoothing the
spectra.

5. Comparison with STS system
The Yang et. al Analog ST coding type I system
(incorporating Time Hopping) was then simulated and
the BER versus Eb/No (dB) was measured using the
Simulink Simulator. This was then compared to the
STS-TH-UWB-PPM proposed system. This was done
for L=1,4 and for Partial and Selective Rake detection
schemes. Partial rake used the first L useful rays in the
template and Selective Rake used the L highest energy
useful rays in the template. Figure 2 shows the results
for the Partial Rake comparison and Figure 3 shows the
results for Selective Rake comparison. It should be
noted that the results reported in [2] were only using
Partial Rake from our discussion in Section 4.

The Simulation of Yang’s Analog ST coding I system
in Simulink was run for different expected SNR (Signal
to Noise Ratio) using three different seed values. An
estimate of the corresponding data set (from Figure 7
and Figure 8 of [2]) was plotted versus the data with
95% confidence intervals included. The data from our
study was normalised for comparison purposes. Figure
1 shows the results for L=1 and L=4 for a Partial Rake
system. This uses the first L useful rays to form the
template in the MRC detector.

Examining Figures 2 and 3 it can be seen that the
performance of STS-TH-UWB-PPM was comparable
to that found for the Simulink simulation of Yang’s
Analog ST coding I system. However, it should be
noted that the STS system transmits two binary bits
within a symbol period whereas Yang’s ST coding I
system only transmits one binary bit.

Figure 1 shows similar results for low expected SNR,
with our Simulink simulations BER results for the Yang
Analog ST coding I schema. For higher expected SNR
our simulation produced lower BER results. The actual
simulator data used in [2] for the channel model was
unavailable to us so we could only use the statistical
parameters provided in [2] to generate our own channel
model data set. One possible explanation is that for the
study in [2] their multipath was richer than that used in
our simulation as we limited the maximum number of
multipath for any single channel instance to 200
multipath gains (truncating if more were produced).

If one considers the individual transmitting antenna
branches of the STS and Yang Analog ST coding I
system, the STS system has encoded the two bits to be
transmitted (this is the case in both antenna branches)
whereas Yang’s equivalent technique only has one. If
this is considered then the results in Figure 4 and 5 are
applicable where a significant improvement per antenna
can be seen.
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Figure 2: Simulation of Analog ST coding I and
STS-TH-UWB-PPM
proposed
system
for
Partial Rake L=1,4

Figure 5: Simulation of Analog ST coding I and
STS-TH-UWB-PPM per antenna branch proposed
system for Selective Rake L=1,4

6. Conclusion
We propose a novel technique to allow transmission of
two binary bits using two transmit antennas called STSTH-UWB-PPM. It has the advantage that the binary
bits are available on both antenna signals and requires
two spreading sequences to transmit two binary bits.
This compares to Yang’s Analog ST coding I schema
which uses two spreading codes (and only one set
allowed) to transmit one binary bit. This proposed
system has comparable or significantly better
performance to the Analog ST coding I schema
described in [2].
Future work will include investigating the effect of
MAI (Multiple Access Interference) for one to four
interferers and possible mitigation techniques which
could be employed, such as spreading codes with low
cross correlation sidelobes.

Figure 3: Simulation of Analog ST coding I and
STS-TH-UWB-PPM
proposed
system
for
Selective Rake L=1,4
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Abstract—The Golden code has recently been proposed as a 2
x 2 space time block code that achieves the optimal diversity
- multiplexing gain tradeoff for a multiple antenna system.
In this paper we review the decoding methodology for the
Golden code, followed by performance comparisons with the
Alamouti code and V-BLAST in Rayleigh fading environments
with Doppler spread. Simulation results show that the Golden
Code outperforms both the Alamouti code and V-BLAST at
high SNR levels. For a symbol error rate of 10−4 the Eb/N0
requirement for the Golden code is 5dB less than the Alamouti
code and V-BLAST.

I. I NTRODUCTION
In recent years, multiple antenna systems (commonly referred to as multi-input multi-output or MIMO systems) have
proven to be an effective method for realising high-rate reliable
wireless communications. Research in MIMO systems has
generally focused on providing either higher-rate or increased
diversity over traditional single antenna (SISO) systems.
Foschini [1] introduced the layered space-time (BLAST)
architecture where a high throughput rate is achieved by using
multiple transmit antennas to transmit multiple independent
data sub-streams in parallel. Multiple receive antennas and
multi-user detection algorithms are used at the receiver end to
separate and decode the individual sub-streams. Although providing high-rate, BLAST has the shortcoming that it does not
provide diversity gain as each data symbol is only transmitted
once from one antenna.
Alamouti [2] introduced a simple orthogonal space time
block code (STBC) that provided diversity gain for 2 × 1 and
2 × 2 multi-antenna systems. This scheme was generalised
and extended by Tarokh et. al. [3] to include higher-dimension
MIMO systems, using real and complex orthogonal STBCs.
Although providing diversity gain, orthogonal STBCs have the
shortcoming that (with the exception of a few sporadic codes)
the coding rate does not exceed 21 .
A generalised class of space-time codes that encompassed
both orthogonal STBCs and BLAST architectures was proposed by Hassibi and Hochwald [4]. This generalised class of
codes, which are known as linear dispersion (LD) codes, are
defined as codes that break up the input data stream into substreams that are dispersed in linear combinations over space
and time. Theoretically, LD codes can provide both diversity
gain and high-rate. In general, LD codes can outperform their
orthogonal STBC and BLAST sub-classes.

Sethuraman et. al. [5] proposed a methodology for designing
full-diversity high-rate LD codes using cyclic division algebras. A division algebra is used to provide a structured set of
invertible matrices to construct LD space-time codes. Using
this technique, Belfiore et. al. [6] developed the Golden Code,
a 2×2 LD code that provides both diversity gain and full-rate.
In this paper, we investigate the effect of Doppler spread
on the performance of the 2 × 2 Golden Code. Doppler spread
is a measure of spectral broadening caused by the relative
motion between the transmitter and receiver antennas or by
the movement of reflecting objects in the channel. Doppler
spread is an important consideration in the design of mobile
communication systems.
The paper is organised as follows. Section II presents an
overview of the system model. Section III provides the definitions of LD codes. Section IV summarises the LD decoding
algorithm used in the simulations. Section V describes the
Golden code. Section VI presents the simulation results and
conclusions are presented in section VII.
II. S YSTEM M ODEL
The system model for a multiple-antenna communications
system with M transmit and N receive antennas is shown in
fig. 1.
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If we assume a narrow-band flat-fading wireless channel
which is constant for at least T channel uses, then the
transmitted and received signals are related by
r
ρ
Hsτ + vτ , τ = 1, 2, . . . , T
(1)
xτ =
M
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where τ is an individual channel use, and we define





xτ,1
sτ,1
vτ,1
 xτ,2 
 sτ,2 
 vτ,2





xτ =  .  , sτ =  .  , vτ =  .
 .. 
 .. 
 ..
xτ,N
sτ,M
vτ,N







(2)

where xτ is the N -dimensional vector of complex received
signals during channel use τ , sτ is the M -dimensional vector
of complex transmitted signals, H is the N × M channel matrix, and vτ is the N -dimensional vector of additive complexGaussian noise (assumed to be zero-mean and unit-variance).
If we assume that H, sτ and vτ are random
p and independent
quantities, the signal power normalisation ρ/M ensures that
ρ is the signal-to-noise ratio (SNR) at each receive antenna,
independently of M . The channel matrix is assumed to be
known to the receiver.
We define the matrices X, S, and V as:
£
¤t
x1 x2 . . . xT
X =
£
¤t
s1 s2 . . . sT
S =
£
¤t
v1 v2 . . . vT
V =
(3)

where Aq = Cq + Dq and Bq = Cq − Dq . The dispersion
matrices {Aq , Bq } also completely specify the code.
LD codes include many commonly used ST codes including
the Alamouti Scheme and V-BLAST (Vertical-encoding spatial
multiplexing).
IV. D ECODING OF L INEAR D ISPERSION C ODES
The simulations presented in this paper were performed
using the LD decoding method proposed by Hassibi and
Hochwald [4].
An important property of LD codes (7) is their linearity
in the variables αq , βq , leading to efficient decoding schemes.
To see this, we substitute the LD code equation (7) into the
received signal equation (4) which forms the following block
equation:
r
r
Q
ρ
ρ X
SH+V =
(αq Aq +jβq Bq )H+V (8)
X=
M
M q=1
The matrices in (8) can be decomposed into their real and
imaginary components to obtain:

where the superscript t denotes transpose. It is generally more
convenient to write equation (1) in its transposed form
r
ρ
X=
SH + V
(4)
M
where the transpose notation is omitted from H, and the
channel matrix is simply redefined to have dimension M × N .
X is the T × N received signal matrix, S is the T × M
transmitted signal matrix, and V is the T × N additive noise
matrix. In matrices X, S, and V, time runs vertically and
space runs horizontally.
III. L INEAR D ISPERSION C ODES
A Linear Dispersion (LD) code is a general class of space
time block code (STBC) that breaks up the input data stream
into sub-streams that are dispersed in linear combinations over
space and time. Specifically, a linear dispersion code is defined
as:
Q
X
S=
(sq Cq + s∗q Dq )
(5)
q=1

where the data sequence is broken up into Q sub-streams,
s1 , . . . , sQ are complex symbols from an arbitrary constellation (typically r-PSK or r-QAM), and Cq and Dq are fixed
T × M complex matrices. The code is completely determined
by the set of dispersion matrices {Cq , Dq }.
It is generally more convenient to decompose the complex
scalar sq into its real and imaginary components
sq = αq + jβq , q = 1, . . . , Q

r
XR

Q
X
q=1

(αq Aq + jβq Bq )

r
XI

=

(9)

Q
ρ X
[(AI,q HR − AR,q HI )αq
M q=1

+(BR,q HR − BI,q HI )βq ] + VI

(10)

where XR = Re(X), XI = Im(X), HR = Re(H) and
HI = Im(H). (Where Re(z) and Im(z) denote the real and
imaginary parts respectively of the complex value z ).
We denote the columns of XR , XI , HR , HI , VR and VI
by xR,n , xI,n , hR,n , hI,n , vR,n and vI,n respectively and
define:
·
¸
AR,q −AI,q
Aq =
AI,q AR,q
·
¸
·
¸
−BI,q −BR,q
hR,n
Bq =
, hn =
(11)
BR,q −BI,q
hI,n
where n = 1, . . . , N . The equations in XR and XI can be
assembled to form the single real system of equations


xR,1
xI,1
..
.






 xR,N
xI,N

(6)

(7)

Q
ρ X
[(AR,q HR − AI,q HI )αq
M q=1

+(−BI,q HR − BR,q HI )βq ] + VR

The LD code can then be redefined in terms of real and
imaginary components as follows:
S=

=





α1
β1
..
.


 r

ρ 


H
=

M 
 αQ

βQ





vR,1
vI,1
..
.

 
 
 
+
 
  vR,N
vI,N









(12)

where the equivalent 2N T × 2Q real channel matrix is given
by:
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H=

A1 h1
..
.

B1 h1
..
.

A1 hN

B1 hN

...
..
.
...

AQ h1
..
.
AQ hN



BQ h1

..

.
BQ hN

(13)

We now have a linear relation between the input and output
vectors s and x
r
ρ
x=
Hs + v
(14)
M

is a fundamental tradeoff between how much of each type of
gain any coding scheme achieve. For example, for a particular
coding scheme, increased spatial multiplexing gain comes at
the cost of reduced diversity gain. Fig. 2 uses Zheng’s and
Tse’s method to compare the Alamouti STBC, V-BLAST and
the Golden Code STBC.
Diversity-Multiplexing Gain Tradeoff (M=2, N=2)
4.0
Alamouti
V-BLAST (OSIC Decoding)

where the equivalent channel H is known to the receiver
because the original channel H, and the dispersion matrices
are all known to the receiver. The receiver uses (13) to find
the equivalent channel. The system of equations between the
transmitter and receiver is not underdetermined as long as
Q ≤ NT.
Any decoding scheme that can solve a well-conditioned
system of linear equation can be used for decoding of LD
codes. Suitable decoding techniques include successive nulling
and canceling (as used for V-BLAST), and sphere decoding.

*
Diversity Gain, d(r)

3.0

Golden (= Optimal Tradeoff)

2.0

1.0

0.0
0.0

V. G OLDEN C ODE
Sethuraman et. al. [5] proposed a methodology for designing
full-diversity high-rate LD codes using cyclic division algebras. A division algebra is used to provide a structured set of
invertible matrices to construct LD space-time codes. In general, LD codes derived from cyclic division algebra have been
found to provide better performance than LD codes derived
using the original information theoretic approach proposed by
Hassibi and Hochwald [4].
The Golden Code is a full-rate 2×2 LD code and
√ is defined
as subset of the cyclic division algebra (Q(i, 5), i) with
centre Q(i) [6]. The 2 × 2 Golden Code has the structure:
·
¸
1
α(s1 + s2 θ) α(s3 + s4 θ)
S= √
(15)
iα(s3 + s4 θ) α(s1 + s2 θ)
5
√

√

0.5

1.0

1.5

2.0

Spatial Multiplexing Gain, r = R / log( SNR )

where θ = 1+2 5 , θ = 1−2 5 = (1 − θ), α = i(1 − θ), and
α = 1 + i(1 − θ)
In [7], Tarokh et. al. defined the rank criterion and determinant criterion for designing ST codes. Oggier et. al.
[8] extended this design criteria to include: (a) full rate; (b)
full diversity; (c) non-vanishing determinant for increasing
spectral efficiency; (d) good shaping of the constellation; and
(e) uniform average transmitted energy per antenna. ST Codes
that meet all of these criteria are termed “perfect” space-time
block codes. The Golden Code has been found to be the best
“perfect” code for MIMO systems with 2 transmit and 2 or
more receive antennas.
Elia et. al. [9] have shown that the Golden code achieves
the optimal diversity-multiplexing tradeoff for a 2 × 2 MIMO
system. Zheng and Tse [10] developed a simple characterisation of the optimal tradeoff between diversity and degrees
of freedom (multiplexing gain), and then used it to evaluate
the performance of existing multiple antenna schemes. The
concept is that for a given MIMO channel, both diversity and
multiplexing gain can be simultaneously obtained, but there

Fig. 2.

Diversity-Multiplexing Gain Tradeoff (M=2, N=2) [10][11]

From Fig. 2 we see that neither the Alamouti STBC nor VBLAST are optimal. The Alamouti STBC does not provide full
spatial-multiplexing gain, while V-BLAST does not provide
full diversity gain. The Golden Code however provides both
the full spatial-muliplexing gain and the full diversity gain
available for a 2 × 2 system.
VI. S IMULATION R ESULTS
The simulations assume the receiver has perfect channel
knowledge. The individual channels in the channel matrix are
uncorrelated, and the system does not use error correction
coding. The constellations of each of the coding schemes has
been chosen to ensure a common spectral efficiency of 8-bits
per channel use. The V-BLAST and Golden code simulations
both use 16-QAM constellations, while the Alamouti code
simulations use 256-QAM (the higher-order constellation is
required to compensate for the absence of spatial multiplexing
gain).
In Fig. 3 we compare the performance of the Golden Code
STBC against the Alamouti code and V-BLAST in a Rayleigh
flat-fading environment. The figure shows the superior performance of the Golden code, particularly at higher SNR values.
For a symbol error rate of 10−4 the Eb/N0 requirement for
the Golden code is 5dB less than the Alamouti code and VBLAST.
Fig. 4 compares the performance of the Golden code over
a range of Doppler frequencies that would be typical in
mobile communications scenarios. We observe a performance
degradation of approximately 2dB for every 5Hz increase in
Doppler frequency.
Fig. 5 compares the Golden code performance against the
Alamouti code at selected Doppler frequencies. The per-
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Golden Code & Alamouti Code Performance (M=2, N=2)
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that the Golden Code maintains its superior performance when
compared to the Alamouti scheme over the range of Doppler
frequencies that would typically be encountered in a mobile
communications system.
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Golden Code Performance at Various Doppler Frequencies

formance degradation of approximately 2dB for every 5Hz
increase in Doppler frequency previously observed with the
Golden code is also observe with the Alamouti code. The 5dB
performance advantage at high SNR levels of the Golden code
compared to the Alamouti code is maintained over the range
of Doppler frequencies investigated.
VII. C ONCLUSION
The performance of the Golden Code has been presented
and compared with common multiple antenna systems, namely
the Alamouti code and V-BLAST (spatial multiplexing). The
Golden Code has been shown to provide superior performance
at high SNR levels while using the same low-complexity linear
dispersion code decoding schemes typically used to decode
Alamouti and V-BLAST schemes.
Simulation results of the Golden Code performance at various Doppler frequencies were presented. These results showed
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Abstract— Adaptive modulation is a promising technique
to increase the spectral efficiency of a wireless communication system. In this paper we investigate the effectiveness of adaptive modulation in maximizing the spectral
efficiency of a MIMO multiuser downlink channel. The
MIMO multiuser downlink transmission is carried out
by the minimum-mean-squared-error feedback precoder.
The overall spectral efficiency is maximized by adapting
transmission power and/or transmission rate to the user
channels. We show that there is a penalty associated with
the use of MQAM and the penalty becomes more severe if
only a finite set of discrete modulation sizes is provided to
the transmitter.

I. I NTRODUCTION
The need for high-rate wireless communications has
significantly increased over the past years as more and
more subscribers demand more feature-rich contents to
be delivered to their handsets. This has ignited the
flare of research interests in the multiple-input multipleoutput (MIMO) technologies. During its initial phase of
development, the research in MIMO communications had
been confined to the point-to-point link [1][2]. Later,
the MIMO concept was extended to the multiple-accesschannel (MAC) to provide additional diversity gain [3].
Until recently, in the information-theoretic work by Caire
and Shamai [4], the set of achievable rates for the
downlink MIMO broadcast channel (BC) has been characterized by applying the ”dirty paper coding” technique.
A practical realization of such a technique is the MMSE
feedback precoder (MMSE-FBP) originally proposed in
[5] and later optimized in [6]
The results from [5] and [6] also revealed one distinctive characteristic of multiuser transmission. It is
statistically unlikely that all users within the coverage
area of a base-station undergo the same level of channel
disturbances in a given time period. The conventional
way of combating the uncertainties in channel variations
is to choose transmission parameters for the worst case
scenario, thus leading to an uneconomical distribution of
scarce resources. A more modern and efficient approach
is to instruct the base-station to track the fluctuations in

channel conditions and adjust transmission parameters
accordingly. Adaptive modulation thus came into play
and gradually became an emerging standard for future
wireless communication systems. Adaptive modulation
has been extensively studied for single-input singleoutput channel [7] and MIMO point-to-point channel [9].
It has been shown, in both cases, that a greater throughput
can be attained by adapting transmission power and modulation scheme to channel variations. The contribution
of this paper is the extension of adaptive modulation
technique in the multiuser scenario, in particular the
MIMO BC.
The remainder of this paper is organized as follows.
Section II covers the system model and a brief summary
of the MMSE-FBP. The formulation of adaptive modulation problem is presented at the end of Section II. The
main contribution of this paper is presented in Section
III, where we study adaptive modulation under different
system constraints. The discrete version is included in
Section IV while Section V concludes the paper.
II. S YSTEM M ODEL
A. MIMO Multiuser Downlink Model
We consider a MIMO multiuser downlink system with
Nt transmit antennas at the access point serving Nr
users, each with one receive antenna. The data received
at the kth user is
yk =

Nt
X

hk,i xi + nk

(1)

i=1

where hk,i is a zero-mean, unit-variance complex Gaussian random fading coefficient associating the kth user’s
receiver and the ith transmit antenna at the access point.
Data transmitted from the ith transmit antenna is denoted
by xi and nk is the standard complex Gaussian noise
observed at the kth user’s receiver. If we group the
received data at all users’ receivers into a vector, we
can describe the same system with the following matrix
equation
y = Hx + n
(2)
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T

where y = [y1 , ..., yNr ] is the received data vector,
and x = [x1 , ..., xN t ]T is the vector of transmitted data.
Furthermore, we use xk to differentiate the per-user
transmit data vector and the composite transmit data
vector, x. The noise vector is symbolically represented by
T
n = [n1 , ..., nNr ] . The matrix channel H has hk,i as its
constituents and its dimension is Nr ×Nt . For simplicity,
we study the system where Nr = Nt and consider only
the slow block fading channel, i.e. the channel H stays
constant over the duration of one transmission frame,
which includes pilot and information symbols, but varies
from one frame to the other. Also, the channel state
information (CSI), hk.i , are estimated precisely at the
receivers and made available at the transmitter via delayand-error free feedback links.
B. MIMO Multiuser Downlink (Broadcast Channel) Capacity
If we assume the total transmission power is subject
to the following constraint
Nr
X

Pk = Ptotal

(3)

k=1

where Pk is the power assigned to the kth user and Ptotal
is the total available transmission power. The capacity of
the kth user is given by
h
i
det hk (Σk + ... + ΣNr ) h†k + σn2 I
h
i
Ck = log2
det hk (Σk+1 + ... + ΣNr ) h†k + σn2 I
(4)
h
i
where Σk = E xk x†k is the transmit covariance matrix
for user k and Pk = Tr (Σk ). The sum-capacity of the
Nr -user MIMO BC is
(N
)
r
X
sum
CBC = max
Ck
(5)
k=1

N

r
s.t. {Σk }k=1
: Σk > 0,

Nr
X

Tr (Σk ) ≤ Ptotal

k=1

There are plenty of algorithms available in the
literature to solve the optimization problem described by
(5), i.e. [10] and the references therein. We used the
2nd algorithm proposed in [10] due to its simplicity and
efficiency. The solutions provided by the algorithm can
be conceptually understood as water-filling the matrix
channel H across the spatial domain with joint power
constraint. The water-filling characteristic of the solutions has also been identified in the scalar channel [7],
and the MIMO point-to-point channel, i.e. eq. (6) and
(7) in [9].

Fig. 1.

Block Diagram of MMSE-FBP

C. MMSE-FBP
The MIMO multiuser downlink transmission is carried out using the minimum-mean-squared-error feedback precoder (MMSE-FBP). The precoder uses the
knowledge of the channels to encode user information
symbols so that the sum capacity of the MIMO BC
can be achieved. Fig. 1 shows the block diagram of the
MMSE-FBP.
We define a matrix Pb = HH† + Kσn2 I and using
Cholesky decomposition to separate it into an upper
triangular matrix G, with ones being the main diagonal,
and a diagonal matrix S having positive entries. The
transmit filter W is set as
W = H† G−1 S−1

(6)

The matrix D is the power allocation matrix and its
elements are given by
s
Pk
E [dkk ] =
(7)
Psk
where Psk is the average power of the symbols at the output of the Tomlinson-Harashima interference canceller
(THIC), sk , and its value is
τ2
(8)
6
where τ is the modulation-dependent modulo parameter.
The value of Pk in (7) depends on the type of power
control policy implemented. If the power control policy
is required to achieve the sum capacity of the MIMO
BC at all SNR, Pk will be the solutions of (5), i.e. Pk =
Tr (Σk ). On the other hand, if equal power policy is
implemented, Pk will assume a value of 1/Nr for all k.
If we further define an effective channel between the
received signal vector, y, and the output of THIC, s,
as H̃ = HWD, the THIC encodes the user information
symbols obeying the dirty-paper-coding rule
Psk =


sk = fτ uk −

k−1
X
j=1


h̃k,j sj 
h̃k,k

f or k = 1, ..., Nr (9)

where uk denotes the information symbol for user k and
the modulo function fτ is
½
¾
R (y) + τ /2
fτ (y) = R (y) − b
c×τ
τ
¾
½
I (y) + τ /2
c×τ
(10)
+ I (y) − b
τ
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with bc denoting the largest integer less than or equal to
its argument.
Finally, in order to define the per-user SINR in Section
III in a more informative manner, let us introduce here
the normalized transmit filter wk as follows:
norm

(wk )

wk
,
||wk ||

D. Problem Formulation
The following optimization problem characterizes the
adaptive modulation (AM) system we consider and it is
the multiuser version of the system discussed in [9]:
max ASE = EH

#
ki

(12)

i=1

subject to
EH
"P
EH

"N
r
X

#
Pi = Ptotal

i=1
Nr
i=1 ki BERi
PNr
i=1 ki

(13)

#
≤ BER

(14)

f or ki ≥ 0; Pi ≥ 0, i = 1, · · · , Nr
If we use Mi to symbolize the levels of modulation
used for the ith user, then log2 (Mi ) = ki represents
the spectral efficiency (SE). The corresponding transmit
power is represented by Pi and the average sum of
transmit powers of all users need to comply with the
power constraint (13). The objective here is to maximize
the average spectral efficiency (ASE) of a MIMO BC.
From the above characterization we can see that ki ,
Pi , and BERi must be adapted in both spatial domain,
i.e. across user space, and temporal domain, i.e. over a
series of channel realizations. This results in a spacetime optimization problem and is prohibitively complex
to analyze. One technique to get around this hurdle is
to freeze the channel in time and design the same AM
system for that instantaneous instance of channel. In
other words, instead of directly solving (12) to (14), we
solve the following:
max ASE =

Nr
X
i=1

ki

Nr
X

P Nr

(15)

Pi = Ptotal

(16)

i=1

i=1 ki BERi
PNr
i=1 ki

(11)

where wk is the k th column of the transmit filter matrix
W. We only summarized the important aspects of the
MMSE-FBP here. Full derivations of components and
discussions about choices of parameters can be found in
[5] and [6].

"N
r
X

subject to

≤ BER

(17)

f or ki ≥ 0; Pi ≥ 0, i = 1, · · · , Nr
The significance of this simplication is that although a
closed form solution might not exist, for example due to
the highly non-linear structure of (17), we can at least
resort to the exhaustive numerical search method [9].
III. C ONTINUOUS MQAM A DAPTIVE M ODULATION
An AM system can emcompass a range of modulation techniques, however, we confine our study to
the quadrature amplitude modulation (QAM) due to the
availability of a closed form expression for its uncoded
BER performance. The uncoded BER for an M level
QAM is upper bounded by [7]:
·
¸
−1.6Pi λi
BERi = 0.2 exp 2 ki
f or i = 1, ..., Nr
σn (2 − 1)
(18)
where λi denotes the channel gain for the ith user and
Pi λi /σn2 is the instantaneous received SNR. This upper
bound is tight for M ≥ 4 and 0 ≤ SNR ≤ 30dB.
Obviously, the value of ki = log2 (Mk ) can theoretically be taken from a continuous range, however, noninteger values are not practically favorable as they result
in sophisticated modulators. Nonetheless, the treatment
bears some important implications. We will show in the
coming subsections that continuous AM (CAM) studied
herein yields closed form solutions for some of the
scenarios that we consider. Furthermore, it provides an
upper bound on the ASE that can be achieved by integer
values of ki .
In a multiuser context, such as the MIMO BC, the SNR
is generally not an appropriate parameter to characterize
system throughput. A more indicative parameter should
include the multiuser inteferences, such as the SINR.
Referring to Figure 1, we can express (18) in a more
precise form:
"
#
2
−1.6
Pi ||hi wi ||
BERi = 0.2 exp
· PNr
2
2
(2ki − 1)
j≥i ||hi wj || Pj + σn
(19)
where wi , (i = 1, · · · , Nr ) is defined previously in Section II and Pi is the average power of the symbols in one
transmission frame at the output of the power allocation
block D. We need to point out while base-station is
able to compute (19) precisely provided our assumption
regarding perfect channel feedback holds true, the users
on the other end do not have such a luxury; in particular,
the ith user has no knowledge of the transmit filters that
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correspond to users j 6= i, j = 1, · · · , Nr , hence it
decodes the received signal using only the noise statistics.
Mathematically this means the base-station needs to use
"
#
2
−1.6
Pi ||hi wi ||
BERi = 0.2 exp
·
(20)
(2ki − 1)
σn2
to ensure coherence between transmitter and receivers.
Fortunately, simulation results show that the difference
of (19) and (20) is indistinguishable. Thus, eq. (20) is
used for the following analysis and simulations.
A. Equal BER Constraint
An even simpler set of characterizing optimization
expressions can be arrived at by providing equal BER
to all users. More specifically we set
BERi ≤ BERtarget

f or i = 1, ..., Nr

(21)

where BERtarget is a design parameter. Substituting (20)
into (21) and rearranging, we obtain
#
"
2
Pi ||hi wi ||
1.6
·
ki ≤ log2 1 −
ln (BERtarget /0.2)
σn2
"
#
2
Pi ||hi wi ||
= log2 1 + K ·
(22)
σn2
with K := −1.6/ ln (BERtarget /0.2)
where 0 < K < 1 is known as the penalty factor due to
MQAM [7] [9]. The objective function (15) is updated
as
#
"
Nr
2
X
P
||h
w
||
i
i
i
max ASEequal BER =
log2 1 + K ·
σn2
i=1
(23)
subject to
Nr
X
Pi = Ptotal ; Pi ≥ 0
(24)
i=1

Recall a similar optimization problem exists for the
MIMO point-to-point channel, i.e. eq. (15) in [9]:
max ASE

point−to−point

µ
¶
λi Pi
=
log2 1 + K · 2
σn
i=1
(25)
Nr
X

subject to
Nr
X

Pi = Ptotal ; Pi ≥ 0

(26)

i=1

where Nr is the number of receive antennas and λi
is the channel gain of the ith branch of the parallel
non-interferring AWGN channels, which is obtained by
singular value decomposing (SVD) the MIMO point-topoint channel. The closed form solutions for the branch

power and branch SE of the point-to-point system are:
£
¤+
Pi = µ − σn2 /Kλi
(27)
£
¡
¢¤
2 +
ki = log2 µKλi /σn
(28)
where µ is a constant determined by the total power
constraint. Let us now examine (27) in detail. Assuming
appropriate scaling is applied, we can set λi = 1. If
σn2 is large, i.e. when the channel quality is poor, the
resulting Pi will be small while a much larger Pi prevails
when the channel disturbance σn2 is small, indicating
a much favorable transmission condition. This type of
power allocation has been called the water-filling strategy
in information theory literature [11].
Comparing (23) and (24) with (25) and (26), we
immediately see that they share a common structure. This
correspondence motivates us to conjecture that waterfilling the MIMO BC with joint power constraint can
also maximize (23). Thus, the solutions to the equal BER
constraint AM can be readily obtained as follows:
³
´
Pi = Tr Σoptimal
(29)
i
where Σoptimal
is the water-filling transmit covariance
i
matrix for the ith user. The ith user’s SE is subsequently
given by
!
Ã
2
Pi ||hi wi ||
(30)
SEi = ki = log2 1 + K ·
σn2
B. Equal-BER and Equal-Power Constraint
We now impose a further constraint on the optimization problem by equally allocating the transmission
power among users. In this equal-BER and equal-power
scenario, the only transmission degrees of freedom (DoF)
is the number of active users denoted by r0 . Once
a subset of users S is selected with |S| = r0 , the
power is distributed equally as Ptotal /r0 and the SE is
obtained by (22) with Pi = Ptotal /r0 . The characterizing
optimization problem in this case is
Ã
!
2
X
P
||h
w
||
total
i
i
max ASEequal power =
log2 1 + K ·
r0 σn2
i∈S

S ⊂ {1, · · · , Nr } ;

|S| = r0

(31)

We need to numerically evaluate (31) for all possible
|S| = r0 = 1, · · · , Nr and select the one achieving the
maximum ASE. We want to emphasize at this point that
the number of user subsets that the numerical search
needs to traverse is dependent upon whether (19) or (20)
is opted; clearly, order of users needs to be taken into
account when interference is included. As an example,
consider a system with Nt = Nr = 4. There are 64
subsets if (19) is used and only 15 subsets are required

- 69 -

to be visited for (20). Generally, the number of subsets
that needs to be considered for the (19) case is


Nr
i−1
X
Y

(Nr − j)
(32)
i=1

and

j=1

¶¶
Nr µµ
X
Nr
i=1

i

(33)

if (20) is used.
Let us now study the asymptotic behavior of the
equal-BER and equal-power AM. At high channel SNR,
the base-station has enough power to support all users,
therefore, S = {1, · · · , Nr } and |S| = r0 = Nr . Eq. (31)
becomes
ASEequal power
!
Ã
Nr
2
X
Ptotal K ||hi wi ||
=
log2 1 +
·
Nr
σn2
i=1
Ã
!
Nr
2
X
Ptotal K ||hi wi ||
≈
log2
·
Nr
σn2
i=1
!
Ã
µ
¶ X
Nr
Nr
2
X
Ptotal
K ||hi wi ||
=
log2
+
log2
Nr
σn2
i=1
i=1
Ã
!
µ
¶ X
Nr
2
Ptotal
K ||hi wi ||
= Nr log2
(34)
+
log2
Nr
σn2
i=1
Since the water-filling power allocation in equal BER
scenario converges to the equal-power allocation scheme
at high channel SNR, i.e. (23) approaches
ASEequal BER
#
"
Nr
2
X
Pi ||hi wi ||
=
log2 1 + K ·
σn2
i=1
Ã
!
Nr
Nr
2
X
X
K ||hi wi ||
≈
log2 (Pi ) +
log2
σn2
i=1
i=1
!
Ã
µ
¶ X
Nr
2
Ptotal
K ||hi wi ||
≈ Nr log2
+
log2
(35)
Nr
σn2
i=1
therefore, the additional power constraint brings insignificant impact to the ASE of the system at high channel
SNR region. On the other end of the spectrum, we can
expect a similar convergence result since at the lower end
of the channel SNR, the base-station can only dedicate
all its transmit power to the strongest user.
C. Equal-BER and Equal-SE Constraint
So far we have studied AM systems that always adjust
the SEs of the users as a function of the channels. We
now shift our attention to the case where the SE is kept
at a constant level of k0 . We are again left with a single

transmission DoF, which is the number of active users
r0 . Once the base-station decides how many users to
receive transmission, the same SE k0 is assigned to every
user. The ith user’s transmission power is related to k0
as follows:
¡ k
¢
2 0 − 1 σn2
f or i = 1, · · · , r0
(36)
Pi =
2 ;
K ||hi wi ||
and the overall transmission power is subject to the
constraint
¢
r 0 ¡ k0
X
2 − 1 σn2
(37)
2 = Ptotal
i=1 K ||hi wi ||
Rearranging (37) we can obtain the constant SE k0 :
Ã
!
KPtotal
k0 = log2 1 +
(38)
Pr0
−2
σn2 i=1 ||hi wi ||
The optimization problem characterizing the equal-BER
and equal-SE constraint case is thus the following
!
Ã
KPtotal
equal SE
0
0
= r k0 = r log2 1 +
max ASE
Pr 0
−2
σn2 i=1 ||hi wi ||
f or r0 = 1, · · · , Nr

(39)

We evaluate (39) for all possible r0 and select the one
that achieves the maximum ASE.
Similar to the equal-BER and equal-power case, at low
channel SNR, the base-station can only concentrate its
transmission power to the user with the strongest channel
gain. Thus, we can expect the equal-BER and equal-SE
system to perform comparatively against the equal BER
system. At high channel SNR, transmission to all users
is possible and r0 = Nr . Following the same derivation
as [9], we can approximate (39) as follows
Ã
!
KPtotal
equal SE
max ASE
= Nr k0 ≈ Nr log2
PNr
−2
σn2 i=1
||hi wi ||

ÃN
! N1r 
r
Y
KP
total
2

≤ Nr log2 
||hi wi ||
Nr σn2
i=1
Ã
!
N
2
r
X
KPtotal ||hi wi ||
=
log2
Nr σn2
i=1
Ã
!
µ
¶ X
Nr
2
Ptotal
K ||hi wi ||
+
= Nr log2
log2
Nr
σn2
i=1
(40)
with the last line of (40) being the maximum ASE
achieved by the equal BER AM.
The gap between ASEequal SE and ASEequal BER is
!
Ã
Nr
2
X
||hi wi || Nr
equal BER
equal SE
ASE
−ASE
=
log2 PNr
2
j=1 ||hj wj ||
i=1
(41)
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k
SNR(dB) BER =
1 × 10−3
SNR(dB) BER =
1 × 10−6

0
N/A

2
9.97

4
16.96

6
23.19

8
29.27

10
35.30

35

N/A

13.59

20.58

26.81

32.88

38.92

30

ASE for continuous adaptive modulation
MIMO BC capacity
−3

Equal BER (1e )
Equal BER + Equal power (1e−3)
Equal BER (1e−6)

TABLE I

25

Equal BER + Equal power (1e−6)
5.2dB

S WITCHING T HRESHOLDS FOR UNCODED MQAM
ASE

20
8.8dB
15

which is obviously independent of the channel SNR and
the target BER. In other words, a constant SE gap exists
between the equal-SE and the equal-BER AM at high
channel SNR region as well as at any target BER level.

10

5

0

IV. D ISCRETE A DAPTIVE M ODULATION
In the previous section we have investigated the effects
of power and rate adaptations on the average spectral
efficiency of a MIMO BC. We did not, throughout
the treatment, impose any restrictions on the levels of
modulation that could be used apart from demanding the
modulation technique to be QAM. In this section, we
introduce a practical constraint that limits the levels of
modulation to a finite set of numbers that are integer
multiples of two. More precisely, we assume the available
set of SEs B = [0, 2, 4, 6, 8,£ 10] is supplied to the
¤ basestation and it can only use 20 , 22 , 24 , 26 , 28 , 210 -QAM
to transmit user information. Due to the discrete natural
of the system, analytical expressions for the power and/or
rate adaptations are unavailable and numerical search
needs to be unertaken to obtain the optimal transmission
parameters.
A. Equal Power and/or Equal BER Constraint
Similar to the continuous adaptive modulation, we start
by considering the equal BER scenario. For continuous
adaptive modulation we performed a numerical search
over all possible user subsets for maximum ASE. The
same procedure must be undertaken for the discrete
counterpart with an additional modulation level down
coversion. More precisely, searching over the user subsets returns a set of continuous SEs for a given r0
and S, we need to down convert those SEs to the
nearest member of the list B. The down conversion
requires us to first identify the switching thresholds for
the modulation levels. These switching thresholds can be
obtained directly from (18), simulation results or other
more accurate analytical expressions such as [12]. Table
I lists the calculated thresholds from (18)
For a given r0 and S, the base-station, after receiving
the channel parameters from users, computes the SNRs
using
2
Pi ||hi wi ||
γi =
(42)
σn2
where Pi = Ptotal /r³0 for equal-BER
and equal-power
´
,
with
Σoptimal
being
case and Pi = Tr Σoptimal
i
i

0

5

10

15
SNR (dB)

20

25

30

Fig. 2. ASE for continuous adaptive modulation (Equal BER and
Equal BER and Equal Power cases)

the ith user’s water-filling transmit covariance matrix,
for equal BER scenario. These SNRs are compared
against the tabulated switching thresholds in Table I and
appropriate values of k are selected. Mathematically
if γα ≤ γ < γα+2 ; α ⊂ B = [0, 2, 4, 6, 8, 10]
ki = α
(43)
V. S IMULATION R ESULTS
Figure 2 shows the ASE for continuous adaptive
modulation under different system constraints. It clearly
shows the addition equal power constraint brings an
insignificant degradation in the ASE for the range of
channel SNRs considered. This result agrees with our
previous observations from Eq. (34) and (35). Furthermore, there is a constant gap of 5.2dB between the equal
BER case and the MIMO BC sum capacity for a target
BER of 1 × 10−3 and 8.8dB if target BER is lowered
to 1 × 10−6 . This gap is independent of the channel
SNR and is quantified by the penalty factor K defined
in (22). Because channel coding was not considered in
the simulation, therefore, K can also be regarded as the
maximum possible coding gain for the system [7].
Figure 3 shows that imposing an additional equal SE
causes a slight reduction in the ASE. The ASE reduction
is more visible at higher channel SNRs, a result that
coincides with our observation in the previous section.
In additional, the simulation result also supports our
previous statement regarding the ASE gap between equal
BER and equal BER with equal SE cases, i.e. it is
irrelevant of the target BER.
We next present the simulation results for the discrete
adaptive modulation. Figure 4 compares the continuous
and discrete adaptive modulation under equal BER constraint. Limiting the SEs to a set of finite levels incurs
an ASE penalty and the severity of the ASE descent is
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Fig. 3. ASE for continuous adaptive modulation (Equal BER and
Equal BER with Equal SE cases)

Continuous equal BER (1e−3)
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Fig. 5. ASE for continuous adaptive modulation (Equal BER and
Equal Power case)

if only a finite set of discrete modulation sizes was
supplied to the transmitter, the ASE gap expanded and it
maintained the same distance from the continuous AM
case. In addition, we have identified that rate adaptation
is more important than power adaptation in maximizing
the ASE of the system.

ASE for continuous and discrete adaptive modulation
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Fig. 4. ASE for continuous and discrete adaptive modulation (Equal
BER case)

independent of the channel SNRs. Eq. (22) reveals the
reason for the loss in ASE; the equality always holds
if the SEs are continuous while for discrete SEs, the
inequality is always true. Lastly we use Figure 5 to
justify our choice of (20) over (19); there is no noticeable
difference between the two curves which suggests the
results obtained by adopting (20) is equally indicative
for our purpose.
VI. C ONCLUSION
In this paper we investigated AM techniques that can
maximize the ASE while maintaining an acceptable BER
for the MIMO BC system. We found that there was
an ASE penalty if we confined ourselves to MQAM.
The ASE penalty is a function of the target BER and
is constant for all SNR if the modulation sizes are
continuous. Our simulation results further showed that
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Abstract - This work presents a new 3D-transform coefficients
scan order based on the multiplication of the three dimensions
sequency numbers of each coefficient. This scan process is
developed to a fast embedded color video codec (also described in
this article) to be executed in a set-top box on a fiber optics
network. Due to its purpose, the codec is focused on reduced
execution time, not on high compression rates. Low computational
complexity and use of meager computational resources are also
required. The Hadamard transform is used in a three-dimensional
fashion, in order to avoid costly motion estimation and
compensation techniques. The proposed scan procedure allows
the coefficients reading in an idealistic “decreasing in the
average” order. After the scan procedure, the encoding of the bits
of the 3D-Hadamard coefficients is done, bit-plane-by-bit-plane,
with an efficient adaptive version of Golomb's run-length
encoder, which produces a fully embedded output bitstream. Even
with the use of these constrained techniques, good distortion
versus rate results were achieved.
Keywords - Embedded coding, Hadamard transform, color video
codec, three-dimensional transform, fast video codec, C#
language.

I. INTRODUCTION
The new coefficients sequency scan order proposed in this
article was created for a color video codec named Fast
Hadamard Video Codec (FHVC). This video codec was
developed in C# language to be executed in a set-top box
device futurely developed. The set-top box will be the interface
between a fiber optics network and its users. This device will
receive digital signals, extract video, audio and data
information and send that information to an output device.
Among other functions, as Internet accessibility and voice over
IP, the set-top box will be able to receive and send video
signals proceeding from, for instance, video on demand and
video conference applications. The codec will be inserted on
SIP (Session Initiation Protocol), which through the SDP
(Session Description Protocol) has mechanisms that allow the
insertion of new video codecs.
Research on video coding systems typically looks for
techniques that can reach the highest possible compression rate
while not exceeding a given level of distortion. This
compression rate increase is generally achieved by means of
increased coding complexity, which is supported by the
continuous increase in computational power. However, in
some video coding and transmission applications, the use of
high capacity processors is not possible or desirable. These
situations require video codecs focused on reduced execution
times and in few computational resources, just as the FHVC.

In order to reduce the codec execution time, the very simple
Hadamard transform is used instead of the traditional DCT
(Discrete Cosine Transform). The Hadamard transform was
chosen because, even though it doesn't provide the same
energy concentration advantages of the DCT, it is able to
reduce the correlation of the coefficients and its
implementation requires only additions and subtractions. To
reduce even more the execution time, the highly efficient, but
time-consuming, motion estimation and compensation
techniques are avoided and the Hadamard transform is
implemented in a three-dimensional fashion.
After Hadamard-transforming 3D blocks of pixels, the codec
reads and reorders each coefficients block. It was found that
the distribution of the dominant AC coefficients spreads along
the major axes of the 3D-Hadamard cube, just as found for 3DDCT cubes [1]. It was also found that the cube energy is
concentrated according to the coefficient sequency number in
the three dimensions. Based on this, a new scan order based on
the multiplication of the three sequency numbers of each
coefficient is developed to be adopted for the 3D-Hadamard
coefficients. Generally, a specific scan order is better than a
traditional three-dimensional zig-zag scan.
The codec encodes the resulting sequency reordered
coefficients in a bit-plane-by-bit-plane fashion, refining their
precision at each turn. This process renders a completely
embedded encoded video file bitstream. The encoding of each
bit plane of the 3D-Hadamard coefficients is accomplished
using an adaptive version of Golomb's RLE (Run-Length
Encoder) [2].
Due to cost restrictions, the set-top box device will be
designed with a low capacity processor and few computational
memory. Because of this, the entire video codec
implementation is designed to perform only fast mathematical
operations and to require small computational memory. All the
multiplications and divisions operations are done by powers of
two, so that they can be performed by variable binary shifts.
Moreover, the system is implemented exclusively with 16-bit
integer arithmetic, which also requires approximations. The
errors introduced by these approximations can be compensated
by the reduction of the compression rate. This reduction is
acceptable, once the video codec is focused on speed, not on
high compression performance.
An overview of the codec stages is provided in Section 2.
The optimized 3D-Hadamard transform implementation is
presented in Section 2.2 and the new coefficients sequency
scan order is explained in Section 2.3. The results are
presented in Section 3.
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II. VIDEO CODEC OVERVIEW
The FHVC block diagram is depicted in Fig. 1. The video
codec stages are described in this section in the order they
appear in the figure below.
A.

Video Codec Color Spaces

The FHVC is able to read color video sequences stored in
tri-stimulus color space, such as RGB and YUV 4:2:0. Each
such color plane is encoded separately and the allowed pixel
bit-rate is divided among the color planes according to its
significance. So, for the RGB format, the pixel bit-rate is
equally divided, but in the YUV 4:2:0 format, the luminance
plane receives more bits than the chrominance planes (because
the U and V chrominance planes are one-fourth the size of the
luminance Y plane). In the FHVC, only approximately 10% of
the luminance rate is spent on the chrominance signal. This
simple weighted bit-rate division procedure allows achieving
higher compression rates.
In order to get the well-known advantages of the L-C
(Luminance - Chrominance) formats, it is possible to convert
an original RGB video sequence to a different internal color
space (such as YUV 4:2:0) before beginning the coding
process. Other color spaces are also supported by the FHVC
and the conversions among them [3] are also implemented.
B.

Three-dimensional Hadamard Transform

The Hadamard transform was chosen for the FHVC because
of its base functions, composed by +1 and −1 elements. Thus,
the transform computations do not require multiplications [4].
Although the use of the 3D Hadamard presents no
innovation, this transform was chosen because it is simple (just
as the normalizations stages), it is identical to its inverse and it
is easy to extend results to 8x8x8 (or greater) transforms
(generally not true for other transforms).
The Hadamard transform matrices Hn are NxN matrices,
where N = 2n. These can be generated by the core matrix
H1 =

1 ⎛1 1 ⎞
⎜
⎟
2 ⎜⎝1 − 1⎟⎠

(1)

and the Kronecker product recursion

H n = H n −1 ⊗ H 1 = H 1 ⊗ H n −1
1

Hn =

2n

⎛ H n −1
⎜⎜
⎝ H n −1

H n −1 ⎞ .
⎟
− H n −1 ⎟⎠

Fig. 1. Block diagram of the FHVC structure.

The basis vector of the Hadamard transform can also be
generated by sampling the class of functions called Walsh
functions shown in Fig. 2. These functions also take only the
binary values ±1 and form a complete orthonormal basis for
square integrable functions.
The number of zero crossings of a Walsh function or the
number of transitions in a basis vector of the Hadamard
transform is called its sequency (as well as the sinusoidal
signals frequency can be defined in terms of the zero
crossings).
In the Hadamard matrix generated through (2), the row
vectors are not sequency ordered, as shown in (3) by the
column named “Sequency”. The existing sequency order of
these vectors is called the Hadamard order because this is the
order used by the transform.
Some Hadamard transform fast calculation methods were
developed and the chosen one to be used by the FHVC is based
on the fact that the Hn matrix can be written as a product of N
~
~
sparse matrices H [4]. Each multiplication by H implies the
execution of log2 N additions or subtractions. As this
multiplication is repeated N times, the total number of
operations is N * log2 N. Without this method, N2 operations
would be realized. Therefore, besides being simple, the
Hadamard transform can also be fast.
The video sequence being encoded is partitioned into cubes
and the Hadamard transform is applied separately in each cube
and in each cube dimension (first in columns, then in lines and
finally in frames). That can be done because the threedimensional Hadamard transform is a separable transform. To
evaluate the cube size effect in the coding performance, the
FHVC can be executed with cubes of sizes 4x4x4 and 8x8x8.

(2)
Number of zero
crossings

As an example, for n = 3, the Hadamard matrix becomes
⎡1
⎢1
⎢
⎢1
⎢
1 ⎢1
H3 =
8 ⎢1
⎢
⎢1
⎢1
⎢
⎣⎢1

1

1

1

1

1

1

−1

1

−1

1

−1

1

1 −1 −1
−1 −1 1

1
1

1 −1
−1 −1

1

1

1

−1 −1 −1

−1

1

−1 −1

1

1 −1 −1 −1 −1
−1 −1 1 −1 1

−1
1
1

Sequency
1⎤ 0
− 1⎥⎥ 7
− 1⎥ 3
⎥
1⎥ 4
− 1⎥ 1
⎥
1⎥ 6
1⎥ 2
⎥
− 1⎦⎥ 5

Number of zero
crossings

0

4

1

5

2

6

3

7

(3)

Fig. 2. Walsh functions sampled to Hadamard matrix generation.
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The Hadamard transform computation in each cube
dimension requires the division of the coefficients by N (as
shown in (3)). This division is done to preserve the signal
energy in the transform domain. Similarly, the divisions must
be performed in the decoder because the same transform is
used in the inverse operation, once the Hadamard transform is
real, symmetric and orthogonal.
To avoid the fractional coefficients (generated by the N
divisions) and to reduce the coefficients magnitude after the
three Hadamard transform calculations (one in each cube
dimension), a new implementation for the FHVC was
developed. In this new approach, first, the Hadamard transform
is applied in the cube’s columns and after in the cube’s lines.
These two Hadamard transform calculations require two
divisions of the coefficients by N . In order to remove the
square root operation, these two divisions are grouped,
generating only one division by N. It is possible to move and
group the division terms because the Hadamard transform is a
linear process. Since the supported values for N are powers of
2, the division by N can be implemented through binary shifts.
The consequence is that after the two Hadamard transform
calculations, the coefficients suffer log2 N right binary shifts,
instead of being divided twice by N .
After the application of the Hadamard transform in the
cube’s columns and in the cube’s lines, the transform must be
applied in the cube’s frames. This application requires a new
division of the coefficients by N . However, this is the last
one Hadamard transform calculation done during the coding
process. So, there is no other division term to be grouped with
this division term in order to repeat the anterior procedure and
remove the square root operation. The solution found, which is
a new approach developed, was to bring the first transform
division term of the decoding process to the end of the coding
process. That can be done because, as presented before, the
same Hadamard transform is performed in the decoder and the
first decoding calculation was the coefficients division by N .
In such case, the Hadamard transform is applied in the
cube’s frames, its division term is grouped with the first
decoder Hadamard transform division term and the coefficients
suffer new log2 N right binary shifts.
Two other simple ways to remove the square root operation
of the Hadamard transform calculated in the cube’s frames are:
-

To group the log2 N right binary shifts with the previous
one and perform all the binary shifts together before the
transform calculation in the cube’s frames.

-

To group all the right binary shifts and perform them
together after the transform calculation in the cube’s
frames.

In the decoding process, the Hadamard transform is
calculated in the cube’s frames, then in the cube’s lines and
finally in the cube’s columns. After all, the recovered pixels
values suffer log2 N right binary shifts and the decoding is
finished.
In order to achieve a better understanding of the proposed
method, the traditional coding and decoding 3D-Hadamard
transforms are shown, respectively, by the left and right sides
of (4), where PC means Pixels Cube, CC means Coefficients
Cube and H' = N * Hn. The same transforms implemented
according to the method proposed specially for the FHVC are
shown by (5).

⎛ ⎛
⎞⎞
⎜ ⎜
⎟⎟
⎛ ⎛
⎞⎞⎟⎟
⎜ ⎜
⎜
⎟
⎟
1 ⎜ '⎜ 1 ⎜ '⎜ 1
H
H ⎜
H ' (PC ) ⎟ ⎟ ⎟ ⎟ ⇔
⎟⎟
N ⎜ ⎜ N ⎜ ⎜ 1N44244
3 ⎟⎟ ⎟⎟ ⎟ ⎟
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⎜ ⎜
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⎠⎠ ⎟
⎜ ⎜ 14⎝4 4⎝ 424
4 4 43
⎟
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⎝
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⎝
14 4 4 4 4 4424 4 4 4 4 4 4
3
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)
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⎟
'
H
H
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⎟
N ⎜ ⎜ N ⎜ ⎜ 1N44244
3 ⎟⎟⎟⎟
⎜ ⎜
⎜ ⎜
frames
⎠⎠⎟⎟
⎜⎜ ⎜ 14⎝4 4⎝ 424
4 4 43
⎟
lines
⎠⎠
⎝
⎝
14 4 4 4 4 4424 4 4 4 4 4 4
3

(

)

columns

⎞
⎛
⎟
⎜
⎛
⎞
⎜ ⎜
⎟⎟
⎛
⎞⎟⎟
⎜ ⎜
⎜ ⎛
⎟ ⎟
⎜
⎞
⎜
⎟
1
1
1
1 ⎜ '⎜ '
'
⎜H ⎜
H H (PC )⎟ ⎟ ⎟ ⎟ ⇔
∗
∗
424
3 ⎟⎟ ⎟
N
N ⎜ ⎜ N
N ⎜ ⎜⎝ 1
columns ⎠ ⎟ ⎟
⎜ 14
42
44
3 ⎟
⎜ ⎜
⎟
lines
⎝ 24 4
4 43⎠ ⎟ ⎟
⎜ ⎜ 14 4 4 4
shifts
⎝ 4 4 4 42
⎜⎜ 14
4 4 4 4 43⎠ ⎟⎟
frames
⎝
14 4 4 4 4 4 4424 4 4 4 4 4 4 43⎠
shifts

⎛
⎞
⎜ ⎛
⎟
⎞
⎜ ⎜
⎟
⎟
⎞⎟⎟
1
1 ⎜ ' ⎜ ' ⎛⎜ '
∗
(CC
)⎟
⎜ H H H42
4
3 ⎟⎟⎟
N
N ⎜ ⎜⎜ ⎜ 1
⎟
frames
⎝42
44
3⎠ ⎟⎟ ⎟
⎜ ⎜⎝ 14
lines
⎠
424 44
3⎟
⎜ 14 4
⎝ 424columns
14 4 4 4
4 4 4 43⎠

(5)

shifts

The two options described above are simpler than the
developed to the FHVC, but can’t be used because in the first
one, the coefficients values became too small and lost
significant precision. In the second one, the coefficients values
became too large, which required more computational memory.
So, the binary shifts inserted between the transform
calculations, as described before, in addition to avoid fractional
coefficients, provided final 3D-Hadamard coefficients with
smaller values. This procedure improved the coding process
through the reach of higher compression rates and allowed the
complete implementation with a 16-bit integer arithmetic.

As the Hadamard matrix is composed only by +1 and −1
values, the one-dimensional transform has a dynamic range
gain of N / N = N . If N = 8, for instance, the dynamic range
gain is 8 . Considering that the transform is three-dimensional
and that the first decoding division by N is carried out at the
encoder, the total dynamic range gain is 83 / ( 8 )4 = 8. Since
log2 8 = 3, only 3 additional bits are necessary to store the
transform coefficients than the necessary to store the pixels
values, which ensures the requirement of using few
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Sequency → Coordinate

computational memory. This analysis for N = 8 is enough and
sufficient because the maximum supported cube size is 8x8x8.
C.

0→0

1→4

Coefficients Sequency Scan Order

2→6

With the energy compaction achieved by the 3D-Hadamard
transform, the cube's energy is not any more disperse among its
values and becomes concentrated in some coefficients of the
cube. The reading of these coefficients in a decreasing, or
“decreasing in the average”, order is important because
increases the entropy coding efficiency (which is the next stage
in the coding process).
To determine a fast and fixed reading order (independent of
the information content in each cube), an analysis was
developed with some video sequences and an approximately
common spreading energy pattern was identified. In fact, the
energy became concentrated in DC coefficient (correspondent
to the sequency 0 row in (3)) and in AC low frequency
coefficients (correspondent to the sequency 1, 2, 3 and 4 rows
in (3)). The other AC coefficients are associated with higher
frequencies and have smaller energy values. So, to assure that
the coefficients with the higher energy values will be initially
scanned, it is necessary to take in account the three sequency
numbers of each coefficient (one sequency number in each
dimension of the cube).
The new method developed for the appropriate
consideration of the three sequency numbers of each
coefficient performs the multiplication of them. Once each
sequency number can vary from 0 to 7, the multiplication
result value can vary from 0 to 343 (which corresponds to
7*7*7). This value is the one that will be used to order all
coefficients of each cube. In order to do this, each
multiplication value will be associated with all the three
sequency numbers possible combinations that produce the
value. For instance, the multiplication value 8 will be
associated with the triples: (1, 2, 4), (1, 4, 2), (2, 1, 2), (2, 2, 2),
(2, 4, 1), (4, 1, 2) and (4, 2, 1), where the triples are composed
by (frame sequency number, line sequency number, column
sequency number).
Once the multiplication value 0 could have almost two
thousand associated triples (because would embrace all the
triples with the sequency number 0 in any position), all the
sequency numbers were added with the value 1 before the
multiplication operations. Because of this, the final
multiplication result can vary from 1 to 512 (which
corresponds to 8*8*8).
Not only all the three sequency numbers possible triples
must be associated with the correspondent multiplication value,
but also these triples must be ordered for each multiplication
value according, initially, by the frame sequency number, then
by the line sequency number and finally by the column
sequency number. That must be done because the cube’s
energy is concentrated first in the low frame sequency
numbers, then in the low line sequency numbers followed by
the low column sequency numbers. In the example shown
before for the multiplication value 8, the triples are already
organized through this order.
The last coefficients scan order procedure stage is to
translate the sequency numbers to the real cube coordinates.
This translation is shown in Fig. 3 and it is necessary because
of the transform Hadamard order explained in Section 2.2.

3→2
4→3
5→7
6→5
Fig. 3. Translation of the sequency numbers to the real cube coordinates.

In order to illustrate the coefficients cube sequency reading
order implemented in the FHVC, the "Hall Monitor" QCIF
video sequence in YUV 4:2:0 format is used with a cube size
of 8x8x8.
Fig. 4(a) shows the sequence correspondent to the AC
coefficients of the cube 7x8 belonging to the #264-#271
luminance frames block read by a column-line-frame scan
order. This reading order generates high energy periodic peaks
at each 64 coefficients approximately and low energy periodic
peaks spaced each 8 coefficients.
Each higher energy peak in Fig. 4(a) corresponds to the
coefficient read in sequency number 0 line and sequency
number 0 column of each frame in the coefficients cube. The
eight coefficients in this position are in the transverse axis in
Fig. 3. The periodicity reading for these coefficients is 64
because all 63 coefficients from the previous frames are read
first.
For the lower energy peaks in Fig. 4(a), the periodicity is 8
because the reading is line by line. Besides, the energy of the
peaks in the sequency number 0 column is higher than the
energy of the coefficients located in the other columns.
(a)

(b)

Fig. 4. AC coefficients of the "Hall Monitor" cube 7x8 belonging to the
#264-#271 luminance frames block read by (a) column-line-frame scan order;
(b) FHVC sequency scan order.
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With the analysis of the graph in Fig. 4(a) it was possible to
identify the spreading energy pattern of the Hadamard
coefficients cube and to develop the new sequency scan order
approach presented. The Fig. 4(b) shows the same coefficients
of the Fig. 4(a), but read according to this new scan order. One
can see that the coefficients are in a “decreasing in the
average” order, which increases the efficiency of the next stage
in the coding process (the entropy coding stage).
The first frame of the #264-#271 frames block is shown in
Fig. 5 with the cube 7x8 used in Fig. 4 detached. It can be
visually realized that the detached cube has a uniform content.
So, the AC coefficients values are low, which agree with the
low energy values shown by the lower AC coefficients
numbers of the Fig. 4(a). In fact, these initial coefficients are
proceeding from the frame with sequency number 7, which is
the highest frequency of the cube.
Once the scan order for one cube of the block was
developed, it was necessary to develop a scan order to read all
the cubes of the block. If the cube size is 8x8x8 and the video
sequence is in QCIF format, there are 22 * 18 = 396 cubes in
each 8 frames block.
To explore the correlation between coefficients located in
the same position of adjacent cubes, the coefficients of all the
cubes are read according to a spiral curve, beginning with the
coefficient of the superior left cube and finishing with the
coefficient of the central cube. Initially, the DC coefficient of
the superior left cube is read, then the DC coefficient of the
right neighbor cube is read and so on until the DC coefficient
of the central cube. Following, each AC coefficient (in the scan
order described before) is read similarly for all the cubes.
The graph in Fig. 6(a) corresponds to the AC coefficients of
the #264-#271 luminance frames block read by a column-lineframe scan order. Comparing this sequence with the one shown
in Fig. 6(b), which corresponds to the FHVC sequency scan
order, it is possible to verify that a better grouping of AC
coefficients with similar values is achieved in fact.
D.

Fig. 5. Detached cube 7x8 belonging to the #264 frame of the "Hall Monitor"
sequence whose AC coefficients of the luminance plane are shown in Fig. 4.

(a)

(b)

Fig. 6. AC coefficients of the "Hall Monitor" #264-#271 luminance frames
block read by (a) column-line-frame scan order;
(b) FHVC sequency scan order.

Adaptive Entropy Coding with Golomb's RLE

Entropy coding is performed in the FHVC by an adaptive
version of Golomb's RLE described in [2]. This entropy coding
technique uses concepts extracted from well-known wavelets
transforms methods, such as EZW (Embedded Zerotree
Wavelet) [5] and SPIHT (Set Partitioning in Hierarchical
Trees) [6].
Most video codecs perform quantization of the coefficient
values before the entropy coding stage. The FHVC doesn't
perform this explicit quantization and so, it can be used in a
lossless manner. In fact, the FHVC performs an implicit
coefficient quantization because the encoding is applied to bit
planes (beginning with the most significant bit plane), which
generates an embedded encoded bitstream. Thus, the decoding
can be done aiming a specific desired rate. Another possibility
is to control the bit-rate during encoding generating the coded
bitstream at the desired rate.
III. RESULTS
In order to achieve a multi-platform code, the codec
computational system is implemented in C# language, in the
Microsoft Visual C# . NET environment. The encoding and the

decoding processes, as well as all other supported operations
Microsoft Visual C# .NET environment. The encoding and
decoding processes, as well as all other supported operations
(e. g. parameters settings and optimized coded video file bitrate reduction), are controlled by the user through graphical
interfaces.
With the FHVC, it is possible to perform the video sequence
encoding and decoding separately or in sequence. Fig. 7
presents the screen for the last one option, where the video
sequence decoding begins immediately after the end of the
coding process. Through this interface, the user can inform the
original video file path, format, resolution and quantity of
frames. The desired coded file bit-rate can also be chosen. Bitrates lower than the available in the interface are obtained
through other graphical interface of the FHVC. This interface
enables a fast reduction of the coded video file bit-rate to the
bit-rate desired by the user. All the encoding and decoding
operations can be followed by the user through the messages
shown in the “Coding and Decoding Status” area. The
messages shown in Fig. 7 correspond to the end of a successful
video sequence coding and decoding process.
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Fig. 7. FHVC graphical interface showing the successful result of a video sequence coding and decoding process.

In order to evaluate the FHVC computational efficiency, the
encoding and decoding times of given video sequences were
measured. All execution times were obtained with a Pentium-4
3.20 GHz processor and 3GB of memory, running exclusively
the codec.
For comparisons, we used the H.264/AVC official reference
software obtained in [7]. The techniques used in this pattern
are very different from the used on FHVC. Nevertheless, the
comparison with the H.264/AVC is considered interesting
because it is the video codec with the best performance
nowadays.
It's very important to emphasize that there are H.264/AVC
optimized implementations much faster than the official
reference software. Even thus, we chose compare FHVC
performance with the official reference software performance
because this is a non-proprietary implementation and is always
enabled complete, without restrictions. So, coding and
decoding times of any other codec can also be compared with
the H.264/AVC official reference software and then, be
indirectly compared to the performance obtained with the
FHVC.
Besides that, FHVC implementation is also not optimized
for the hardware where it is being executed, once that C#
(which is the programming language used in FHVC) is
interpreted and a compiled code version was not generated.
Most H.264/AVC configuration parameters were set as
"default", according to the software official manual developed
by the Joint Video Team (JVT). The parameters not set as
"default" in the configuration file are: Main profile, level 2.0,
GOP of size 15 given by I-B-B-P-B-B-P-B-B-P-B-B-P-B-B, 5
reference frames and CABAC (Context-based Adaptive Binary
Arithmetic Coding) entropy coding.
Fig. 8 presents the results obtained with the H.264/AVC and
the FHVC for the "Hall Monitor" QCIF sequence in the YUV
4:2:0 format considering 8 frames per cube. Other sequences in
QCIF and CIF formats were also tested with similar results.
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Fig. 8. PSNR versus bit-rate curves for the luminance and chrominance
components of the “Hall Monitor” sequence.

The choice of using 8 frames per cube for coding the "Hall
Monitor" sequence was done because this sequence has
reduced motion and fixed background. Other sequences with
high motion contents and rich detailed frames would be better
coded with 4 frames per cube.
It is possible to verify in Fig. 8 that the H.264/AVC codec
always achieves superior results in terms of peak signal to
noise ratio (PSNR) versus bit-rate and that the difference in the
codecs performance is less significant in the chrominance
components.
According to Fig. 8, the FHVC uses approximately 3 times the
bit-rate of H.264. This rate-distortion result is justified in
applications where high capacity is available (e. g. optical
links) but computational resources (complexity) at the end
nodes are limited. In fact, this is the case for FHVC, once it
was developed to be executed by a set-top box on a fiber optics
network.
The visual quality comparison is presented in Fig. 9, where
Fig. 9(a) is the original frame. Fig. 9(b) and Fig. 9(c) present
this frame reconstructed after being encoded at 0.12 bit/pixel
by H.264 and FHVC, respectively. It can be verified in Fig.
9(c), that the FHVC visual performance is satisfactory at a bitrate of 0.12 bit/pixel (which implies a good compression by a
factor of 100).
The good FHVC result at Fig. 9(d) was already expected,
since at the rate of 0.33 bit/pixel, the FHVC achieves a
reasonable PSNR value of 38 dB for the luminance
component, as shown in Fig. 8.
The encoding and decoding times obtained with the FHVC
and the H.264/AVC codec (measured at the same bit-rates) are
shown in Table 1. As the FHVC is a symmetric codec, the
encoding and decoding times are almost the same, unlike
H.264/AVC, where the decoding is 23 times faster, in average,
than the encoding.
Based on Table 1, we can verify that the FHVC is
consistently faster than the H.264/AVC official reference
software, being approximately 200 times faster in encoding
and 11 times faster in decoding.
As the FHVC is always superior to H.264/AVC in terms of
execution time, but always inferior in terms of PSNR versus
bit-rate, we looked for at which bit-rate the FHVC could
achieve a sequence with similar visual quality to that achieved
by H.264/AVC. This analysis showed that at the rate of 0.33
bit/pixel, the FHVC produces the frame shown in Fig. 9(d),
which has visual quality comparable to the H.264/AVC frame,
shown in Fig. 9(b).

(a)

(b)

(c)

(d)

TABLE 1. ENCODING AND DECODING TIMES
FOR THE "HALL MONITOR" SEQUENCE.

Fig. 9. "Hall Monitor" frame #264 (a) original; (b), (c) and (d) reconstructed
after being encoded respectively by H.264 (0.12 bit/pixel), FHVC (0.12
bit/pixel), and FHVC (0.3 bit/pixel).

According to Table 1, the H.264/AVC codec requires
2,855.75 ms per frame for encoding at 0.12 bit/pixel. The
FHVC requires 15.923 ms per frame for encoding at 0.33
bit/pixel, which produces similar visual quality frames for this
sequence. It can be concluded that, at the cost of reducing the
H.264/AVC compression rate by a factor of 2.75, an encoding
180 times faster can be achieved with the FHVC. Another
important observation is that the encoding time of 15.923 ms
per frame makes it possible to have real time video sequences
encoding at 30 fps.
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IV. CONCLUSIONS
A new 3D-Hadamard transform coefficients scan order
based on the multiplication of the coefficients sequency
numbers was presented. This scan order enabled the reading of
the cubes coefficients in a decreasing, or “decreasing in the
average”, order (which increases the entropy coding
efficiency).
The scan order presented was created for a fast embedded
3D-Hadamard color video codec named FHVC, which was
developed to be executed by a set-top box device on a
broadband network.
With the modifications implemented in the normalizing
factors (especially the groupings and the displacement of the
normalizing factors from the decoder to the encoder) it was
possible to adjust the dynamic range of the data to the available
fixed point 16-bit representation. Besides, doing the
normalization in pairs allows for implementation by simple bit
shifts.
The codec behaves well for general video applications. For
high bit rates applications (around 0.9 bpp), the PSNR
degradation with respect to H.264 is less pronounced (around 3
dB) than what happens in the low bit rate scenario (around 0.1
bpp), where this degradation may be in excess of 6 dB.
The applicability of this codec is best directed to systems
with complexity and storage limitations, possibly using fixed
point processes, but enjoying high bit rates network
connections (low cost codec but making use of high
performance links). An added advantage is the exception of
intellectual fees.

Performance results for one particular video sequence were
shown. Results with other video sequences led to similar
conclusions and indicated that, at the cost of a reduction in
H.264/AVC compression rate by a factor of 2 up to 4, it is
possible to get encoding times that are significantly (around
200 times) smaller with the FHVC.
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Abstract—This paper presents the use of higher order
statistics and a neural network based multi-classifier system for
gene and exon identification of a DNA sequence. Newly proposed
higher order statistics features, combined with frequency domain
analysis, are used to train three different neural networks.
Classification results of the three individual neural networks are
combined through an aggregation function, of which five variants
are compared herein. An evaluation of the multi-classifier system
on 117 sequences from the HMR195 database shows that when
different opinions of more classifiers on the same input data are
integrated within a multi-classifier system, a relative
improvement in precision of 5% over the individual
performances of the neural networks can be obtained.
Keywords: Higher-order statistics, genomic signal processing,
neural networks, multi-classifier systems.

I.

INTRODUCTION

The gene identification problem, which requires the
prediction of the protein-coding regions (exons) in DNA
sequences through computational means, has attracted
significant research attention for some time. Worldwide
initiatives on genome sequencing have necessitated the
development of new approaches to assess rapidly the potential
of a given nucleotide sequence in a functional context. Despite
the existence of various data-driven gene finding programs
such as FGENES [1], GeneMark.hmm [2], Genie [3], Genscan
[4], HMMgene [5], Morgan [6], and MZEF [7], improvements
to the accuracy of gene prediction are still highly desirable [8,
9].
A number of methods have been proposed for gene
detection based on distinctive features of protein-coding
sequences [10-12]. The different methods are based on a
variety of contrasting characteristics of exons and introns.
These methods employ for example differences in the patterns
of codon usage [11], neural networks [12], or the discrete
Fourier transform [13]. Furthermore, as higher order statistics
(HOS) are able to reveal hidden information not found by
normal statistics [14], the use of HOS for gene identification
will be investigated.
Neural networks have extensively been used in
bioinformatics [10, 12, 15], especially for gene identification.
In this paper, we propose a neural network-based multiclassifier system for protein coding identification. The
proposed system contains three neural networks that operate on
feature vectors from Fourier transform and higher order
statistics to deduce coding or non-coding region decisions.

The objective of this paper is to investigate the use of
higher order statistics for gene identification and to evaluate the
performance of a neural network based multi-classifier system.
Section II discusses the feature extraction, i.e. higher order
statistics features, and periodicity-3 and periodicity-10.5
features. Section III discusses the neural network based multiclassifier system and the data set used for training and testing
the system. The performance evaluation is presented in Section
IV, while Section V concludes this paper.
II.

FEATURE EXTRACTION

Higher order statistics (HOS) have been applied in many
diverse fields, such as radar, plasma physics, biomedicine,
array processing, and blind equalization [14]. These statistics
not only reveal amplitude information about a process, but also
reveal phase information. By using the HOS in a DNA
sequence, we hope that we can reveal any hidden information
that might be useful for the gene identification. In this section,
the features from HOS analysis will be further investigated to
determine whether it can be used as discriminative features in
identifying the protein coding region of a DNA sequence.
In this paper, we extract features from higher order
statistics [14], i.e. mean, variance, skewness, and kurtosis, and
signal processing based features, i.e. the periodicity 3 and 10.5
[16] of the Fast Fourier Transform (FFT) spectrum of a DNA
sequence. In order to apply digital signal processing techniques
and higher order statistics for feature extraction, the character
sequences of DNA should be first converted into four binary
indicator numeric sequences. The simplest and most popular
mapping of a DNA sequence is known as the Voss
representation [17]. For example, for a DNA sequence
x[n] =CGATGACGAA, the binary indicator sequence for each
base type, xl [n], ∀l ∈ {A, C , G, T } , would be
x A [n] = {0,0,1,0,0,1,0,0,1,1}, xC [n] = {1,0,0,0,0,0,1,0,0,0}

xG [n] = {0,1,0,0,1,0,0,1,0,0}, xT [n] = {0,0,0,1,0,0,0,0,0,0}
x A [n] + xC [n] + xG [n] + xT [n] = 1

where n represents the base index. From a biological
perspective, the Voss representation characterizes the
frequency of occurrence of each individual base l in the DNA
sequence. Other popular DNA representations for genomic
signal processing can be found in [18].
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A. Higher Order Statistics
To extract the higher-order statistics features for gene
identification, we calculate the mean, variance, skewness, and
kurtosis of each representation of DNA sequence, x l [n] × w[n]
for a given window length N . The window size N is chosen
to be sufficiently large (in the order of few hundred, e.g. 351 as
used in [4]). The Bartlett window w[n] is utilized, as it
removes the extraneous peaks introduced by the abrupt edges
of the rectangular window [19]. The window is then moved by
one nucleotide. For each frame, the first moment, the mean, for
each base type l is calculated as follows:

μ l = E (x l ) =

1
N

near the mean, decline rather rapidly, and have heavy tails. It is
defined as follows:

κl =

(

E ( x l − μ l )4

σl

)−3= 1

⎛ x l [n] × w[n] − μ l
⎜
N n =1 ⎜⎝
σl
N

∑

4

⎞
⎟⎟ − 3 (4)
⎠
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l

Variance, the second moment, is a measure of the statistical
dispersion of a DNA sequence, defined as follows:

(

)
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Skewness, the third moment, is a measure of symmetry. A
DNA sequence is symmetric if it looks the same to the left and
right of the center point of the frequency of occurrence.
Skewness is defined as follows:

γl =

(

E (x l − μ l )3

σ l3

)= 1

⎛ x l [n] × w[n] − μ l
⎜
N n =1 ⎜⎝
σl
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⎠

3

(3)

Figure 2. The histogram of kurtosis features for coding and non coding
region of DNA sequences

Fig.1 and Fig. 2 show the distribution of skewness and
kurtosis features on the HMR195 training sequences (see
Section III.B). The figures show the discriminative nature of
the skewness and kurtosis values to determine the coding and
non coding region in a DNA sequence. Hence, it will be
suitable to use the HOS features for gene identification.
B. Periodicity 3 and 10.5 features
The discrete Fourier transform (DFT) of a DNA sequence
xl [n] of length N is defined as
X l [k ] =

N −1

∑ x [n] × w[n] × e
n =0

l

− j 2Nπk

(5)

where k = 0,K, N − 1 and l ∈ {A, C , G, T } . The DFTs X A [k ] ,
X C [k ] , X G [k ] and X T [k ] for the above indicator sequences
can thus be calculated using equation (5). The periodicity of 3
and 10.5 in protein coding regions of a DNA sequence suggests
that the DFT coefficients corresponding to k = N3 and
k ≈ 10N.5 will be large [16, 20]. Thus if we take the window size
Figure 1. The histogram of skewness features for
coding and non coding region of DNA sequences

Kurtosis, the fourth moment, is a measure of whether the
data are peaked or flat relative to a normal distribution, i.e. a
DNA sequence with high kurtosis tends to have a distinct peak

N to be sufficiently large (again, for example 351 base pairs),
peaks in the magnitude X l [k ] will be observed at the

frequency indices k =

N
3

and k ≈ 10N.5 [13, 19], corresponding

to coding regions (relatively low values will be found for noncoding regions). However, the values of these peaks vary
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significantly even for different DNA sequences derived from
the same organisms. To overcome this problem, a ‘signal-tonoise ratio’ and a threshold were used in [19] to detect the
protein coding. Here, the signal-to-noise ratio SNRl [k ] is used
as a frequency domain feature and is calculated as follows [19]:
SNRl [k ] =

X l [k ]

2

2 X l [k ]

2

(6)

where X l [k ] is the average magnitude spectrum for each
2

base. Note that the window is then moved by one sample until
all the DNA sequence has been processed.
III.

NEURAL NETWORK BASED MULTI CLASSIFIER SYSTEM

The process of classification describes the allocation of
previously unknown data into a number of predetermined
groups or classes. Artificial neural networks are one of the
more popular implementations of the computational
intelligence based-classification paradigm [10, 12, 21]. In this
paper, the input to the classifier is the extracted features as
described in Section II. Moreover, the output of the classifier is
“coding” (exon) and “non-coding” (intron) nucleotides. The
main goal of learning in classification problems is
generalization, i.e. how to accurately classify genes not
included in the training set.

as the input feature vectors have dimension 24 rather than 8 for
each three neural network multi-classifier system. So, it
requires more memory and is slow to train. Informal
experiments showed that a single neural network provides
reduced accuracy compared with a multi-classifier system.
The proposed system contains three neural networks, to
which three groups of features extracted from the same DNA
sequence are presented. The outputs of the individual neural
networks are then passed through a probability function or
decision logic in order to provide an answer as to whether the
presented sequence is a coding or non-coding.
A. Neural Network Classifiers
Neural networks have extensively been used in
bioinformatics. Multi-layer neural networks trained using the
back-propagation algorithm have extensively been used in
bioinformatics [10, 12]. The configuration of neural network
classifiers (NNC) and its input features is shown in Table I. For
all networks, a multi-layer perceptron (MLP) with two hidden
layers and a network size of 8-8-4-1 was chosen, as this
configuration provides good classification and efficient
network training.
TABLE I.

Network
NNC1
NNC2
NNC2

CONFIGURATIONS OF THREE NEURAL NETWORK BASED
CLASSIFIER AND THEIR INPUT FEATURES.

SNRl [k ], k ≅

Input Features ν

{N3 , 10N.5 } , l ∈ {A, C , G,T }

μ l , σ l2 , l ∈ {A, C , G, T }

γ l , κ l2 , l ∈ {A, C , G, T }

All neurons in both hidden layers have tan-sigmoid transfer
functions. The output neuron has a purely linear transfer
function. Empirical work found that a further increase in the
number of neurons in each layer did not improve the
performance of the classifier. Increasing the number of neurons
further increases the risk that the networks will overfit the
training data.
The output from the neural network classifier is then input
to a transfer function that transfers the output of the network
into an assertion of the form coding/non-coding region. This
function can have various forms depending on the kind of
output that the networks produce. In this paper, the networks
were trained to produce the value of 1 when faced with a
coding and the value of -1 when faced with a non-coding
region. In this case the probability function is a simple hard
limiter function as follows,
⎧1 if x > τ
hl ( y,τ ) = ⎨
⎩0 otherwise
Figure 3. Neural network based multi-classifier system
for gene identification

(7)

where τ is the threshold value.

In this paper, we propose a neural network based multiclassifier system as shown in Figure 3. A neural network multiclassifier system was used rather than single neural network. A
single neural network approach requires a larger network size

All three networks were trained using the training set as
defined in Section III.B. Training was said to be complete
when the mean square error of the network fell below 0.001 of
the training data. The resilient backpropagation algorithm [22]
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was utilized to train the networks. This algorithm allows timely
training of the networks, because it is especially designed and
adapted to work well with multilayered networks with sigmoid
transfer functions.
B. Data Sets
The HMR195 dataset [8] contains 195 mammalian
sequences with exactly one complete either single-exon or
multi-exon gene. The dataset was developed to evaluate
different gene-finding programs. All sequences contain exactly
one gene which starts with the ‘ATG’ initial codon and ends
with one of the stop codons, i.e. ‘TAA’, ‘TAG’, or ‘TGA’.
There are no in-frame stop codons in coding genes, and introns
of multi-exons genes start with dinucleotides ‘GT’ and end
with dinucleotide ‘AG’. Sequences longer than 200,000 bp are
not included in the set. In this dataset, the ratio of
human:mouse:rat sequences is 103:82:10, with a mean length
of 7096 bp. The set contains 43 single-exon genes, and 152
multi-exon genes. The proportion of coding regions in the
sequences is 14% and the mean exon length is 208 bp.
In this paper, the HMR195 dataset was divided into 117
training set sequences (60%) and 78 testing set sequences
(40%). The single and multi-exon sequences and
human/mouse/rat sequences were evenly and randomly
distributed into the training and testing sets. The training set
had length 786338 bp, while the testing set had length 603400
bp.
C. Implementation of Multi-classifier System
The basic concept of the multi-classifier system (MCS) is
that the shortcomings of one classifier will be compensated by
several others, so that the combined classification result will be
more accurate than that of a single classifier by itself. The
application of a multi-classifier system for DNA analysis has
been exhaustively described in [15]. As shown in Figure 3, the
decision logic takes all the probability output from three neural
networks and combines them into the final result of the overall
system.

There are many ways to combine the results of the
individual classifiers. In this paper, the most frequently used
aggregation functions such as maximum, summation, average,
majority voting, and neural network, are explained below.
Suppose that we have M
classifiers and that
Cm (ν ), m = 1,K, M is the result of a single classifier, while ν
is the input feature vector.
Figure 4 shows the multi-classifier system using various
aggregation methods. The final output is obtained by passing
the output from MCS to a transfer function as described in
equation (7) with the optimum threshold τ evaluated
empirically.
1) Maximum
In this method, the prediction result of the classifier with
the highest score is chosen as follows:
MCS MAX (ν ) = max(w1C1 (ν ),K, wM C M (ν ))

(8)

where MCS MAX (ν ) is the prediction result of the multiclassifier system using the maximum combination method, and
wm is the confidence weight. For simplicity, we set
wm = 1, ∀m .
2) Summation
In this method, the sum of all scores achieved by a single
classifier is used as follows:
MCS SUM (ν ) =

M

∑ wm Cm (ν )

(9)

m =1

where MCS SUM (ν ) is the prediction result of the multiclassifier system using the summation method.
3) Average
In this method, the average of all scores achieved by a
single classifier is chosen as follows:
MCS AVG (ν ) =

1
M

M

∑w

mCm

(ν )

(10)

m =1

where MCS AVG (ν ) is the prediction result of the multiclassifier system using the average combination method.
4) Majority Voting
In this method, the combination of all scores is achieved by
following the opinion of the majority of the classifiers. For this
method, the output of the neural network classifier is
transferred to coding/non-coding (“1” or “0”) assertion by a
probabilistic function. The result obtained using majority
voting is then obtained by
MCS MV (ν ) = arg max Jj=1
Figure 4. Multi-classifier system using various methods
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1 M
∑ wmCmj (ν )
M m=1

(9)

where MCS MV (ν ) is the prediction result of the multi-classifier
system using the majority voting combination method,
J denotes the number of classes, and Cmj (ν ) denotes the
certainty of classifier m that input ν belongs to class j . Note
that, to avoid deadlock, the number of classifiers M should be
an odd number.
5) Neural Network
In this method, another neural network is used to obtain the
combined result from the output of neural network classifier. In
this paper, the multi layer perceptron with a 3-3-1 configuration
was utilized as shown in Figure 5.

correctly predicted as non-coding. False positives ( FP ) is the
number of non-coding nucleotides predicted as coding. The
sensitivity ( Sn ) provides a measure of the proportion of coding
nucleotides that have been correctly predicted as coding. The
specificity ( Sp ) provides the proportion of predicted coding
nucleotides that are actually from the coding region. Both Sn
and Sp can be viewed as conditional probabilities. Finally, the
precision ( P ) shows the recognition rate of the classifier.
B. Performance Evaluation of Individual Classifiers
The test sequences described in Section III.B were passed
through the three neural networks (NNCn) individually, and the
performance results are summarized in Figure 7.

Figure 5. Neural network configuration for the
multi-classifier system

The hidden and output layers have pure linear transfer
function. The network is trained using the resilient
backpropagation algorithm until a mean square error of 0.001
is achieved.
IV.

RESULTS AND DISCUSSIONS

In this section, the performance of each individual classifier
and the multi-classifier system is evaluated. First, the
performance metrics are described. Then, the performance
evaluation of individual classifiers is presented. Finally, the
performance evaluation of the multi-classifier system is
discussed.
A. Evaluation Measures

Figure 7. True positives and true negatives recognised by
the individual neural networks

Table II shows the performance in terms of specificity (Sn),
sensitivity (Sp), and precision (P). Note that the probabilistic
function used for each neural network was hard limiter (see
equation (7)), for which the optimum threshold values are
τ 1 = −0.54 , τ 2 = −0.49 , and τ 3 = −0.47 . From Table II, we
can see that the higher order statistics features (NNC2 and
NNC3) provide a comparable performance with the well-known
Fourier analysis features (NNC1). Hence, the use of HOS
features in gene identification is validated.
TABLE II.
PERFORMANCE OF INDIVIDUAL NEURAL NETWORK
CLASSIFIERS ON THE HMR195 TEST DATASET

Network
NNC1
NNC2
NNC3

Specificity
(Sp)
0.457
0.310
0.275

Sensitivity
(Sn)
0.451
0.302
0.276

Precision
(P)
0.854
0.813
0.808

Figure 6. Nucleotide-level measures of prediction accuracy

To evaluate the performance of gene identification, we used
prediction accuracy measures similar to [23], as shown in
Figure 2. True positive ( TP ) is the number of coding
nucleotides correctly predicted as coding. False negative ( FN )
is the number of coding nucleotides predicted as non-coding.
True negative ( TN ) is the number of non-coding nucleotides

By combining the HOS features with Fourier analysis
features, we expect that a higher recognition rate can be
achieved. Two conditions need to be met in order for the
application of multiple classifiers to be successful [15]. Firstly,
the performance of all classifiers individually needs to exceed
50%. Secondly, the individual classifiers need to be sufficiently
different from each other.
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C. Performance Evaluation of the Multi-classifier System
The classification performances on the HMR195 test set,
including the specificity, sensitivity, correlation, and precision
of the combined system, using various aggregation functions
described in Section III.C are tabulated in Table III.
TABLE III.
PERFORMANCE COMPARISON OF THE MULTI-CLASSIFIER
SYSTEM USING VARIOUS AGGREGATING METHODS

Method
Maximum
Summation
Average
Majority Voting
Neural Network

Sp
0.427
0.443
0.448
0.300
0.480

Sn
0.436
0.444
0.440
0.340
0.472

P
0.847
0.852
0.854
0.830
0.862

τ
-0.34
-1.6
-0.53
n/a
-0.51

By comparison with Table II, the combination of these
three neural networks provides an improved recognition rate in
terms of precision. The MCS using a neural network
aggregation function provides the best result, while MCS using
majority voting provides the poorest result. The results
obtained by the individual neural networks and the MCS using
neural network are compared in Figure 8. Furthermore, the
performance of the proposed MCS using neural network are
compared with the NNPP algorithm [24]. Table IV shows that
our algorithm outperforms the NNPP algorithm in terms of
specificity, sensitivity, and precision.

mammalian DNA sequences. Higher order statistics and
Fourier analysis features were utilized for the individual neural
networks. Evaluation of the proposed system on the HMR195
database revealed that the recognition accuracy of the multiclassifier system can be increased by 5% over that of the
individual neural networks. Future work will include the
optimization of current neural networks, the application of
other classifiers such as support vector machines (SVM),
Gaussian mixture models (GMM), hidden Markov models
(HMM), and the identification and use of other discriminative
features.
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Abstract—A motion field generation algorithm using block
matching of edge-flag histograms has been developed aiming at
its application to motion recognition systems. Use of edge flags
instead of pixel intensities has made the algorithm robust
against illumination changes. In order to detect local motions
of interest effectively, a new adaptive frame interval
adjustment scheme has been introduced in which only the edge
flags due to local motions present in the frame are accumulated
and utilized in block matching. These edge flags are projected
onto x and y axes to generate histograms and the motion in x
and y directions are determined by histogram matching. As a
result, the computational cost for best match search has been
substantially reduced. A vector representation of the motion
field is also proposed and has been applied to preliminary
motion recognition experiments using Hidden Markov Models
(HMMs). The advantage of the proposed method over the
simple optical flow has been demonstrated.

I.

INTRODUCTION

Motion recognition plays important roles in a number of
applications such as remote control by gestures, manmachine interaction, interpretation of sign languages,
surveillance cameras and so forth. Motion recognition is
composed of two stages: motion feature extraction and
feature recognition. In most motion recognition systems, the
emphases are placed on the latter stage, namely, on how to
construct models for target motions and recognize them. In
the feature recognition stage, motion specific models as well
as more general ones such as Hidden Markov Models
(HMMs) and Bayes Filters are employed [1,2,3]. On the
other hand, in the motion feature extraction stage, there is
still room for developing new schemes. Therefore, it is
important to explore new one because the result of feature
extraction directly influences the recognition performance.
The motion feature extraction is typically performed by
tracking feature points in the frame and analyzing their
trajectories [4,5,6]. Feature points are marked beforehand
using color information, object contours or pixel activities. In
tracking methods, difficulties are encountered in consistent

tracking, i.e. how to identify one feature point in the present
frame as the same feature point in the previous frame.
In other approaches, motion features are directly
extracted from image sequences. The luminance change at
each pixel site is obtained and represented as twodimensional maps and pattern analysis is carried out on such
maps [7,8]. Since the map contains only the information of
temporal pixel intensity activities, motion speeds and
directions are not included in the motion feature
representation. This certainly limits the performance of
motion recognition. To solve this problem, motion fields are
often utilized. The motion field is a map of local velocities
each representing the motion vector determined at every
pixel site. In [9] and [10], the statistical features obtained
from a motion field are utilized to represent the motion in the
frame.
Usually, motion field is generated using gradient
methods such as normal optical flow, in which the motion
vector at each pixel is calculated using pixel intensities of
small area, i.e. intensities at neighboring pixels in the same
frame and those at the same pixel site in the next frame,
under some constraints [11,12,13]. Although this method is
very simple and the computational cost is low, the accuracy
is limited because of the small area information. On the other
hand, block matching is also used to generate motion fields.
Block matching estimates the motion of each block in the
frame by scanning with the image in the block the search
area in the next frame and finding the best matched location.
Block matching is more accurate than gradient methods but
the problem is its high computational cost [14,15]. Moreover
both the gradient method and the block matching are weak
against illumination changes because they both rely on pixel
intensities.
In order to solve these problems, block-matching-based
motion field generation algorithm utilizing directional edge
displacement is proposed in this paper. In this algorithm,
block matching is carried out based on directional edge maps
to make it robust against illumination changes. In order to
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Figure 1. System organization of motion recognition system: (a)
source image sequence; (b) motion fields; (c) vector expressions; (d)
HMM-based sequence matching.
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Figure 2. Detailed procedure of motion field generation.
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reduce the computational cost, the histogram matching
technique has been employed in the search for the best match
location. A new adaptive frame interval adjustment scheme
has been introduced in the present work, which allows us to
detect only motions of significance. As a result, false
motions arising from background noises have been
effectively eliminated. A motion-field-based feature vector
representation has also been proposed to extract motion
features from moving image sequences. Preliminary
recognition experiments based on the proposed method were
carried out using HMMs and the effectiveness of the
algorithm has been tested.
II.

Time

0

A.

Directional Edge Map Generation
In the first place, source image sequence is converted to a
sequence of horizontal and vertical binary edge maps.
Directional edge detection is performed by applying
horizontal and vertical filtering kernels to an input image as
shown in Fig. 3(b). Binarization of the filtering result is
carried out by utilizing the threshold adaptively determined.
The threshold is determined so that a certain number of
edges are left in the frame. Using higher threshold decreases
the number of edges left in the frame. Thus, by specifying
the ratio of the total edge count to the total number of pixels
in the frame, the threshold is determined. This is based on
the fact that human pays more attention to more visible edges
(or larger gaps of intensities) in the scene. The directional
edge maps thus generated are shown in Fig. 3.
B. Adaptive Frame Interval Adjustment
The motion estimation based on binary edge maps is very
sensitive to the choice of frame intervals. If the interval
between two frames is too small and the motions are less
than one pixel, they cannot be detected. If the interval is too
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The details of motion field generation are illustrated in
Fig. 2, which are explained in the following.
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MOTION FIELD GENERATION ALGORITHM

Fig. 1 shows the organization of the motion recognition
system which is under development in our laboratory. At
first, a motion field is generated from a source image
sequence. Then, the sequence of motion fields is converted
to a sequence of vectors representing the motion in the image
sequence. Finally, motion recognition is carried out using
HMMs. Since the quality of motion field directly affects the
recognition performance, accurate motion field generation is
of prime importance.
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Figure 3. Generation of edge maps: (a) source image; (b) filtering
kernels; (c) horizontal edge map; (d) vertical edge map at the edge area
percentage of 20%.

large and the motion is beyond the range of search window
(± eight pixels), it leads to an error. Therefore, suitable
intervals must be determined adaptively according to the
motion of the target object. For this end, edge-based adaptive
interval adjustment scheme is proposed in the present paper.
The procedure is explained in Fig. 4.
Firstly, an edge map is generated from an image frame by
setting the edge detection threshold so that the number of
edge flags remaining becomes a certain percentage of the
total number of pixels in the frame. (Typically 20% in a
256x256 pixel size was employed.) This edge map is called
the source edge map. Then, the edge map is generated from
the next-frame image with the same remaining edge
percentage (20% in the typical case) and logic OR is taken
between the edge map and the source edge map. The
combined edge map thus produced we call the accumulated
edge map. From the third frame image, edges are detected
with the same edge percentage, which is then merged with
the accumulated edge map by taking OR again. In this
manner, the accumulated edge map is updated at every
incoming image frame. Such a procedure is repeated until
the edge count in the accumulated edge map increases to a
certain value (typically 22% was employed). Then the
resultant accumulated edge map is compared with the source
edge map and the difference is detected, namely, Exclusive
OR is taken between the accumulated map and the source
map. The edge map produced in this manner is called the
directional edge displacement map (DED map), in which
only the edge flags due to the motion occurring during the
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Figure 5. Horizontal motion detection by shifting and matching of edge histograms generated by projecting edge flags in DED map.

image sequence are accumulated and remaining. This very
edge map is utilized in the motion field generation.
The same procedure is restarted from the following frame
image, and repeated until the next DED map is obtained.
From these two DED maps, motion field is generated as
explained in the next subsection. Since the number of edge
flags remaining in the DED map is set to a constant value
(2% in the typical case), the time interval between the two
DED maps are automatically adjusted as approximately
corresponding to the equal amount of motion occurring in
the image sequence.
C. Motion Field Generation
Motion estimation using two DED maps are performed
by block matching of edge images where computational cost
was drastically reduced by using projected histograms

instead of using two dimensional edge maps. The procedure
is illustrated in Fig. 5. In the following explanation,
horizontal motion detection is described as an example.
Vertical motion detection is carried out in the same manner.
A block of 16x16 pixels in the first map at t is searched in
the area of 32x32 pixels in the second map at t+Δt. The
block in the map is vertically extended to 32x16 pixels and
projected onto the horizontal axis, thus generating a 16element histogram (edge histogram) by counting the number
of edges in each column. Then the edge histogram at time t is
compared with the 32-element edge histogram which is
generated by projection of 32x32 pixels in the second map
(time: t+Δt). The sum of differences between two histograms
is calculated for each shift of the histogram at t in the target
histogram at t+Δt and the minimum in the sum of differences
is searched. This yields the best match location. The
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Figure 6. Feature vector representation of motion field: four directional motion components are summed up and represented as four concatenated
histograms.

horizontal motion is determined using both vertical and
horizontal edge maps.
In the motion estimation, unreliable block matching
results should be ignored. One is the source block that
contains too little edges. Therefore the results of edgehistograms whose average element values are smaller than
one are discarded. Another unreliable result is the case where
there exist multiple minima having closer values. So the
matching result is discarded unless the minimum in the sum
of differences is smaller than a half the average of sums of
differences for all shifts. The motion estimation in the
horizontal direction is performed using both horizontal and
vertical edge maps. If one of the two results is zero or
discarded as invalid, the other result is adopted as the final
result. If the two results are different, then the results are
ignored as invalid.

III.

EXPERIMENTAL RESULTS AND DISCUSSION

Preliminary experiments of motion recognition were
carried out based on the algorithm developed in the present
work. The sequence of motion field generated from the
source image sequence was converted to a sequence of
vectors. Then these vector sequences were inputted into
HMM recognition system as shown in Fig. 1.
Samples were composed of four cyclic motions,
“horizontal”, “circle”, “diagonal” and “triangle” as shown in
Fig. 7. The sequence of mirror images (horizontally reflected
images) were also included as confusing test samples. Every
motion was performed 4~5 times by each of three different
individuals, thus 28 samples were collected for each motion.
Therefore 112 image sequences (each contains 506 to 669
256x256-pixel grayscale frames) were used for the

By repeating the processing at predetermined pixel
locations, a motion field is generated from two DED maps
generated at different time stamps.
D. Vector Representation of Motion Field
An example of generating a feature vector from a motion
field is illustrated in Fig. 6. Motion field is separated into
four directional motion component maps (positive and
negative components in horizontal and vertical motions,
namely right and left motions and up and down motions).
These component maps are projected onto the axes
perpendicular to the directions of respective motions, and
four histograms are generated. Thus the elements in a vector
represent the spatial distribution of four directional motions
with somehow reduced spatial resolution in the direction of
motion. Such a vector representation of the motion field is
named as PPMD (Projected Principal-Motion Distribution)
following the directional edge based still image
representation known as PPED (Projected Principal-Edge
Distribution) [16].
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“diagonal”
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Figure 7. Four kinds of cyclic motions and their reflected images are
used as sample sequences.
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Figure 8. Recognition rate of motion recognition experiments.
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For this purpose, an average trajectory of moving object
was reconstructed. All the motion vectors in a frame were
summed up to produce one pair of average horizontal and
vertical motion components (vx, vy). Then, all motion
components from a sequence were integrated and
represented as a trace on an x-y plane as shown in Fig. 9.
Here the length of the trace was normalized to 1.0. Fig. 9
draws two traces of the same sample “circle” using motion
field sequences generated using either the proposed method
or the optical flow. The end point of normal optical flow is
far away from the starting point. This means that the motion
field was not correctly detected. It is difficult to recognize
0.5
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triangle
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Figure 10. Distance from starting point to end point in reconstructed
average trajectory for four kinds of cyclic motions.

that the trace draws a circle. On the contrary, the trace using
the proposed method is obviously drawing a circle. The
distance between the starting point and ending points was
calculated for all samples and the results are shown in Fig.
10. The long distance observed for sample “triangle” was
caused by a large variation in the motion depending on
individuals. Figs. 8 and 10 indicate strong relationship
between the recognition rate and the quality of motion field.
Finally, computational cost was examined. The operation
time to generate one frame of motion field (motion vector
generation at every pixel site of a 256x256-pixel image) took
17.8 seconds using proposed method while 72 milliseconds
using normal optical flow on 2.0GHz dual core AMD
Opteron processor. This means proposed method is about
250 times computationally more expensive as compared with
normal optical flow. By employing adaptive frame interval
adjustment method, 5.8 frames were skipped on average. As
a result, the proposed method takes 43 times longer time than
normal optical flow for total operation.
In the proposed method, about 96% of operation time
was consumed by generating edge histograms, shifting and
matching. To accelerate the operation, edge histogram
matching processor has been developed also in our group
[17]. Since this processor is capable of generating one
motion vector per cycle at 100MHz clock, the operation time
to generate one frame of motion field takes only 0.65
milliseconds (or about 770 motion field/second considering
edge detection operation) which is sufficiently fast to carry
out motion recognition.
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The recognition rate for each kind of motion is illustrated
in Fig. 8. On average, 78.5% recognition rate was achieved
by the proposed method while the results using normal
optical flow were 63.4%. The recognition rate was degraded
due to the differences in individuals, especially differences in
the arm length and the center position of motion. When three
samples were randomly selected from the same motion
group and utilized as test data, and the rest samples were
utilized for learning, 100% recognition rate was achieved by
proposed method while 98.2% using normal optical flow on
average. To investigate the difference in the results between
motion field generation methods, the quality of motion field
sequence was evaluated as in the following.
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Normal Optical Flow

Distance

AVERAGE

experiments. A 6-state 1-dimenional left-right model with
three Gaussian mixture was employed in the HMM. The
samples were converted to sequences of 16-element vectors
using two methods: the proposed method in this paper and
the one employing normal optical flow for motion field
generation. For each kind of motion, samples from one
person were used as test data and the samples from the other
two persons were utilized as learning data. The recognition
test was repeated for all combinations.

0
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IV.

SUMMARY

Block-matching-based motion field generation algorithm
utilizing directional edge displacement has been developed.
Adaptive frame interval adjustment scheme introduced in
this work has enabled a reliable motion field generation.
Preliminary recognition experiments confirm the
effectiveness of the method. The vector representation is
now being applied to more complicated motions aiming at
developing motion recognition systems.

Normal Optical Flow
Proposed Method
-0.5

Figure 9. Reconstructed average trajectories from motion field
sequence of “circle” motion.
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Series Feature Aggregation for Content-Based
Image Retrieval
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School of Computer Science and Software Engineering,
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Wollongong NSW 2522 Australia
Abstract—Feature aggregation is a critical technique in
content-based image retrieval systems that employ multiple visual
features to characterize image content. One problem in feature
aggregation is that image similarity in different feature spaces
can not be directly comparable with each other. To address
this problem, a new feature aggregation approach, series feature
aggregation (SFA), is proposed in this paper. In contrast to merging incomparable feature distances in different feature spaces
to get aggregated image similarity in the conventional feature
aggregation approach, the series feature aggregation directly deal
with images in each feature space to avoid comparing different
feature distances. SFA is effectively filtering out irrelevant images
using individual features in each stage and the remaining images
are images that collectively described by all features. Experiments, conducted with IAPR TC-12 benchmark image collection
(ImageCLEF2006) that contains over 20,000 photographic images
and defined queries, have shown that SFA can outperform the
parallel feature aggregation and linear distance combination
schemes. Furthermore, SFA is able to retrieve more relevant
images in top ranked outputs that brings better user experience
in finding more relevant images quickly.

I. I NTRODUCTION
With the explosively growing amount of information made
available in digital form, the information retrieval plays a
more and more important role in work and daily life. Image retrieval is an important area of information retrieval.
Traditional keyword-based image retrieval makes use of the
annotations of images to search for images. In this paradigm,
image retrieval is a form of text information retrieval. Contentbased image retrieval (CBIR) addresses another problem of
searching and ranking images based on their visual similarity,
in many cases with a query that is expressed by an example
image. The state-of-art technology is to characterize image
content using visual features and the similarity is measured
with the feature distances. Each feature extracted from images
characterizes certain aspect of image content. Multiple features
are necessarily employed to provide an adequate description
of image content in order for a CBIR system to retrieve
relevant images. In CBIR systems using visual features, the
relevance is defined as visual similarity of image content that
is in turn specified by various visual features. However, it
is an challenging problem to measure the image similarity
from various individual feature similarities as different features
are not compatible in the sense that are defined in different
spaces. The distances of different feature vectors are not
therefore directly comparable with each other. Research in

feature aggregation is aimed to addressing this problem.
Some efforts have been reported to provide working solutions. In the context of relevance feedback, linear combination
of feature distances is one of the first methods [1], [2]. To treat
the feature distance array as a vector, Euclidean distance is
used to measure the aggregated similarity of multiple features
in [3], [4]. There are some systems such as MARS [5] and
BlobWorld [6] attempting to address this problem using the
Boolean logic. To overcome the limit of traditional Boolean
logic, decision fusion scheme using fuzzy logic is introduced
in [7]. These efforts have achieved certain success in their
applications. However, the problem of how to measure the
relevance of images using visual features is yet to be answered.
The mechanism of how multiple individual visual features describe collectively the image content is still to be understood.
In the prior work, individual features are extracted independently from images and feature aggregation methods take into
consideration of each feature by formulating the aggregated
similarity as a combination of individual features in parallel.
In other words, they are applied to rank the images at the same
time.
In this paper, we propose a new feature aggregation approach, Series Feature Aggregation (SFA). SFA does not
need to compare or aggregate distances from different feature
spaces. SFA selects relevant images using features one by one
in series from images highly ranked by the previous feature.
Images are filtered out by each feature that does not describe
the image content well. The remaining images are collectively
well described by all features.
In Section II, we discuss the structure of feature aggregation.
In Section III, we describe our experiments and present some
revealing experimental results. We conclude with a brief
discussion of our work and some future work that may be
inspired from the work presented in this paper.
II. S ERIES F EATURE AGGREGATION
In this section, we will discuss the feature aggregation problem and propose a new approach, series feature aggregation. It
is shown that SFA can avoid the difficult in merging different
feature distances in different feature spaces that, in principle,
are not comparable and their summation does not make any
sense in describing image content.
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A. Feature Aggregation
In CBIR systems, images are retrieved according to the
relevance of content of images in an image collection and that
of the query image. The content of images is characterized by
visual features such as visual descriptors suggested in MPEG7
visual tools [8], [9]. The relevance of image content in CBIR
systems in the Query-by-Example (QBE) paradigm is in turn
defined as the similarity of visual features measured by the
distance of visual descriptors. In contrast to early work in
CBIR that has been focused on selecting a good feature to
characterize the image content, recent research recognizes that
each visual feature describes one aspect of image content and
multiple features are necessary to adequately characterize the
content of images. Various features are extracted from the
query image and their similarity measured by distances to
those of images in the collection are calculated.
In CBIR systems employing multiple features, the relevant
images are ranked according to an aggregated similarity of
multiple feature descriptors, as shown in Fig.1, where xi , (i =
1, 2, ..., n) stands for the ith feature distance between the query
image and an image in the collection. The performance of the
retrieval is largely dependent on a sensible feature aggregation
scheme as different features are not directly comparable with
pure quantity of them as different features describe different
aspects of the image content. For instance, a colour feature
distance of 0.5 does not convey a message of any equivalent
significance of a texture feature distance of the same value in
describing image content. A feature aggregation scheme is to
effectively and quantitively determine which aspects and how
they will contribute to the process of measuring the relevance
of image content for a given query. Ideally, the contribution
of individual features in feature aggregation should correspond
to its significance in describing the query concept of specific
queries, which varies from query to query.
Previous work on feature aggregation has proposed some
schemes. In the context of relevance feedback, a linear combination of various features were used [1], [2]. The Euclidean
distance is also proposed [3], [4] to measure the aggregated
similarity of various features. Those two schemes treat the
feature aggregation problem in the vector space. In [5], [6], the
problem is formulated as a Boolean logic. Effectively, it measures the content similarity using one of the features selected
by an aggregation strategy expressed with logic operations. To
further extend the Boolean model, [7] introduced the decision
fusion formulated based on fuzzy logic to extend AND and OR
operations in Boolean logic. In all above schemes, individual
features are aggregated in parallel into one overall distance
that is used to rank the final retrieved images.
B. Motivation of the Work
The assumption of conventional feature aggregation methods is that normalized feature distances can be comparable
to each other so that the image similarity could be obtained
through combining different feature distances into one total
distance. Generally, this assumption does not carry any intuitive meanings in visual image similarity. The motivation of

Fig. 1: Feature aggregation in CBIR

our work is to propose a new feature aggregation approach
that avoids to combine different visual features from visually
unrelated spaces.
We treat the image retrieval problem as a process of
selecting relevant images from the image collection based on
their relevance to each individual features. Top ranked images
using one feature in the collection are selected and form a subcollection in which images are to be selected using another
feature. Effectively, this process filters out irrelevant images
using individual features in series stages and the resultant
images are relevant to all features. The relevance of images to
a feature is measured by the distance in its feature space. In
practice, the distance in a feature space is defined to reflect
the visual similarity measured by that feature and a shorter
distance means, for a good visual feature, more similarity
between two images in respect of that feature.
C. Series Feature Aggregation
There are basically two structures in feature aggregation
that differ in the way how individual features are used to
measure the aggregated image similarity. In accordance of
the order of features used to measure the visual similarities,
they are series and parallel feature aggregation, as depicted in
Fig.2. Parallel feature aggregation has been used in various
names such as fusion or merging of multiple streams. Series
feature aggregation is a new approach proposed in this paper.
Considering that different feature distances can not be directly
comparable to each other, SFA does not merge different
features or compare distances of different features.
Fig.2(a) depicts the structure of series feature aggregation.
The top ki images ranked by a feature in ith stage form the
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feature aggregation. The final retrieval result is obtained by
merging multiple sorted image lists. The top k images ranked
by each feature are merged into one list as the retrieval result.
Assume that n features are used in the system, there will be
n sorted image lists.
In both series and parallel feature aggregation approaches,
the operation of feature distances normalization and the operation of feature distance combination are not needed.
III. E XPERIMENTAL R ESULTS
In Section II, we proposed a new feature aggregation approach. In this section, we will present experimental results of
a comparative study on various feature aggregation schemes.
A. The System
An experiment system is implemented to evaluate the
performance of SFA with comparisons to various feature
aggregation schemes. For parallel feature aggregation, the
following steps are executed in the system.

(a) Series Feature Aggregation

Parallel Feature Aggregation:
Step 1:Extract the features of query image in real time.
Step 2:Compute the distances between query image and
database image based on features using the functions
recommended by MPEG-7.
Step 3:Images in collection are ranked according to different feature distances respectively. System returns n
image lists, where n equals the number of features
applied in system.
Step 4:Top k images in every list will be merged to obtain
final retrieval result and display.
The mid-rank strategy is applied for merging top k images,
which is to rank images using the sum of their ranks in n lists.
If one image does not exist in top k of a special list, its rank
in this list will be set to 2.5k.
For SFA, the Step 1 and Step 2 are the same as above, but
Step 3 and Step 4 are different.

(b) Parallel Feature Aggregation

Fig. 2: Structures of Feature Aggregation

sub-collection of images for (i + 1)th stage. The final retrieval
result is obtained with n stages where n is the number of
features used to describe the image content. There are two key
factors in SFA. One is the order of the application of features
and the other is the numbers of images, ki (i = 1, 2, ..., n),
retained in each stage. Ideally, the order of features applied
for retrieval should correspond to their capabilities to describe
the query concept, which varies from query to query. If ki
increases, more images that are less relevant to a specific
feature are retained and used as candidates in the next stage,
the recall may increase and the precision may decrease and
vice versa.
As a comparison, Fig.2(b) depicts the structure of parallel
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Series Feature Aggregation:
Step 1:Extract the features of query image in real time.
Step 2:Compute the distances between query image and
database image based on features using the functions
recommended by MPEG-7.
Step 3:If the first feature is considered, all images in collection are ranked based on the first feature distance and
top k1 images in the ranked list will be returned. Else
if the (i + 1)th feature is considered, the ki images
returned by last iteration will be ranked according to
the (i + 1)th feature distance and top ki+1 images in
the ranked list will be returned.
Step 4:If all features have been considered, then system
display kn images. Else, consider the next feature
and return to Step 3.

Three standardized MPEG-7 visual descriptors [8] are used
in the system including the Color Layout Descriptor (CLD),
Edge Histogram Descriptor (EHD) and the Homogeneous
Texture Descriptor (HTD).

TABLE I: The performance of the parallel feature aggregation
scheme with different k
Precision

k
k
k
k
k
k
k
k

B. The Experiments
The IAPR TC-12 benchmark image collection (ImageCLEF2006) [10] is used in the experiments. It contains over
20,000 photographic images. We examined the queries and
their ground truth sets defined in the CLEF Cross-language
Image Track 2006 and they are deemed not suitable for use
directly in our experiments as they are defined for combined
keyword and content-based retrieval systems. To evaluate
content-based retrieval only, we selected one example image
from each query set and adapted the corresponding ground
truth set based on visual similarity and ignored the text annotations of all queries and image annotations in the collection.
This resulted in 20 queries and their corresponding ground
truth sets. Each ground truth set consists of about 40 ground
truth images.
To evaluate the performance of SFA, parallel feature aggregation and linear combination of feature distances are
implemented as reference schemes.
The first set of experiments is designed for SFA. In this
scheme, feature order and ki are key parameters. Experiments
for the parallel feature aggregation are designed and the
tuned configurations that perform well are found, which are
conducted with variable k. k determines how many images in
every ranked list are used for the following merging operation.
As discussion in Section II-C, the choice of k can affect
the precision and recall of the final retrieval results. The
linear combination scheme of feature distances [1], [2] is
implemented with unbiased weighting on all features.
Average precision-recall over 20 queries is used to measure
the retrieval performance, as defined as
precision =

F G(k)
,
k

(1)

and

F G(k)
,
(2)
NG
where k is the number of retrieved images, F G(k) is the
number of matches after k image retrieved and N G is the
number of ground truth images.
recall =

C. The Results
Table. I presents the performance of the parallel feature
aggregation scheme with different k. The results of eight
different k are presented that show the effect of k to the
retrieval performance. N is the number of images in the
collection, where N = 20000 in our experiments (the same
in all experiments as presented in this paper). To compare the
performances of different schemes, the result of linear scheme
is also provided in the table.
The observation of experiments result reveals that the performance of the parallel feature aggregation scheme is not
inferior to that of linear combination scheme. The choice

Linear
= 0.01N
= 0.02N
= 0.03N
= 0.04N
= 0.05N
= 0.10N
= 0.25N
= 0.50N

Recall
0.1
0.63
0.53
0.57
0.63
0.62
0.60
0.62
0.62
0.62

Recall
0.2
0.45
0.33
0.33
0.37
0.41
0.42
0.42
0.41
0.41

Recall
0.3
0.32
0.24
0.23
0.27
0.27
0.26
0.28
0.30
0.30

Recall
0.4
0.25
0.21
0.17
0.20
0.20
0.20
0.21
0.21
0.22

Recall
0.5
0.19
0.16
0.14
0.14
0.15
0.15
0.14
0.15
0.16

TABLE II: The optimal retrieval parameters for different
queries
Parameters
Query 1
Query 2
Query 3

Feature order
HTD-CLD-EHD
CLD-HTD-EHD
HTD-EHD-CLD

k1
0.050N
0.020N
0.500N

k2
0.015N
0.015N
0.100N

k3
0.001N
0.001N
0.001N

of k can slightly affect the performance of this scheme.
When recall < 0.3, the performances of the parallel feature aggregation scheme with different k are diverse while
recall > 0.3, they converge. The average performance of the
linear combination schemes are about 5 to 10 percent better
than the parallel feature aggregation scheme.
Experiments show that the orders of individual features in
SFA are critical to the performance and different ki have
effects on optimal performance as well. Fig.3 shows examples
of the retrieval performances of SFA for three different queries.
The parameters for the queries in Fig.3 are listed in Table.
II. For comparison, the performances of linear combination
scheme are also plotted in the figures. It shows that the
SFA can outperform the linear combination scheme. The SFA
outperforms the linear combination scheme about 15 to 40
percent when recall < 0.4 and the performances converge
after recall > 0.4. This pattern of performance improvement
is significant in applications as more relevant image are highly
ranked in SFA that brings better user experience in finding
more relevant images quickly.
To observe the difference of performances manifested in
the ranked retrieval results, we present some image retrieval
results. Figs.4 to 6 are 10 top ranked images from SFA and
the linear combination schemes for the three queries, named
“Group people before mountain”, “Scenes of Footballers in
Action” and “People on Surfboards” in the IAPR TC-12
benchmark image collection (ImageCLEF2006) [10]. The first
image at the top-left in these figures is the query image.
In all the results, SFA is able to retrieve more relevant
images from the collection. Relevant images are defined in
the corresponding ground truth sets.
IV. C ONCLUSIONS
The feature aggregation in content-based image retrieval
using multiple visual features is a challenging problem as
various feature distances are not directly comparable with
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each other. Previous work treated this problem using either
a vector model or a logic model. In this paper, we proposed a
new feature aggregation approach, series feature aggregation.
The proposed approach does not merge incomparable feature
distances in different feature spaces and avoids the problem
that conventional feature aggregation methods suffered from.
Experiments were performed to evaluate various schemes
under the same conditions with IAPR TC-12 benchmark
image collection (ImageCLEF2006) that contains an adequate amount of photographic images along with its defined
challenging queries. Experiments have shown that SFA can
outperform the parallel feature aggregation and linear distance
combination schemes. Furthermore, SFA is able to retrieve
more relevant images in top ranked outputs that brings better
user experience in finding more relevant images quickly. SFA
is effectively filtering out irrelevant images using individual
features in each stage and the remaining images are images
that collectively described by all features.

(a) Performance with Query 1:“Group people before mountain”
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(b) Performance with Query 2:“Scenes of Footballers in Action”

(c) Performance with Query 3:“People on Surfboards”

Fig. 3: Comparisons between FSA and the linear combination
scheme
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(a) Linear Combination Scheme

(b) SFA

Fig. 4: Retrieval results for the query “Group people before
mountain”

(a) Linear Combination Scheme

(b) SFA

Fig. 5: Retrieval results for the query “Scenes of Footballers
in Action”

(a) Linear Combination Scheme

(b) SFA

Fig. 6: Retrieval results for the query “People on Surfboards”
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Abstract- Many hardware and software co-design
methodologies have been proposed to improve overall system
performance, reliability and cost-effectiveness of digital
systems for decades. This paper presented an efficient codesign methodology using primitive instruction sets and a
dynamic out-of-order execution scheduler for a variety of video
compression algorithms. As a case study, this paper applies the
proposed co-design method to the motion estimation of H.264
video coding standard, which is one of the most timeconsuming parts in H.264. This case study shows that the
proposed methodology improves motion estimation speed by 13
times compared to naïve motion estimation with a minimal
design and coding effort.

I.

INTRODUCTION

Recently, demands of various multimedia services have
been radically increased. Such service demands require
efficient video compression algorithms to efficiently and
economically store and transmit multimedia contents. For
this, many video compression standards such as MPEG-2
[1], MPEG-4 [2], and H.264 [3] have been proposed and
used, during last decades. However, since the high
compression efficiency of these standards is mainly due to
high computation complexity, it is very difficult to
implement them in software for real-time applications. To
resolve this problem and thus, to provide real-time video
compression encoding with a little quality degradation, full
hardware design solutions have been proposed [4], [5], [6].
However, these dedicated hardware architectures have a
problem of short flexibility and long time-to-market.
To overcome the problems described above, many
hardware and software co-design solutions have been
proposed, which can take advantages of both software and
hardware solutions, i.e., flexibility and performance [7], [8],
[9]. Jang et al. [7] presented a H.263 video compression
codec [10] which implements motion estimation and motion
compensation parts of H.263 codec in hardware and
processes the rest of H.263 in software. Choi et al. [8] also
presents a MPEG-4 hardware and software co-design
solution which proposes to design a codec in hardware
except for a variable length coding (VLC) part of MPEG4.
Even though the quality and performance of the proposed
algorithms given above are tolerable and acceptable, their
bulky-sized hardware IP blocks such as ME or MC parts,
degrade the benefits of software solutions, i.e., flexibility

and low development cost.
In order to provide the design flexibility of previous
works, a co-design approach based on the UltraSONIC
reconfigurable platform is recently proposed [9], [11]. In [9],
Wiangtong et al. proposes an algorithm which automatically
partitions and schedules tasks for hardware and software,
respectively. Because run-time reconfigurable processing
elements (PEs) of UltraSONIC can contain any specific
data-dominated tasks, various combinations of PEs provide
flexibility and reusability to a hardware task design.
However, a sub-optimized partitioning algorithm by
automated tools degrades the performance of co-design
system compared to hand-made. In addition, task manager
algorithm which performs scheduling in task unit makes the
system limited in a parallel processing of instruction unit
and thus the performance degradation is occurred.
In this paper, we propose a hardware and software codesign methodology for various video compression
algorithms. The proposed co-design methodology employs
primitive instruction sets and an out-of-order execution
scheduler and thus, can exploit the benefits of both software
and hardware solutions, i.e., flexibility and performance.
In the remainder of this paper, we describe the proposed
co-design methodology that consists of primitive instruction
sets and out-of-order execution scheme in Section II. In
Section III, a case study for the motion estimation part of
H.264 will be considered. Finally, we conclude this work
while giving future work directions in Section IV.

II. HW/SW CO-DESIGN METHODOLOGY
In this section, we present an efficient co-design method
for video compression algorithms. This method takes care of
two co-design issues. The first issue is how tasks are
partitioned for hardware and software. The other is how to
maximize system performance. To handle the first issue, this
work introduces a primitive instruction set which enables
parallel processing in instruction unit and thus, defines an
implementation boundary between hardware and software.
Regarding the second issue, this paper employs an out-oforder scheduler for vector instructions or primitive
instructions. Before these issues are covered in depth, the
following section will cover the overview of the proposed
co-design flow.

This research was supported by the Seoul R&BD Program (10654),
Korea.
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A.

The Proposed HW/SW Co-design Flow
The proposed co-design flow iteratively partitions
hardware and software tasks by defining a primitive
instruction set until system requirements are satisfied. For
detail, as shown in Fig. 1, a primitive instruction set is
determined through analyzing system specifications and
application behaviors. Primitive instructions define which
tasks should be implemented in hardware and thus, result in
efficient HW/SW partitioning. After that, the system design
based on the primitive instruction set needs to be evaluated
in order to check whether system requirements are satisfied
Until given target requirements such as performance, chip
size, cost and power are satisfied, co-design system is
iteratively tuned. Therefore, the proposed co-design
methodology ensures a tight integration between software
and hardware, ending up with better performance and design
efficiency. More details about primitive instructions are
given in the following section.

B

D

HW/SW
Partitioning

(1) If an isolated task, like C task in Fig. 2, is an iteratively
called and data-intensive function block, the task can be
a candidate primitive instruction.
Examples: SAD or SATD 1 functions in motion
estimation.
(2) If a task, like B-C, B-D, or A-E tasks in Fig. 2, can be
generated by clustering some frequently called tasks, this
new task can be a candidate primitive instruction.
Examples: A set of scalar instructions, i.e. adders and
multipliers.
(3) If a task, like B task in Fig. 2, operates a regular-sized
block data access from main memory to register files,
and can be implemented in vector processing unit, this
task can be a candidate primitive instruction.
Examples: vector data-load instructions.

Evaluation

(1) If the candidate primitive instructions are a highly
critical bottleneck to implement real-time video coding
systems, they can be finalized as primitive instructions.
Examples: DCT or interpolation functions.
(2) If the candidate primitive instructions are applicable
and flexible to previous video codec, those candidate
primitive instructions can be primitive instructions.
Examples: SAD4x4 unit in SAD function.

Co-Synthesis

Hardware Model
(Primitive Instruction sets)

F

But, these candidate primitive instructions are finalized
and preferentially selected when one or more of the
following conditions are satisfied. If not, candidate primitive
instructions are iteratively split or merged until being
satisfied.

Primitive Instruction
Set Definition

Software Model

E

these tasks, candidate primitive instructions can be
determined when one of the following conditions is satisfied.

System
Specification

(Normal Scalar Instructions)

C

Fig. 2. Candidate Primitive Instruction Decision Procedure.

B. Primitive Instruction design methodology
The key idea of the proposed co-design methodology is to
define primitive instructions which are a sort of small
function blocks. Each one of these primitive instructions
processes a complicated and time-consuming task while
being called frequently. Therefore, if these instructions are
implemented in hardware, the overall performance of a
target system can be easily enhanced. This methodology
also can provide a hardware implementation of small-sized
flexible task units and enables to efficiently partition
hardware and software tasks.

Design
Decisions

Candidate
Primitive Instructions

A

System Integration
Implementation
1

SAD and SATD are criteria to find a nearest one of
current macroblock in the view of distance.

Fig. 1. Proposed HW/SW Co-design Flow.

Furthermore, from the view of software engineers, they
are just a set of new powerful instructions and thus, enable
an easy software development by replacing corresponding
function calls by the newly-given primitive instructions.
Fig. 2 shows a primitive instruction determination process.
In this figure, A, B, C, ..., F are primitive tasks comprising a
video application. By clustering, partitioning or isolating of

N

N

SATD   T ( xi  y i )

SAD   xi  yi ,

i 1

i 1

, where N is the number of pixels of a macroblock, T () is
Hadamard transform and

xi , yi are current and candidate

macroblock respectively.
The best or nearest macroblock

yi is chosen when the

criterion has a minimum SAD or SATD value.
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(3) If the candidate primitive instructions are defined as a
possibly dependency minimized set, they can be
primitive instructions.

proposes to employ an out-of-order scheduler for both
primitive instructions and normal scalar instructions.
Fig. 3 shows an architecture example employing
primitive instructions and an out-of-order scheduler. In this
figure, after fetching instructions from instruction memory,
the instructions will be dispatched and sent to reservation
station in the out-of-order hardware scheduler. At
reservation station, data dependency of instructions and
function unit availability are checked and, if there is no
problem, instructions are sent to execution units in any order.
Then, the results of executed instructions are written back
into either registers or buffers.
The proposed out-of-order execution scheduler checks
not only data dependency between primitive instructions but
also dependency between primitive instructions and normal
scalar instructions. Therefore, neither primitive instructions
nor scalar instructions block one another, maximizing
system utilization and performance.

Finally, selected primitive instructions can be implemented
in hardware by employing single instruction multiple data
(SIMD) or multiple instructions multiple data (MIMD)
structure. These structures enable one to process primitive
instructions in a short time, resulting in short execution time.
Therefore, flexibly defined primitive instructions can
provide compatibility to previous codec and higher
performance in speed.
To boost up the performance of system based on
primitive instructions, the following section will present an
out-of-order scheduler for either normal scalar or primitive
instructions.
C.

Out-of-Order Execution Scheduler
With an in-order scheduler, fetched instructions are
sequentially executed in a program order pattern. In this
case, a stalled instruction blocks the following instructions
which do not have to be blocked. For example, assume a
"multiplication" function unit which can multiply data in 10
cycle latency. In the case of in-order execution, any
following instructions cannot be issued and executed until
the multiplication instruction is completed. To resolve such
problem, an out-of-order execution scheduler rearranges
instruction execution order by dynamically tracking
instruction dependencies and checking whether functional
units are available. This increases processing resource
utilization and reduces execution time. With the example of
multiplication instruction given above, in the case of out-oforder execution, if next "add" instruction has no dependency
with the prior multiplication instruction, it can be issued and
executed without waiting for the multiplication instruction
completion, enhancing system performance and utilization.
Generally, such out-of-order scheduler has been
employed for scalar instructions rather than vector
instructions. This is because it is difficult to track
dependencies among vector instructions consisting of many
data and variables. However, our primitive instruction is
confined to have only one output data, which makes
dependency tracking easy. By exploiting this, this work

III. A CASE STUDY: H.264/AVC MOTION ESTIMATION
To help understanding, in this chapter, we provide a case
study which applies the proposed design methodology to
H.264/AVC motion estimation. For this, this chapter
analyzes characteristics of H.264/AVC motion estimation
and defines primitive instructions for hardware and software
partitioning. Then, by exploiting the defined primitive
instructions, we design a hardware and software co-design
architecture. Finally, the performance of this architecture
employing primitive instruction sets and an out-of-order
execution scheduler is verified by using “SimpleScalar”
simulator.
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Fig. 4. Macroblock and Sub-macroblock Partitions for Motion Estimation.
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A.

Design Specifications of H.264 Motion Estimation
As a state-of-the-art video coding standard, H.264
provides gains in compression efficiency of up to 50% over
a wide range of bit rates and video quality compared to
previous standards. However, complexity of H.264 highly
increased about 10 times as complex as a corresponding
MPEG-4 standard [12]. Specifically, to reduce the temporal
redundancy between successive pictures, motion estimation
algorithm has improved by adopting variable block size for

I-TLB

Virtual
Memory

0

16

(b) Macroblock sub-partitions: 8x8, 4x8, 8x4, 4x4

Mem
I-Cache
(IL1)

16

8

(a) Macroblock partitions: 16x16, 8x16, 16x8, 8x8

Primitive & Normal
Instruction Execution Unit
Out-of-order Issue
Scheduler & Dispatcher

0

8

D-TLB

Fig. 3. Out-of-order execution Scheduler.

- 104 -

motion compensation and higher motion vector resolutions.
Compared to previous video coding standards, H.264 has
a variable block size motion estimation scheme to represent
one macroblock. Fig. 4 shows the candidate macroblock and
sub-macroblock partitioning from Inter16x16 to Inter4x4
mode. A macroblock is composed of 16x16 pixels, and it
can be divided into two 16x8 partitions, two 8x16 partitions
or four 8x8 partitions. If the 8x8 partitions are selected, each
of the four 8x8 sub-macroblocks within the macroblock may
be split in a further 4 ways like (b) in Fig. 4. As results of
iterative partition motion search to find the best mode, the
complexity and computation load of motion estimation
increased and consumed 60~80% of the total encoding time
[13].
To resolve this complexity of motion estimation, this case
study applies our proposed co-design methodology to
motion estimation unit design. For this, we assume the
followings.
(1) 4:2:0 YCbCr format and QCIF (176x144) resolution.
(2) Full search algorithm is used.
(3) Motion vector search range is 16 pixels.
(4) Motion vector resolution is 1/4 pixels per one block.
(5) Matching criteria: SAD for integer-pixel search,
SATD for sub-pixel search.
(6) 5 reference frame number and “Foreman” test sequence.
B. Primitive Instruction Definition for Motion Estimation
To define primitive instructions for H.264 motion
estimation part as explained in section II, JM 10.1 reference
software and Intel Vtune performance analyzer 8.0 are used
for profiling [14]. The profiling result of motion estimation
is shown in Fig. 5. As shown, H.264 motion estimation
consists of four main functions, i.e., SAD for integer-pixel
search, SATD for sub-pixel search, interpolation for
multiple reference picture generation and miscellaneous
instruction part.
Since SAD function is an iteratively called and dataintensive function block, it can be a candidate primitive
instruction. But, to support motion estimation scheme in
H.264, implementing of all variable size SAD blocks, 16x16,

16x8, 8x16, …, 4x4, are redundant. Moreover, 16x8 size
SAD function may not be applicable to motion estimation of
MPEG-2 or 4 standards based on 8x8 or 16x16 block
motion search. This can make a 4x4 SAD function block as
a good primitive instruction candidate because a 4x4 SAD
function block makes any kinds of SAD blocks for any
video compression standards. Therefore, we define 4x4
SAD function block as SAD4x4 primitive instruction (PI).
SATD is another frequently-called and data-intensive
function for sub-pixel motion search, making SATD a
primitive instruction candidate. Additionally, this primitive
instruction can be used to implement another important
H.264 function, i.e., DCT4x4.
Since the data size of the primitive instructions selected
above is 4x4 block, data from main memory to primitive
instruction registers should be 4x4 vectors. Furthermore,
before the SAD4x4 and SATD are calculated, their source
data should be loaded into cache as soon as possible.
Therefore, we define LoadLine4x4 and LoadLine4x4_2 PIs
as primitive instructions for high speed vector data accesses.
These LoadLine4x4 and LoadLine4x4_2 PIs can be used to
implement a miscellaneous instruction function in Figure 5.
There are many memory address pointers to calculate the
image blocks. Since the address of macroblocks or submacroblocks in one picture is frequently operated and
moved to next on motion estimation process, we can cluster
those instructions, which are less dependency with each
other, at a distance in software program. These are the
NextAdrCalc PIs to calculate the addresses for next memory
pointer.
All of PIs mentioned above are listed in Table 1, and
some remarks are included for understanding. Interpolation
of reference pictures is omitted in this case study. This will
be covered in future works.

Motion
Estimation

SAD
Miscellaneous
Instructions

SATD
Interpolation

Fig. 5. Profiling Results for Motion Estimation by Intel Vtune Analyzer
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Table 1. Primitive Instruction sets for ME within H.264
Primitive
Remarks
Instructions
- Minimized SAD unit
SAD4x4
- Applicable to previous codec
- used in integer-pixel search
- Data-intensive function
SATD
- Flexible to DCT4x4
- used in sub-pixel search
- Vector memory(VM) access unit
LoadLine4x4
- used in integer-pixel search
- VM access unit per 4 pixels
LoadLine4x4_2
- used in sub-pixel search
- Set of frequently called
NextAdrCalc
instructions at a distance.
- for integer-pixel search
- Set of frequently called
NextAdrCalc_2
instructions at a distance.
- for sub-pixel search
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Fig. 6. An implementation of the proposed system architecture.

C. Implementation of HW/SW Co-design Architecture
To implement a HW/SW co-design architecture, we
choose a general purpose RISC processor, out-of-order
scheduler, main memory (SDRAM), L1/L2 Cache (SRAM),
common data and control bus, hardware modules,
instruction buffers (Queue) and register files to support
primitive or normal scalar instructions. All of separated
modules mentioned above are mixed and designed in one
architecture platform as Fig. 6.
The hardware and software co-design architecture
employing primitive instruction sets and out-of-order
execution scheduler is shown in Figure 6. This architecture
has a RISC (Reduced Instruction Set Computer) structure
including an out-of-order scheduler based on Tomasulo’s
algorithm for scalar instructions [15]. To support an out-oforder execution for primitive instructions, reservation
stations and original scheduler are improved.
: Hardware Parts
: MPEG-2

: Software Parts
: MPEG-4

SAD4x4

LoadLine4x4

DCT4x4

Convert Matrix
4x4to8x8

Intra Prediction

OBMC

: H.264

Syntax Encoder
for target
applications
Entropy & VLC
for target
applications
Miscellaneous
Instructions

As shown in Fig. 6, instructions are sent from L1 I-Cache
into the instruction queue, which they are issued in FIFO
order, by instruction memory controller. The reservation
stations include information used for detecting data
dependencies for predefined primitive instructions
(hardware tasks), as well as general instructions (software
tasks). This information enables both primitive instructions
and normal scalar instructions to schedule in out-of-order
pattern. The load buffers and store buffers make memory
data reorders in a program order pattern and read or write.
The data and controls needed to load, execute and store are
communicated through the common data and control bus.
This target architecture template can be easily extended
and customized for a range of video applications allowing
the primitive instruction sets to be reformed. Fig. 7 shows
the example of how the proposed architecture can be easily
adapted to various video applications such as MPEG-2,
MPEG-4 and H.264. The combination of some primitive
instruction sets can be a specific video codec. H.264, for
example, consists of SAD4x4, LoadLine4x4, DCT4x4 and
Intra Prediction implemented and executed in hardware
parts and Syntax Encoder, Entropy Coding, VLC and other
instructions processed in software. Since the out-of-order
execution scheduler accelerates a system, by selectively
choosing the primitive instruction sets from codec function
library like in Fig. 7, software engineers do not need to fully
understand a specific hardware architecture using MMX or
VLIW technology to optimize the software implementation
for a target specification.

Fig. 7. Combinations of Codec Function Library for video applications.
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for (y=0, abort_search=0; y<blocksize_y && !abort_search; y+=4)
{
for(x=0; x<blocksize_x; x+=4)
{
// NextAdrCalc
__asm__ __volatile__ (
"add/15:0(11) $10, $8, $9\n\t"
// nextaddrcalc.pi $pr10, $pr8, $pr9
:"=r"(pOrig_pic), "=r"(pRef_pic)
:"r"(img_width), "r"(img_height),"r"(cand_x),"r"(cand_y),
"r"(x),"r"(y),"r"(orig_pic[y]),"r"(ref_pic)
:"8", "9", "10"
);
// SAD4x4
__asm__ __volatile__ (
"add/15:0(3) $3, %1, %3\n\t" // ll4x4.pi $pr3, pOrig_pic, 16
"add/15:0(3) $4, %2, %4\n\t" // ll4x4.pi $pr4, pRef_pic, img_width
"add/15:0(1) %0, $3, $4\n\t" // sad.pi t_mcost, $pr3, $pr4
:"=r"(t_mcost)
:"p"(pOrig_pic), "p"(pRef_pic), "r"(16), "r"(img_width)
:"3", "4"
);
mCost += t_mcost;
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(a)

on primitive instructions, the amount of resource usages in
each pipe stage have increased and this result caused the
reduction of total cycles.
Instruction Per Cycle (IPC) in Table 2, is a measure to
know how the amount of parallelism among instructions
exists. The higher IPC value means that the number of
instructions performed per one cycle is higher. Therefore,
the parallel processing of instructions in this case is
performed well. IPC results with in-order execution
scheduler in Table 2 show the less difference between
original and primitive instruction sets, but the result with
out-of-order execution scheduling shows that the IPC is
largely reduced and the parallel processing is performed
well.

(b)

Fig. 8. (a) Simulation and Analysis Procedure in SimpleScalar architecture.
(b) Primitive Instruction Example in one part of H.264 ME.

D. Simulation Results
To verify and evaluate performance of the proposed
hardware and software co-design methodology, that was
modeled by using SimpleScalar simulator, which is
developed and supported by T. Austin at SimpleScalar LLC
[16].
SimpleScalar is one of the execution-driven simulators
and supports out-of-order execution and user-extensible
instruction format [17]. Therefore, our proposed PIs and
out-of-order execution scheduler are tested well in this
simulator. Fig. 8 (a) shows the procedure of simulation and
analysis with proposed primitive instructions in the
SimpleScalar simulator. Fig. 8 (b) shows a specific example
of primitive instructions, NextAdrCalc and SAD4x4, written
in inline assembly codes.
To verify performance of proposed co-design architecture,
we set following 3 test conditions and performed them in
SimpleScalar simulator. The first condition performs motion
estimation of in-order scheduling without primitive
instruction sets. The second one performs motion estimation
of an in-order execution structure with primitive instruction
sets. The last one performs motion estimation of out-oforder scheduling with primitive instruction sets. In
simulation process, predefined primitive instruction sets are
assumed that execution is processed in one cycle unit by
fully allocating the hardware resources.
Simulation results of H.264 motion estimation are as
following Table 2. In the original H.264 with in-order issue
structure, the total cycles are 22.57 billion cycles, but after
partial function blocks of motion estimation are replaced by
proposed primitive instructions, the performance is 4.93
times increased within in-order execution. The cause of this
improvement is that the primitive instructions enable to
process the complicated and time-consuming tasks in short
time.
In primitive instruction sets and out-of-order structure
case, the total cycle is reduced to 1.7 billion cycles. This
condition is approximately 13 times faster than naive motion
estimation algorithm, and 2.62 times faster than primitive
instruction sets with in-order execution. Because the out-oforder scheduler boosts up the performance of system based

Table 2. Simulation Results of H.264 ME part.
Total Cycles
Original + In-order execution.
22565476649
PI sets + In-order execution.
4579174158
PI sets + Out-of-order exec.
1747285199

IPC
0.8070
0.8444
2.2129

IV. CONCLUSION AND FUTURE WORK
In this paper, the co-design methodology based on
primitive instruction sets and out-of-order execution scheme
is proposed, which can take the advantages of both software
and hardware; flexibility, low development cost,
compactness and adequately high performance.
By properly defining of primitive instruction sets, the
proposed methodology can provide the flexibility to
previous video coding standards and low cost to system
development. Since the primitive instruction sets
implemented in hardware units are reordering with general
instructions by out-of-order execution scheduler, the
proposed co-design method sufficiently accelerates any
video coding algorithms in the encoding speed view.
Moreover, since the primitive instruction sets can support
a powerful codec function library, software engineers do not
need to fully understand the specific hardware architecture
using MMX or VLIW technology to optimize the software
implementation for a target application.
In a case study for H.264 motion estimation part, our
proposed co-design method has increased the effect of time
saving more than 13 times to the original motion estimation
system. This result can be more improved by how efficiently
defining of primitive instruction sets. In the light of view,
the generalization of primitive instruction sets is still the
main subject of our ongoing study.
In a future work, we will apply the proposed design
methodology to other parts of H.264 video codec standard
such as reference picture interpolation, intra prediction, ratedistortion optimization mode decision. In addition, a
prototype system of this easily extended and customized codesign methodology for a range of video coding standards
will be implemented in FPGA and verified.
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Abstract—This paper examines the task of estimating the 3D
pose of a human subject acquired from multiple views within a
multiple camera surveillance network. We utilised a modified fivepoint skeleton model with potential application in human action
recognition and gait recognition. This paper proposes automatic
initialisation and recovery of human pose. Feature tracking and
motion prediction are incorporated to increase the accuracy and
the robustness of the model. Although the model is tested within
the area of video surveillance, it has the potential to extend to
other areas such as Virtual Reality, content based retrieval and
compression of video. The proposed algorithm is evaluated with
the IXMAS database and is demonstrated to produce promising
results for 3D pose estimation from a multi-view camera network.
Outcomes are also evaluated using feature trackers.

I. I NTRODUCTION
Automatic human pose estimation is an extremely complex
challenge facing the computer vision community. The ability
for a computer to automatically decompose and estimate the
structure and pose of the human body has various applications
such as human action recognition [1], gait recognition [2], and
virtual reality [3].
Human action recognition is performed by classifying parts
of a video sequence as a particular action. Systems need
to be ‘taught’ how to recognise actions by first showing
many examples of that particular action. Algorithms used for
recognition include template matching, hidden Markov models
(HMM), Bayesian networks and neural networks, along with
variants of these such as coupled HMMs and time-delay neural
networks [1]. HMMs and its variants are by far the most
common techniques currently used.
Gait recognition is an identification process that extends
action recognition and is often performed on walking or
running motions. Gait recognition can be categorised by
two distinct approaches: appearance-based and model-based
approaches [4]. The appearance based approach performs gait
recognition directly from the human silhouette. In general,
feature extraction for this approach is a simple process. The
common features include the prediction of position, velocity,
shape, texture and colour. These approaches are often limited
when dealing with large view variations, suffer from view
dependency, and are sensitive to changes in lighting, occlusion,
noise, and clothing. Model based approaches involve complex

model fitting and tracking frameworks. Constraints such as
symmetry and degree of freedom (DOF) are often employed to
minimise the computational cost. Common features include the
angles between body parts, and static length of the body parts.
These approaches are often not view dependent, but suffer
from poor tracking of the upper limbs due to self occlusion
and inconsistent movement.
A difficult issue still requiring significant development is
the robust estimation of pose in 3D which can be acquired
from multiple views. Current methods are often limited to
a single view, are constrained by view-dependent algorithms
which cannot operate on any arbitrary view, or they lack the
ability to effectively combine the required information from
multiple views. Recent work in this area is targeting these
issues and is summarised in the following section.
With the goal of human action recognition and gait recognition in the area of surveillance we are seeking a technique that
is simple to implement and has fast execution time for realtime application. The reason for a multi-view approach is two
fold; to allow accurate 3D reconstruction and to minimise the
effects of occlusion. The modified five-point tracker has this
potential for pose recovery. We have implemented the tracker
using multi-view video sequences and construct a 3D model
to estimate human pose. Results illustrate the model is able to
recover pose using simple decision making rules.
This paper is outlined as follows. Section II provides an
overview of some related work in the field. Section III presents
the automatic pose estimation technique. Section IV presents
some experimental results which have been tested on the
IXMAS dataset [5]. Finally the paper is concluded with a
discussion and an overview of future work in Section V.
II. R ELATED W ORK
One of the simplest approaches for recovering human pose
within the 2D domain is often referred to as ‘star’ skeletonisation. This approach traces the contour of the silhouette of a
person, calculating the distance to the centroid of the silhouette
and taking the five most prominent peaks of this distance
measure. These five points correspond to the head, hands and
feet, and when connected to the centroid, resembles a star
shape. Fujiyoshi and Lipton [6] use the lower two points, or
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the feet, to distinguish between walking and running from its
periodic frequency. Slight adaptations to the algorithm have
since been made and utilised for other applications, such as
fence climbing detection [7] and also human action recognition
[8].
A more complex method which also labels the elbow and
knee joints, the hip and neck has been proposed by Thome et
al. [9]. A silhouette of a person is first skeletonised using a
method based on Voronoi diagrams and then the skeleton is
pologonalised. The skeleton is then decomposed into a directed
acyclic graph and matched against a human model to label the
points in the skeleton. Tracking was applied to each individual
point to help resolve ambiguities when matching and to assist
in dealing with self occlusion.
The Pfinder system [3] tackles the pose estimation problem
by modelling the human body as a series of 2D blobs, with
each corresponding to parts of the human body (head, hands,
feets, upper and lower body). It uses silhouettes extracted
from motion detection. The system has been used in various
implementations, such as a control mechanism to navigate
within a 3D virtual game environment, and was also the basis
for the American Sign Language recognition system.
Ren et al. [10] computes the edge map of the image and
then identifies parallel lines from the map. Pairwise constraints
between body parts are then used to assemble a human body
from these lines. Mori et al. [11] also uses an edge map
for their implementation. A normalised cut approach is then
used to segment the image with each of the segments passed
through various detectors in an attempt to identify limbs and
the torso.
The methods presented so far all deal with 2D reconstruction of pose. 3D approaches have also been explored.
Peursum et al. [8] use multiple cameras to expand the star
skeletonisation algorithm into 3D. The standard 2D approach
is performed on each of the available views, and then the
detected points are matched, given the relative positions of
the cameras, to generate 3D locations for the points.
Agarwal and Triggs [12] used an example-based approach to
recover 3D pose from monocular video. Nonlinear regression
was used to learn mappings between silhouette shape descriptors to a 3D pose. Sminchisescu and Triggs [13] used image
matching, joint limits and non-self-intersection constraints to
implement their 3D recovery system. Gavrila and Davis [14]
use a simple volumetric 3D model to represent the human
body. An iterative process matched the outline of the 3D model
to an edge map generated from the input image to estimate
pose.
As illustrated from the literature, the model based approaches generally involve complex model fitting and tracking
frameworks. These methods are often computationally expensive and difficult to implement. The advantage of model based
approaches however, is their view independency and robustness when dealing with occlusion. On the other hand the nonmodel based approaches are relatively simple to implement
with faster performance, but they heavily rely on the viewing
angle and often fail when dealing with occlusions. We have
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Flow chart of algorithm

chosen the modified five-point model due to its simplicity and
the potential ability to overcome issues such as viewing angle
dependency and occlusions.
III. P OSE R ECONSTRUCTION
A. Algorithm Overview
We attempt to reconstruct the human pose in 3D by performing 2D pose reconstruction independently in multiple views,
and then projecting them into 3D space. Motion detection is
employed on the raw image data to obtain silhouettes of the
subject. 2D pose reconstruction is then applied on these motion
masks. The result of the 2D pose reconstruction is then used to
reconstruct in 3D. Velocity based motion estimation is used on
the 3D points to help with tracking between frames. Feedback
is provided back to the 2D stage by projecting the final 3D
results and the motion estimation back into the different views.
Feature tracking is performed on the projected final points.
This process is illustrated in Figure 1. Each of these stages is
outlined in the following subsections.
B. Star Skeletonisation
The ‘star’ skeletonisation algorithm proposed by Fujiyoshi
and Lipton [6] was used as the basis for the pose estimation
in the 2D stage. This method involves tracing the boundary of
a silhouette and calculating the distance to the centroid of the
shape. Extremities are found by finding the maxima in these
distance values. Taking the five most extreme points results in
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70

lie within the lower 1/3 of the silhouette, with the set of
extremities calculated from the centroid given preference over
the other. The hands are found by taking the two further points
remaining from the second set. Should less than two points
be found, the remaining hand points are found by taking the
closest points in the first set.
No attempt at distinguishing between left or right hands
or legs is ever made. Each view is processed independently
for this stage so no correspondences are made between the
different hands and legs between the views so far.
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a ‘star-like’ skeletal representation of the human body when
joined to the centroid, as can be seen in Figure 2.
Alterations to this algorithm have been made by Peursum
et al. [8] and Yu et al. [7]. Yu moves the ‘centre’ point from
which the distance is calculated from the centroid to the head.
Peursum also moves this centre point, this time to two thirds
the way to the head from the centroid. This change corrects a
problem faced with the original algorithm in which incorrect
points (Figure 3) are detected. In the case with Peursum, the
point also approximates the neck/shoulder and serves as an
anchor point for the arms.
The approach followed here resembles that by Peursum. The
distance to the boundary from the centroid is first calculated
and then smoothed slightly through the use of Fourier descriptors. Extremities are found by searching for local maxima.
First, a temporary head point is located by taking the topmost
point. A point two thirds from the centroid toward this head
point is then found, and a second set of extremities are then
found based on this point instead of the centroid.
The subject is assumed as upright, and thus the head can be
taken as the uppermost extremity point. However, this does not
necessarily correspond as the highest point in the silhouette as
no assumptions are made on the camera locations. To identify
‘up’ in each of the views, the centroid is first identified in each
silhouette and its 3D location is estimated. An arbitrary point
directly above the 3D centroid is calculated and projected back
into each of the views to obtain a vector pointing ‘up’.
The head is re-identified by taking the topmost extremity
from the second set. As each new point is labelled, extremities
that are close are removed from both sets. The legs are
identified by locating the lowest 2 extremities detected that

Feature tracking was was also incorporated, along with the
reprojected motion estimates, to track points as the subject
moves between frames. Two different feature tracking techniques, namely local zero-mean normalised cross correlation
(ZNCC) [15] and the KLT feature tracker [16], were tested
to improve the accuracy and robustness of the system. It
was shown the cross correlation technique is more robust in
comparison to the KLT tracker in our particular application.
This was due to the KLT tracker proving more adept at
tracking corner points while the tips of the human limbs are
often blurred and the tracking points are easily lost. The cross
correlation technique overcame the problem by not tracking
single points, however, it is still sensitive to the selection of
the centre point for the feature window. Generally the points
are initialised to locate the tips of the limbs, and the edge
feature will dominate the tracking result therefore it is often
lost due to background edges.
A simple motion estimator based on previous velocity
information was applied on the final 3D points. These were
mapped back into 2D to help with the tracking process.
Correspondences between the correct hand/foot are now able
to be made due to tracking.
D. 3D Reconstruction
Given calibrated cameras, one is able to map a point in 3D
space to a coordinate in the camera view. To do the reverse,
at least two different views are need. A point in a 2D view
projects into a line in 3D space. Two corresponding points in
two different views will produce two intersecting (assuming
perfect accuracy) lines, where the intersection is the points’
location in 3D.
For every point of a given ‘type’ (head, hand, etc) we
triangulate with every point of the same type in another view,
calculating the point where the two projected lines are closest
and working out the separation. We then find correspondences
between points in different views. This is done by isolating
pairs of points with the smallest distance between them at
their closest approach. This way, we are able to discount
false detections in the 2D stage. It also allows us to use
multiple points, eg. having say 4 candidate ‘hand’ points
being extracted from 2D to hopefully include correct points
that may otherwise be missed. This however, allows for the
chance where two unrelated points happen to provide a good
correspondence.
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Frame 680:

This process is applied to every possible combination of
two camera views, resulting in numerous detected points in
space for each body part. Points are grouped by joining with
its nearest neighbouring point and the average of the closest
two points become the candidate point for that group. The
candidate points with the smallest separations are then labelled
as the final 3D points.
This 3D process is also applied again with the distinction
between the different hands and feet, giving a second set of
‘final’ points. This is combined with the first set to produce a
more robust result.
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IV. E XPERIMENTAL R ESULTS
The objective of our experiment is to test the accuracy and
usability of the modified five-point skeleton model for human
pose estimation. The algorithm was implemented in Matlab
and tested using the IXMAS database [5], which contains
multi-view video sequences from five calibrated cameras in
a controlled environment. The skeleton was extracted using
the silhouettes that where provided with the database. Other
motion detectors were also tested and resulted in similar
silhouettes. The results presented here are generated without
feedback from feature tracking as the feedback process often
introduced significant problems during periods of excessive
movements and did little to improve results during other
periods of normal motion.
An example frame is shown in Figure 4 with the five
synchronised camera views visible with a sixth image showing
the reconstruction in 3D. The labels are colour coded, with
red, blue and green corresponding to the head, hands and feet
respectively. The crosses in the camera views show the raw
detections from the 2D pose estimation, while the points in the
3D view shows the results of the point projections. The blue
crosses represent the centroid and yellow corresponds with
the point where the second set of extremities is calculated.
The circles represent the final 3D locations. For this particular
example, the legs were joined to the centroid with the hands
connected to the secondary point to form a more human like
stick figure.
Figures 5 and 6 illustrate the results on two sequences; one
showing the subject raising her arm to check her watch, while
the other shows her walking in a small circle. It can be seen
that the system is able to provide reasonable simple reconstruction of a person’s pose. Some problems can be seen however.
For example, in the watch checking sequence, tracking of the
left hand shifts to the elbow as the hand occludes with the
body and the elbow becomes more prominent. In the walking
sequence, incorrect 3D locations were detected in a few of the
frames. It can also be noted that the foot locations detected are
significantly lower than where they should be, appearing to be
below the ground. This is attributed to the effects of shadows
causing problems with the motion masks.
Figure 7 shows a case where the system fails. In this case,
our assumption that the head is the upper most point is broken
and the result is incorrectly labelled. The system is also unable

to handle large amounts of occlusion, such as when a person
sits down.
V. D ISCUSSION & C ONCLUSIONS
In this paper we have presented a simple algorithm that
utilises a 3D modified five-point model for human pose
estimation. We have presented the result to show that it has
the potential for applications such as action recognition and
gait recognition. Future work will address the development of
improved decision making routines and the ability to include
feedback from feature trackers for more robust tracking. The
difficulty of estimating the human comes from the limited
information contained in the 2D silhouettes. One way of
improving the result is to compute the silhouettes to include
shadow removal and body part identification. We also aim
to adjust the flow of the algorithm by computing the 3D
silhouettes then identifying the five points. The five-point
model will also be extended to a full skeleton model in order
to recover more sophisticated human motions.
This paper has illustrated the effectiveness of the modified
five-point skeleton model for human pose recovery. It was
shown that the technique was capable of correctly locating the
5 points with only a few exceptions. This was predominantly
due to the heavy reliance on the silhouettes that were provided
with the database. One major problem with these silhouettes
are the shadows, which can be identified as local maximum
and be labelled incorrectly as hands or legs depending on the
viewing angle. The incorrect local maximum leads to incorrect
2D labelling. Triangulating the points from the 2D to 3D
skeleton produces results that are far from accurate. This can
be improved with shadow removal algorithms.
Another issue with the silhouette approach, similar to the
occlusion problem, is that the silhouettes do not contain
information visible in the scene. For example, when a person
is standing with arms close to the body, the shoulders are likely
to be detected as hands. Other improvements with calculating
the maxima can be implemented with different approaches
for calculating these distances. Instead of calculating the
straight line distance from centroid to the edge, such as when
traversing the line from the centroid to the candidate point,
only one crossing is allowed. Even though the modified fivepoint skeleton model gives a somewhat realistic representation
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of the human pose, future work will concentrate on expansion
to a full skeleton model to capture more detailed features from
complex motions for more advanced human action recognition
and gait recognition applications.
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Abstract- We designed a quality guaranteed multimedia
streaming system especially when a server peer has insufficient
bandwidth and has to perform both media streaming and content file transmission service simultaneously. To guarantee the
bandwidth of a streaming session, the server uses multiple TCP
connections in our proposed system. At this time, multiple TCP
connections are dynamically created based on estimated play
out buffer status of a streaming client. Simulation results show
proposed algorithm can enhance streaming quality by successfully reducing the occurrence of playout buffer underrun.

I.

INTRODUCTION

1

Owing to a great proliferation of the broadband Internet
access, various multimedia services over the Internet such as
IPTV broadcast and VOD (Video-On-Demand) prosper more
and more these days. For these multimedia streaming services, UDP was thought as a preferable transport layer protocol
than TCP in general. That is because as TCP uses retransmission and congestion control mechanism, TCP was regarded as not appropriate protocol for real-time application.
However, the recent development of broadband Internet
access and Internet infrastructure provides sufficient bandwidth and relatively short delay for each user and this leads
successful multimedia service even with TCP transport [1].
Besides, various multimedia streaming services with TCP
transport have been largely deployed more and more because
TCP has many advantages over UDP such as firewall traversal issue, bandwidth fairness with other flows, and built-in
reliable features [1].
In this paper, among various multimedia streaming service
scenarios based upon TCP transport, the case of server with
insufficient first-mile bandwidth is mainly addressed.
(Through this paper, the term of first-mile means the link
from a server to the next first hop in uplink direction.) For
the example of this concerned environment, we can choose
the P2P (peer-to-peer) network with broadband Internet
access and mobile ad-hoc network. In our service model, a
multimedia server with insufficient first-mile bandwidth tries
to deliver multimedia content to other peers via both file
transmission and media streaming service. During this
process, the server uses FTP/TCP protocols for file transmission as usual and HTTP/TCP for multimedia streaming.
Then, if both file transmission and media streaming service
take place simultaneously, it is natural that each TCP flow
fairly shares limited uplink bandwidth.

1
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Industry and Energy) and KETI (Korean Electronics Technology Institute)
under project number 2007-8-1213

For a TCP flow fairly shares channel bandwidth with other
TCP flows, the bandwidth of a media streaming flow can be
shrunk accordingly as other TCP flows are created. If the
bandwidth for a media streaming shrank below encoding rate
of media content, then it can cause PoB (Play-out-Buffer)
underrun which requires rebuffering time for a client. Furthermore this rebuffering eventually results in unwilling
playback pause. As recent many researches such as [2][3]
remarked, this unwilling playback pause due to rebuffering
usually perceived as a severe quality degradation of streaming service. Thus, the streaming bandwidth shrinking due to
fair-share characteristics of TCP can be directly connected to
QoS (Quality-of-Service) degradation issue in this case.
In this paper, we proposed DMTS (Dynamic Multiple TCP
connections for Streaming) algorithm to guarantee streaming
quality when a server performs both media streaming service
and file transmission service with limited first-mile bandwidth. To achieve this, multiple auxiliary TCP connections
are created in order to guarantee the bandwidth of a streaming session when bandwidth shrinking is detected due to
bandwidth fair-share among TCP flows. During this process,
the creation of auxiliary TCP connections is controlled by
the server based upon the PoB (play-out-buffer) status of a
streaming client to minimize occurrence of possible buffer
underrun. More specifically, the server gets feedback information from the client on current PoB status and measured
packet arrival rate and then with these data, estimates the
PoB status of near future. Based on this PoB estimation, if
needed, server creates more auxiliary TCP connections to the
streaming client. This scheme which uses multiple TCP connections is similar to the algorithm of [6]. In [6], fixed number of multiple TCP connections was used to prevent shortterm bandwidth fluctuation during the streaming but we used
multiple TCP connections to reserve enough bandwidth for
media streaming and minimize the occurrence of PoB underrun in the view of long-term fair-share characteristics among
TCP flows. And also due to dynamic control of the number
of TCP connection, proposed DMTS algorithm utilizes system resource (e.g. TCP socket) effectively.
Through the simulation result, it is shown that proposed
DMTS algorithm enhances the quality of multimedia streaming especially when media streaming and file transmission
take place simultaneously from the server with limited firstmile bandwidth. That is, proposed system shows less frequent occurrence of PoB underrun and rebuffering rather
than conventional system with one TCP connection or the
system in [6] which has fixed number of multiple TCP connections. Thus, proposed DMTS algorithm can be effectively
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applied to the multimedia content sharing service in P2P
network or mobile ad-hoc network to enhance streaming
quality without the network socket resource in a server system overused.
We present the major ideas in our paper as follows. In section II, we addressed related existing researches with concerned problematic service scenario. In section III, we cover
the network and service environments, and some assumptions. In section IV, we show proposed whole DMTS algorithm which includes both of server and client roles. In section V, we present simulation result from network simulator.
Last but not least, we address conclusion and future research
interest in section VI.

in the Internet can be both of server or client for multimedia
contents sharing service via media streaming and file transmission. Because each peer connects to the service network
through using broadband Internet access or wireless Internet
access, it has relatively smaller bandwidth rather than backbone network. Especially, more often than not, uplink
bandwidth of each server is also much smaller than its downlink bandwidth due to bandwidth asymmetry characteristics
of commercial broadband Internet access such as A(V)DSL
and wireless Internet such as WCDMA, mobile WiMAX.

II. RELATED WORKS
In [4], Mehra and Zakhor suggested BWSS (receiverdriven bandwidth sharing systems) for the solution to the
case which is opposite to the one we have focused on. That is,
in the case that a client has insufficient last-mile bandwidth,
they solved the problem of bandwidth guarantee for multimedia streaming caused by TCP fair-share between streaming flow and other flows to the client. To achieve this, client
regulates window size of each acknowledgement packet for
whole receiving TCP flows to guarantee the bandwidth of
streaming flow. Although BWSS shows good performance
on guaranteeing streaming bandwidth in the case that client’s
last-mile bandwidth is not enough, it is not applicable to our
concerned case that a server has limited first-mile bandwidth.
Gürses et al. adapted SFD (Selective Frame Discard) algorithm to streaming with TCP transport in which a server has
limited bandwidth [5]. In this case, to achieve best quality of
streaming service, the server measures available streaming
bandwidth with the help of modified TCP stack and it controls streaming rate below the available rate by dropping
chosen frames which can trigger minimum distortion. If the
SFD algorithm applied to our concerned service scenario, the
more file transmission flows increase, the more streaming
clients suffer quality degradation by intentional frame drop.
Nguyen and Cheung suggested the use of multiple TCP
connections (MultiTCP) for one streaming session in [6] to
cope with short-term fluctuation of streaming bandwidth. In
a streaming server, MultiTCP control unit which is located in
the middle of TCP stack and application opens multiple TCP
connections. Using these multiple TCP connections, congestion window is reduced less than at the case of one TCP connection during the congestion control stage; this contributes
to decrease short-term bandwidth fluctuation. Although MultiTCP can prevent short-term bandwidth fluctuation, it cannot properly handle the long-term decrease in available
bandwidth which has been caused by fair-share characteristics of TCP. That is because it uses fixed number of TCP
connections for a streaming session regardless of currently
available bandwidth.
III. NETWORK AND SERVICE ENVIRONMENT
The service architecture and network model is depicted in
Fig. 1. As shown in the figure, each peer which spreads out

Figure 1. Multimedia contents sharing service architecture.

With this network architecture, to cope with firewall traversal issues and achieve reliable transmission, TCP is just
used for multimedia streaming for transport layer protocol.
Also, media file transmission is performed with FTP/TCP
protocols used in general.
In application layer, a streaming client sends feedback on
its PoB status and measured data arrival rate periodically
with configured interval. On the other hand, a streaming
server sends out pre-stored CBR (constant bit rate) multimedia streaming data when a client requests. And to guarantee
streaming quality, the server application analyzes and estimates the status of client PoB in the near future. Media
streaming services and media file transmission services can
take place simultaneously at the server by various requests
from different clients. Then, because both media streaming
and file transmission service use TCP for transport layer,
each flow fairly shares limited uplink bandwidth as shown in
Fig. 2.
In this paper, we assumed that streaming service gets
higher priority than media file transmission service. In other
words, we evaluated entire service quality based upon
streaming service quality, not based upon file transmission.
Also, streaming service quality is just measured by the count
of PoB underrun occurrence rather than frame distortion because we have decided to achieve reliable and lossless
transmission using TCP transport. The count of PoB underrun occurrence is closely related to subjective streaming
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quality as noticed in recent many researches such as [2] and
[3].
Bandwidth for streaming flow
Streaming Client
File Transmission Client
File Transmission Client
File Transmission Client

Although A(t ), (t ≤ t curr ) is known to the server using
periodic feedback information from the client,
A(t curr + ∆t ) is not deterministic because of network dynamics. Therefore, we used window based linear regression
to estimate A(t curr + ∆t ) approximately. That is, A(t ) can
be modeled with the form of (3).

Server peer
Bandwidth for file
transmission flows

Figure 2. Example of bandwidth fair share among streaming flow and file
transmission flows.

A(t ) = α + β ⋅ t + ε

Where α and β are regression parameters, and ε means
zero mean Gaussian random variable. With previous w
samples, the server module estimates regression parameters
which yield least mean square error as follows. [7]

∑ t A − t∑ A
i

IV. PLAYOUT BUFFER EFFICIENT DYNAMIC MULTI-TCP AL-

β=

GORITHM

Streaming Models
Streaming model for proposed algorithm is described in
Fig. 3. Let A (t ) denote the total arrived bytes at a client by
time, t . Because A(t ) is dependent on network status, we
just let this as a random process. And let P (t ) denote the
total played bytes at the client by the time t . As usual,
streaming client application uses pre-roll buffering to reduce
the effect of delay variation from the network. We denoted
this pre-roll buffering time as τ . And CBR playback rate
which is same with encoding rate of media content is denoted as µ . Then, P (t ) can be expressed as (1).

A.

 µ (t − τ ), t > τ 
P (t ) = 

t <τ 
 0,

(1)

Also let B (t ) as the total remain bytes at the client PoB by
the time t and then we can denote B (t ) with (2).

B (t ) = A(t ) − P(t )

(2)

Bytes

A(t )

B (t )

P(t ) = µ (t − τ )

i

w

i

w

∑t

2
i

− wt

2

(4)

w

α = A − βt
Where A and t means average arrived bytes and average
sample time among previous w samples at t curr .
C. Guard interval for new TCP connections
As known well, if a new TCP connection created, then
TCP connection probes available network bandwidth by using congestion control algorithm. Then, if there is no other
network change such as the creation of another TCP flows
and etc, the bandwidth of TCP connection would be stabilized to some level after a few second. We call this period as
a guard interval. If a server dynamically has created one or
more new TCP connections, then it should stop creating new
TCP connections during this guard interval. This is because a
guard interval itself means expected time until newly created
TCP connection shows some effect. Therefore, guard interval can prevent excessive use of socket resource of the server
system.
Since guard interval depends on network condition and
characteristics, it is better to choose appropriate value by
real-time estimation rather than pre-fixed one. To determine
guard interval, the server module uses the measured arrival
rate which is embedded in feedback information from the
streaming client. Using these data, the server module calculates moving average of arrival rate from the beginning of
the streaming session. By definition, guard interval can be
written with (5).

t guard = t stab − tinit

Time

τ

(3)

Figure 3. Streaming model

B. Playout buffer estimation at streaming
To guarantee streaming bandwidth while performing both
media streaming and file transmission service simultaneously
over limited uplink bandwidth of a server, a server application should estimate the status of client PoB in the near future during the service. That is, B (t curr + ∆t ) should be
estimated in the server at time t curr .

(5)

Where, t init means the time at which first feedback information received and t stab means the time at which (6) would
be satisfied.

Ravg (t ) = m × Ravg (t − 1) + n × Rmeasured (t )
t = t stab , if Ravg (t ) − Rmeasured (t ) ≤ Ravg (t ) * σ
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(6)

Where, Ravg (t ) means the moving average of arrival rate
at the client and Rmeasured (t ) means measured arrival rate at
the client. Definitely, Rmeasured (t ) would be reported to the
server via feedback information periodically. In (6), m and
n are moving average parameters and σ is the parameter
for affordable bandwidth variation.

auxiliary connections which are newly required, and Rtot
means total bandwidth of server’s uplink channel. We assumed that Rtot is pre-configured to the server application.
Then, proportional equation of (7) yields k new+ as follows,

 ( µ − Ravg ) ⋅ Rtot

k new + = 
× k curr 
 ( Rtot − µ ) ⋅ Ravg


D. Dynamic MultiTCP streaming Algorithm

Once a server created new auxiliary TCP connections, it
would not perform PoB estimation and threshold check algorithm any more during the guard interval. This is due to prevent unnecessary overuse of TCP connections as explained
in section C.

Feedback information received
(ArrBytes, R measured )
Update R avg

NO

Guard_interval determined?

YES
tcurr > = GuardTime

NO

V. SIMULATION RESULTS

YES

In this section, we verify the quality enhancement of proposed DMTS algorithm by simulation results. For simulation,
we used network simulator, NS-2 [8] and EvalVid [9] module with some changes to support TCP streaming. We used
MPEG-4 compressed bitstream which is encoded with CBR
512kbps, 30 frames/sec. Pre-roll time of streaming client is
set to 5 sec and feedback period of the client is set to 300
msec. Through various experiments, we choose m = 0.8 ,
n = 0.2 and σ = 0.05 which show good overall estimation result for average arrival rate. And also linear regression
window size w is fixed as 20 samples to provide reliable
estimation and ensure low complexity. To simulate simultaneous file transmission service during the streaming service
period, we used general FTP module in NS-2. Other parameters that related with network topology are show in Fig. 5.

Find alpha and beta
With previous w ArrBytes
sampes
NO

Estimate A(tcurr+tguard )

R measured stabilized?
YES

A(tcurr+tguard ) <= A thres

NO

YES

Set tguard = tcurr ? tinit

Find the number of required
auxiliary TCP connections

Set GuardTime = tguard + tcurr

(8)

Create auxiliary TCP
connections

Set GuardTime = tguard + tcurr

End

Figure 4. Flow chart of server process

Fig. 4 shows entire procedure of proposed DMTS (Dynamic MultiTCP streaming) algorithm at the server when it
received feedback information from the client. At the beginning of streaming service, the server firstly determines guard
interval for one TCP connection using measured arrival rate
from the client. And then, whenever the server receives
feedback information from the client, it anticipates the PoB
status of near future using linear regression model of arrived
bytes and deterministic playback model. At this time, we use
t guard for the estimation interval of arrived bytes ( ∆t )
based upon the definition of guard interval. If estimated PoB
status falls below the configured threshold, then the server
module creates auxiliary TCP connections. To reduce computational complexity of the server application, the number
of auxiliary TCP connections that will be newly created is
determined by following simple proportional equation.

l + k curr : k curr = Rtot : Ravg
l + k curr + k new+ : k curr + k new+ = Rtot : µ

Streaming Connection

File Transmission Connection
Backbone Network
: 100 Mbps/100 Mbps (up/down)
1 msec delay

Access Network
: 1 Mbps/1Mbps (up/down)
10 msec delay

Edge Router :
RED enabled
Figure 5. Simulation Network Topology.

With these parameters and network topology, we build
two service scenarios to show quality enhancement of proposed algorithm over various situations.

-

(7)

In (7), l stands for the number of total file transmission
flows, k curr for the number of currently opened TCP connections for a streaming session, k new+ for the number of
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Scenario 1:
Multimedia streaming starts at time 1 sec
File transmissions start at time 15, 25, 35, 40 sec respectively
Scenario 2:
File transmissions start at time 1 , 10 sec
Multimedia streaming starts at time 30 sec

-

TABLE II
Simulation result on scenario 2

Other file transmissions start at time 45, 60 sec respectively

For comparison, we simulated above scenarios with 3 different types of system. That is, systems with proposed algorithm, traditional one TCP connection for a streaming, and
fixed number of MultiTCP connections [6] are used respectively. Fig. 6 and Table I show the simulation result on scenario1 among three systems. As shown in Fig. 6, after file
transmission services started (after about 30 sec in Fig. 6),
the stocked data in the PoB of a streaming client decreases.
At that time, because the streaming server with the proposed
DMTS creates more auxiliary TCP connections for streaming session, it can quickly recover enough data to play out,
whereas the server with other systems suffers sluggish playback due to PoB underrun.
PoB Status

6

5

x 10

Number of TCPs for
one streaming session

Rebuffering
occurrence

1
5
12(max)

Conventional
MultiTCP [6]
Proposed DMTS

59
10
2

Similar with the result of scenario 1, we were able to demonstrate the quality enhancement of proposed DMTS algorithm also in scenario 2 with Fig. 7 and Table II. In this case,
because MultiTCP [6] uses fixed multiple TCP connections
for a streaming session from the session beginning, it shows
better performance than proposed DMTS during the first 150
seconds interval. However after this interval, proposed
DMTS shows much better performance than MultiTCP [6]
because it keeps creating more auxiliary TCP connections
until enough streaming bandwidth reserved.
Conventional Case

5

4.5

12

x 10

4

Video Streaming Service (1 Session)
Average FTP service (Total 4 Sessions)

3.5

10

Bandwidth (bps)

Bytes

3
2.5
2

Conventional (1 TCP)
MultiTcp [6] (fixed 5 TCPs)

1.5

Proposed DMTS (max 13 TCPs)
1

8

6

4

0.5
0

2
0

100

200

300

400

500

600

Sec
0

Figure 6. PoB status result (service scenario 1)
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Simulation result on scenario 1
Number of TCPs for
one streaming session

Rebuffering
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Figure 8. Bandwidth variation in service scenario 1
(File transmission service vs. media streaming)
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In Fig. 8, the average file transmission rate of 4 FTP services and streaming rate in the scenario 1 is presented. As
shown in Fig.8 (a), the streaming bandwidth of the server
with conventional 1 TCP connection is almost analogous to
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Figure 7. PoB status result (service scenario 2)
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the average bandwidth of 4 FTP services due to fair-share
characteristics of TCP as addressed in section II. However,
the server with proposed DMTS can guarantee enough
bandwidth for a media streaming as depicted in Fig. 8 (b).
VI. CONCLUSIONS
In this paper, we have designed DMTS algorithm to enhance streaming service quality when a media server has
insufficient uplink bandwidth and has to serve both media
streaming and file transmission service. To guarantee streaming service bandwidth, we used multiple TCP connections
for one streaming session. And multiple TCP connections are
created dynamically based upon estimated PoB status of a
client. Thus, we can successfully prevent the occurrence of
rebuffering during the streaming under the assumed service
scenarios. This proposed algorithm can be effectively
adopted to streaming service environment with P2P network
or mobile ad-hoc network in which peer user has insufficient
uplink bandwidth. And our future research interest will be in
this service environment, such as a quality guaranteed bidirectional streaming over asymmetric bandwidth path.
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Abstract—The presence of malicious nodes in Ad-hoc
networks, which operate without a central administration
infrastructure, can result in performance degradation or even
disruption of the network operation. This paper investigates this
topic further and proposes some approaches to mitigate the
consequences of the presence of the malicious nodes in Ad-hoc
networks. Experimental and simulation results that show the
effect of such nodes on the performance of the network are
reported and analyzed. To achieve higher levels of security and
reliability, an approach that is based on the utilization of past
behaviour of all member nodes is investigated and reported. The
main goal for this approach is to identify routes between the
source and the destination, which excludes and if not possible,
minimizes the number of malicious node in the routes. The
advantages of this approach are also compared with the
traditional approaches that tend to use other criteria such as
shortest path alone. Using OPNET simulator, the proposed
approach is validated and further studied. The findings show that
when the proposed approach is utilized, the overall performance
of the Ad-hoc network is significantly improved.
Keywords—Ad-hoc networks, Behaviour, Malicious attacks,
Simulation, Throughput

I.

INTRODUCTION

A wireless Ad-hoc network consists of a group of wireless
devices that are capable of communicating with each other
without the need for any central management infrastructure.
Such a capability, along with the mobile nature of these
networks, provides many advantages. However, these same
characteristics are the root of several nontrivial challenges in
securing such networks [1]. In these networks, nodes are free to
move and organize themselves in a capricious fashion. To
communicate, multi-hop routing capability is required for
nodes that are not within radio range of each other. That is,
each node may need to act as a router, forwarding packets to
other nodes [2]. Ad-hoc networks can be used in a wide variety
of environments and applications, where an infrastructure is not
available. A key feature of these networks is their ease of
deployment, which makes them suitable for military fields,
disaster and rescue operations, conferences, as well as home
and mesh networking.
A major challenge in Ad-hoc networks relates to their
inherent lack of security. The open architecture of the network,

coupled with the constantly changing topology, and the
accessibility to the wireless channel by both genuine network
users and malicious attackers, have limited the users trust to
rely on these networks. Also, the lack of any centralized
architecture or authority, can limit the use of many
conventional security solutions, such as those based on
traditional public key infrastructure, which are designed around
a centralized mechanism [3].
In Ad-hoc networks, a node may be considered as
misbehaving for different reasons, for instance when it refuses
to forward packets. In some circumstances, the node can be
overloaded, which affects the CPU cycles, buffer space, and
available bandwidth to forward packets. Nodes have also been
known to save available resources by not forwarding packets
unless they are of direct interest to the node itself. Conversely,
these nodes may still be expecting others to forward packets on
their behalf [4].
In our previous works, performance evaluation and
simulation validation of Ad-hoc networks using OPNET
Modeler have been reported [5]. In this study, we expand those
works to include the effects of the presence of malicious nodes
in an Ad-hoc network. This includes the measurement of the
throughput, round-trip delay, and packet loss rate. Simulation
results relating to malicious nodes producing both UDP and
TCP malicious traffic are collected and analyzed. Based on the
results of those analyses, an approach that utilizes the
behaviour history of the network nodes is proposed. The main
aim of this approach is to identify a route from source node to
destination node that is free of malicious nodes.
To achieve this, the remainder of this paper is organized as
follows. Some of the security deficiencies in traditional Ad-hoc
networks are given in Section 2. In Section 3, an overview of
the proposed approach is presented. An outline of the
simulation setup together with various scenarios used in this
study are presented in Section 4. Collected results and their
analysis are discussed in Section 5 which is followed by
concluding remarks in Section 6.
II.

SECURITY DEFICIENCIES IN AD-HOC NETWORKS

Strictly speaking, although the term is usually used to refer
to a node that attempts to disrupt, destroy or destabilize a
network, a malicious node is any node that weakens or reduces
a network’s capability to perform its expected function [6].
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Identifying the most popular malicious attacks in Ad-hoc
networks is the first step towards the development of any trust
evaluation system. One simple form of malicious node is one
that drops packets. This node can still participate in lower-level
protocols, but it drops packets on a random basis. This causes
the quality of the connections to become aggravated and can
further have a negative effect on the performance if TCP is the
transport layer protocol used [7]. Forwarding messages along
wrong paths is another form of malicious nodes. These nodes
tend to divert packets away from their intended destination,
which may lead to a DoS attack. Malicious nodes can also
fabricate and transmit falsified routing messages to mislead
other routes and to create invalid paths in their routing tables.
These types of nodes advertise false routing messages to every
other node, forming a black-hole and a wormhole within the
network [8]. As their advertisement propagates, the network
routes more traffic in their direction. The effects could lead to
route failures and thus affect the overall performance of the
Ad-hoc network. A malicious node can launch a replay attack
by sending stale updates to some node, in an attempt to get that
node to update its routing table using out of date routes. This
can also lead to degradation in the performance of the Ad-hoc
network. These types of malicious nodes have been referred to
in several papers [6-11].
Significant work has been done to improve routing in
wireless Ad-hoc networks. Some of them apply a reputation
technique to face malicious nodes. Others make use of the
public and symmetric key infrastructure by designing secure
routing solutions. To date, improvements in relation to this
issue is still an ongoing investigation [12] and [13]. Many
important problems and challenges still need to be addressed.
These include the absence of a fixed infrastructure and
centralized administration, as key management becomes a
complicated problem and in turn making it difficult to provide
proper security solutions [14]. To mitigate this problem, an
approach which is based on account and reputation
mechanisms to motivate nodes in an Ad-hoc network has been
studied [15]. The use of digital signature for authentication by
each node has also been considered [16]. However, this
solution assumes the existence of a trusted certificate server,
which is not easily achievable, given the nature of Ad-hoc
networks. A secure routing protocol which is based on
symmetric key cryptography has also been proposed [9]. This
approach is based on the assumption that the source node
shares a secret key with the destination node. An extension to
the Ad-hoc On demand Distance Vector (AODV) protocol to
secure it was also proposed [17]. In this approach, it was
claimed that the hop count information is the only mutual field
in AODV and so used hash chains to secure this field. This
approach also works under the presumption that an efficient
key management system which distributes public keys to all
nodes of the network is present. A watchdog that detects
misbehaving nodes and a pathrater that evaluates paths based
on the information collected by the watchdog was introduced
[4]. Based on the characteristic that a node is able to overhear
its neighbour communication, misbehaviour such as packet
dropping is detected. Successfully detected malicious nodes are
avoided by the pathrater. However, avoiding these nodes will
not stop their previous outgoing data packets to be forwarded to
the destinations. A new reputation scheme to identify malicious

nodes was also proposed [18]. If a node fails to route the
packet, it gets a low reputation and will be thrown out from the
network. However the drawback of this approach is that for the
good nodes to be credited, an acknowledgment which is sent by
the destination has to be received first.
III.

THE BEHAVIOUR HISTORY EMPLOYMENT

In our work, the main focus surrounds on-demand routing
protocols, where the route is discovered only when a node
wants to send data to another node. The routing protocol used
in this study is the AODV protocol. When a node wants to send
data to another node, it broadcasts a Route Request (RREQ)
packet to all its neighbours. The RREQ propagates through the
network until it reaches the destination or a node with a fresh
enough route to the destination. Forwarding of RREQs is done
when the node receiving a RREQ does not have a route to the
destination. It then rebroadcasts the RREQ. This process is
repeated until the RREQ reaches the destination which sends a
Route Reply (RREP) back to the sender. When a node detects
that a route to a neighbour is no longer valid, which may be
caused by a link break, it removes the routing entry and sends a
Route Error (RERR) message to the neighbours that are
actively using the route, informing them that this route is no
longer valid. This procedure is repeated until the message
reaches the source where it either stops sending data or requests
a new route by generating a new RREQ. A detailed description
of this protocol can be found in [19].
In the proposed scheme, the source node tends to find a
route to the destination that enclose less number of malicious
nodes as opposed to the traditional protocols that aim to choose
the shortest route. To achieve this, a new parameter is added to
the routing protocol to record the behaviour of a node. This
parameter is a function of the packets relayed by this node.
These include control packets as well as data packets. In the
initial stage, this parameter is the same for all nodes. Every
time a node forwards a packet (either data or control packet)
the parameter is incremented. Conversely, whenever a node
fails to relay a packet, the parameter is decremented. Therefore,
the more packets forwarded by a node the more reliable this
node will be. This level of reliability allows this node to be
chosen by other nodes. On the other hand, the fewer packets a
node forwards, the less trusted this node will be and thus will
not be used to forward packets to other nodes. When a node
wants to communicate with another node, it finds a set of
routes to the destination using one of the on-demand routing
protocols. The source node then forwards the packet to the
neighbour node with the highest value of the behaviour
parameter. In the case where two neighbour nodes have the
same behaviour value, the source will choose the node
corresponding to the route with the less number of hops. The
source node then checks if the corresponding node forwards the
packet or drops it using the promiscuous capability of the
wireless cards. In the first case the behaviour parameter of this
node will be incremented otherwise it ends up being
decremented. The different aspect of this scheme when
comparing it to the scheme in [18] is that the node does not
wait to receive an acknowledgment sent by the destination in
order to update the behaviour parameter. Instead the update is
done after the node forwards the packet. This specific
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TABLE I Description of the scenarios used

Description
Baseline Scenario

Figure 1. A snapshot of the OPNET simulation setup

technique solves the problem of not receiving the
acknowledgment which may occur due to varying reasons. In
this case the whole route will get a negative behaviour for a
reason which is not caused by a malicious attack. Further if an
intermediate node drops the packet, it will not affect all the
nodes in the corresponding route. This process is repeated until
the packet reaches the destination node. It should be noted here
that the possibility of an intermediate node forwarding the
packet to a third node that is not a part of the route to deceive
the originator node is not considered.
IV.

SIMULATION STUDY SETUP

The simulation is carried out using OPNET Modeler V11.5
OPNET Modeler is used to construct models for two different
purposes: to study system behaviour and performance; and to
deliver a modeling environment to end users [20] A network
model may contain any number of communicating entities
called nodes. Nodes are instances of node models; developed
using the Node Editor. Network models consist of nodes and
links that can be deployed within a geographical context. Node
models consist of modules and connections.
Each simulation scenario consists of fifty nodes. The
channel speed of the wireless LAN is set to 11 Mbps. The
routing protocol used in the simulation is the AODV protocol
To study the effects of the presence of malicious nodes in
Ad-hoc networks, three performance metrics will be measured
for a number of scenarios and situations. These are the
throughput, the round-trip delay, and the packet loss rate. the
total measured throughput is considered as the average amount
of data payload transmitted and received over a period of time
between two nodes. It is measured in Mbps. The packet loss
percentage at nodeX for transmission between nodeX and
nodeY describes the percentage of packets transmitted from

only two nodes involved in the
communication, node2 is sending TCP
traffic to node4

First Scenario

node2 and node3 are communicating
simultaneously with node4 sending TCP
traffic

Second Scenario

node 4 is receiving TCP traffic generated
and sent at the same time from node2,
node3, and node5

Third Scenario

node2 is sending TCP traffic to node5 (node2
is not within the range of node5
so node2 uses other nodes as relay nodes)

Fourth Scenario

node1 is sending TCP traffic to node50 (all
nodes are motionless)

Fifth Scenario

node1 is sending TCP traffic to node50 (all
nodes are mobile at a speed of 10m/s
following a defined trajectory)

nodeX over the network that did not reach nodeY. The roundtrip delay refers to the average time taken by a packet to
complete one full trip from source to destination and back and
is measured in msec.
The simulation study consists of number of scenarios
replicating practical situations. In the first part we concentrate
on the effects of malicious nodes trying to interfere with the
communicating nodes by sending background traffic. Each
scenario is running in five different situations. In the first
situation, no malicious nodes are present in the network’s fifty
nodes, and only nodes involved in the communication are
sending and receiving data. In the second situation, five
random nodes out of the fifty nodes are malicious nodes. Ten
malicious nodes are present in the third situation, whilst in the
fourth; fifteen nodes are considered malicious nodes. In the
fifth situation, twenty out of the fifty nodes are malicious
nodes. Figure 1shows a snapshot of the simulation setup.
In the baseline scenario, only node2 and node4 are involved
in the communication. TCP traffic is sent from node2 to node4
and the throughout, packet loss rate and round-trip delay are
measured at node2. In the first scenario node2 and node3 are
set up to send TCP traffic to node4. While in the second
scenario node5, node3, and node2 are communicating
simultaneously with node4. In the third scenario node2 is
sending traffic to node5 through other nodes acting as relay
nodes between the source and the destination.
Several simulations have been performed in order to investigate
the behaviour of transport layer protocols, both TCP and UDP when
used by the malicious nodes. To achieve this, the simulations are
run in two different situations. In the first situation, the
malicious nodes are sending TCP traffic, whilst in the second
situation the malicious nodes are sending UDP traffic.
In the second part of simulation we have tried to make the
situation more random and general by changing the way
malicious nodes are acting. Thus four categories of malicious

- 125 -

60

First Scenario
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(Measured in Mbps)
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Figure 2. Round-trip Delay variation for baseline scenario measured at
node2 for TCP and UDP malicious traffic

nodes are defined here. In the first type, malicious nodes are
dropping packets based on the simulation time (for example
dropping all packets when the simulation time is between 50
and 100 sec). In the second group, malicious nodes are
dropping every second packet, while in the third type nodes are
dropping every fifth packet. For the last category, nodes are
dropping every eighth packet. To also study the effect of nodes
mobility on the performance of Ad-hoc networks, all nodes are
moving randomly 60 sec after beginning of simulation with a
speed of 10 m/s. Nodes move for 20 sec, pause at their
destination for 60 sec and back to their original locations.
Similarly, within each scenario there exist five stages
corresponding to zero, five, ten, fifteen, and twenty malicious
nodes respectively. Two scenarios were defined for this part. In
the fourth scenario, node1 is sending TCP traffic to node50
through other nodes that are acting as relay nodes. All nodes in
this scenario are wireless fixed nodes, while in the fifth
scenario all nodes are moving according to the defined
trajectory. TABLE I shows a brief description of the scenarios
used.
V.

50

0
0

RESULTS AND ANALYSIS

All simulations run for five minutes. TABLE II shows the
throughput variation values collected at node2 and when 40%
of the nodes are acting maliciously. This table shows both
situations where the malicious nodes are sending UDP and
TCP traffic. It is clear from these values that the impact on the
throughput is less when the malicious nodes are using UDP
traffic rather than TCP traffic. This is attributed to the nature of
TCP, which ensures that the data is delivered error free and in
order. As the receiving node does not distinguish between
malicious and data traffic, delays at node2 can be expected.
This is in line with previously published results [4].
The graphs in Figure 2 show the round-trip delay variation
for the baseline scenario. Again, the measurement is made at
the sending node and the graphs show both situations where the
malicious nodes are sending UDP and TCP traffic. It is
noticeable from these graphs that the malicious nodes have
affected the round-trip delay between the communicating nodes
for this scenario. These graphs also indicate that the impact on

the round-trip delay is less when the malicious nodes are using
UDP traffic. This can be attributed to the use of the window
mechanism to control the flow of data in TCP. When a TCP
connection is established, each end of the connection allocates
a buffer to hold incoming data. If the receiving application can
read data as quickly as it arrives, the receiver will send a
positive window advertisement with each acknowledgement.
However, as expected if the sender is faster than the receiver,
incoming data will eventually fill the receiver's buffer. Thus, as
data and malicious traffic arrive at node2, node2 sends
acknowledgements to each node causing delay and full buffer
at node2. In this situation node2 advertises a zero window. A
sender that receives a zero window advertisement must stop
sending until it receives a positive window. The graphs for the
first, second, and third scenarios show similar activity to those
in Figure 2. For example the round-trip delay where twenty
malicious nodes exist in the network has raised from 4.2 msec
to 84.2 msec for UDP malicious traffic and 92.6 msec when the
malicious nodes are using TCP as transport protocol for the
second scenario.
The graphs in Figure 3 show the packet loss percentage
variation for the first scenario. Also the graphs show both
situations where the malicious nodes are sending UDP and
TCP traffic. It is also clear from these graphs that the packet
30
Packet Loss Percentage

Baseline Scenario

Malicious TCP
Traffic

Round Trip Delay (msec)

TABLE II THROUGHPUT COMPARISON FOR THE BASELINE, FIRST,
SECOND AND THIRD SCENARIOS measured in Mbps

25
20
15
Malicious UDP Traffic

10

Malicious TCP Traffic

5
0
0

5

10

15

20

25

30

Number of Malicious Nodes
Figure 3. Packet loss percentage for the first scenario measured at node2 for
TCP and UDP malicious traffic
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FIFTH SCENARIO

Without the
Proposed
Approach

With the Proposed
Approach

Fourth Scenario
(TCP data Traffic)

51%

45%

Fifth Scenario
(TCP Data Traffic)

57%

49%

loss rate is affected by the presence of the malicious nodes in
the network. Additionally, this is in line with previously
published results [21]. These graphs also show that this
performance metric is also plagued by the transport protocol
that the malicious nodes are using. This might be attributed to
the fact that malicious nodes are trying to retransmit their
traffic when using TCP. This process at nodes2 cannot
distinguish between normal and malicious traffic. So this can
cause higher packet loss rate compared to when malicious
nodes are using UDP. The performance of the baseline, second
and third scenarios also show similar behavior to the first
scenario. For example, the packet loss rate has raised from 0 to
around 10% when twenty malicious nodes using UDP protocol
are present in the network, compared to 15% when using TCP
for the baseline scenario.
The following section displays the results of the second part
of the simulation. As stated before, in this part node1 is sending
TCP traffic to node50 via other nodes, which act as relay
nodes. Several simulations were performed before and after
applying the proposed approach in order to study the effect of
the use of the behaviour history of the nodes on the overall
performance.
TABLE III shows the packet loss percentage values
measured at node50 before and after applying the proposed
approach and when 40% of the nodes are acting maliciously.
This table shows both situations when nodes are motionless
(fourth scenario) and when nodes where moving according to
the defined trajectory (fifth scenario). It is clear from these
values that the packet loss has decreased with the proposed
approach. This is due to the fact that node1 is now sending the
packets to node50 through a route which has less malicious

nodes. It is also noticeable that the packet loss is higher when
the nodes are moving. This is due to the fact that when moving,
the node can lose the connection with its neighbours causing
the routing protocol to reinitiate the route between source and
destination.
TABLE IV shows the throughput comparison for the fourth
and fifth scenario when 40% of the nodes are acting
maliciously. It is noticeable here that the throughput has
increased with the proposed approach. The increase in the
throughput can also be credited to the fact that the new route
between source and destination has none, or less, malicious
nodes. It can also be noted that the throughput is lower when
the nodes are mobile.
OPNET Modeler provides several statistics during
simulation execution to analyze the performance of the routing
protocol used. The available AODV performance statistics are:
Total Route Request Sent, Total Route Replies Sent, Total
Route Errors Sent, Total Replies Sent from Destination, Total
Packets Dropped, Total Cached Replies Sent, Routing Traffic
Sent
(Packet/Second),
Routing
Traffic
Received
(Packet/Second), Number of Hops Per Route, and Packet
Queue Size. Routing Traffic sent defines the total number of
routing traffic sent in packets in the entire network. This
statistic was collected to check the amount of routing traffic
generated by the network when using the proposed BAODV
protocol as the routing protocol.
The graphs in Figure 4 show a comparison of the routing
traffic sent in the entire network before and after applying the
proposed approach for the fourth scenario. It is noticeable in
these graphs that the amount of routing traffic sent in the entire
network is higher when using the BAODV protocol. This is
due to the fact that when a malicious node between a source
and a destination node is detected, the routing path between
these two nodes will change causing an increase in the routing
traffic.
The graphs in Figure 5 show a comparison of the routing
traffic sent in the entire network before and after applying the
proposed behaviour for the fifth scenario. As expected, the
amount of routing traffic is higher with the proposed approach.
The same argument given for the fourth scenario can be given
300
Routing Traffic Sent (Packets)

TABLE III PACKET LOSS PERCENTAGE COMPARISON FOR THE FOURTH AND

TABLE IV THROUGHPUT COMPARISON FOR THE FOURTH AND FIFTH
SCENARIO MEASURED IN KBPS

Fourth Scenario
(TCP data Traffic)

Without the
Proposed
Approach

With the Proposed
Approach

335

373

250

200
Using AODV
Using BAODV
150

100

50
0

2

10

15

20

25

Number of Malicious Nodes

Fifth Scenario
(TCP Data Traffic)

309

350

Figure 4 Routing Traffic Sent comparison for the fouth scenario. These graphs
show both situations before and after applying the proposed approach
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Abstract— In wireless mesh network (WMN), especially in
distributed (infrastructure-less) mode, common channel access
results in inter-node interference which limits the available
capacity of the network. To facilitate the growth of the network
(i.e., addition of new routers/nodes), it is therefore necessary to
identify the maximum allowable system capacity that can be
achieved without degrading the performance. In this paper, we
propose a dimensioning mechanism for a 802.16 based distributed
WMN where we utilize the results of [1] to analyze the system
capacity (conversely node capacity) in bottleneck conditions.
To guarantee appropriate throughput for the bottleneck and
its neighboring nodes, the network bound (maximum number
of added nodes, hu ) is set accordingly. Simulations results
demonstrate the validity of the proposed dimensioning algorithm
and enables network providers or operators to select hu in
accordance to their system requirements.

I. I NTRODUCTION
In the past few years, the soaring demand for inexpensive
high speed Internet has given rise to interest into developing
new technologies. Among the recent developments, Wireless
Mesh Network (WMN) offers one of the most promising technologies because of its cost-effective infrastructure and utilization [2]. Consisting of interconnected mesh nodes (including
clients and routers), the WMN offers data relaying capability
across the entire network, self-organization in the absence
of an infrastructure and coverage extension, thereby making
it a strong contender for the next generation Internet [3].
The two main radio technologies adopted for supporting
the interworked mesh architecture include IEEE 802.16 and
IEEE 802.11 [4] . While IEEE 802.16 (often referred to as
WiMAX (Worldwide Interoperability for Microwave Access))
can provide metropolitan area coverage with performance
comparable to the traditional asynchronous subscriber line
(ADSL), IEEE 802.11 (often referred to as Wi-Fi) is limited
to small coverage area only (e.g., hot spots, buildings etc.).
Since the 802.16 mesh nodes (clients and routers) utilize the
same access channels (but usually different from 802.11 [5]),
network growth in terms of new nodes introduction enforces
additional interference and affects the available network capacity. Here, capacity refers to throughput. This is particularly
important in cases of bottlenecks. In WMN, a bottleneck
is defined as a node that carries data traffic to and from a
subset of mesh nodes. Since all traffic traverses through the
bottleneck node, the capacity of the neighboring nodes (i.e.,
available throughput) is limited by this subset and the inter-

node interference. To resolve this issue and achieve optimal
network performance, smart designing of this subset (also
referred to as dimensioning)is required.
In this paper, we propose a dimensioning mechanism that
derives an approximate bound (maximum limit) of the subset
(defined earlier) in a 802.16 based distributed WMN. The approximation is based on average inter-node interference within
the neighborhood of the bottleneck and provides performance
measures for each node so as to meet the quality of service
(QoS). The algorithm incorporates the distributed scheduling
mechanism introduced in [1] and utilizes this to analyze
the performance variation of the network as new nodes are
connected to the architecture. Our key contribution therefore
lies in providing a mechanism to estimate the performance
variation when nodes have different transmission interval but
identical hold-off time. This is in contrast to [1] which
provides measurements for performance variation in collocated
scenarios where all nodes have identical performance and are
one-hop neighbors of each other. Furthermore, the proposed
algorithm in this paper also derives an upper bound for
network growth in bottleneck conditions (not addressed in [1]).
The remainder of this paper is organized as follows. In
Section II, the general structure of the WMN is outlined.
Section III presents a brief overview of the IEEE 802.16
distributed scheduling mechanism. The proposed network architecture is explained and dimensioned in Section IV. Performance evaluation of the proposed algorithm is presented in
Section V, followed by some concluding remarks.
II. OVERVIEW OF W IRELESS M ESH N ETWORK
Within the mesh topology, the core of the WMN constitutes
of mesh routers and mesh clients, and is connected over
multiple links. While mesh clients (i.e. client nodes) facilitate
routing functionalities, mesh routers operate as access points
(offering connectivity to mesh clients and other mesh routers).
Interconnection among these nodes therefore provides many
advantages in WMN such as reliability, self-organization,
coverage extension in blind spots, and so on [6]. Since the
key idea behind WMN is to offer an interworked self-healing
broadband infrastructure for different traffic regions (urban
and rural), WMN can unite the two most popular Internet
systems namely IEEE 802.16 (provides wide coverage and
backhaul infrastructure) and IEEE 802.11 (hotspots) in a multilayer (dual system) architecture. Fig. 1 depicts such a system
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process (all control packets traverse through the base station)
in the centralized method, a distributed system is preferable
due to the reduction in the signaling overhead (especially for
connection setup) and the efficiency in data transmission [1].

Gateways
(Internet)
Backhaul
Infrastructure

In the distributed approach, every node has the scheduling
information of its neighbors (as far as two hops away). Based
on this information nodes compete for channel access using
a pseudo-random election process which is followed by a
three-way handshake procedure that allocates data subframes.
When a node wins the election, it will be granted with
V = 2Exp time slots for transmitting its schedule. The node
is not allowed to transmit for the duration of its hold-off
time (H = 2Exp+4 ) after this transmission. In the above
expressions, Exp (exponent value) can have a value from
zero to seven and is managed by every node itself. Note
that the bandwidth available to each node is limited by the
amount of interference emanating from adjacent competing
nodes. Therefore the maximum achievable bandwidth for node
k in a network with N competing nodes can be derived as
follows [8],
θ · ρ · SM S
λ=
(1)
τTk

IEEE 802.16

Mesh router
(802.16)

Mesh router
(802.16/802.11)

IEEE 802.11

Mesh Client

Fig. 1.

General layout of a WMN.

with 802.16 and 802.11 nodes and their corresponding mesh
clients clearly identified. Note that the routers can have dual
protocol stack (802.16/802.11) and can support both forms of
coverage. Assuming that IEEE 802.16 and IEEE 802.11 use
different frequency bands i.e., 5 GHz and 2.4 GHz respectively
(as is commercially utilized), it can be concluded that there
is no mutual interference between these two systems and
accordingly does not affect the WMN performance. Based on
the fact that 802.16 provides the backhaul infrastructure, our
investigation is limited to defining the upper bound of the node
subset that can be accommodated by a 802.16 mesh router
(bottleneck). This entails the consideration of a data rate range
of 32-130 Mbps, depending on the coding, modulation and
transmission bandwidth. However achieving such a high data
rate in an interference-limited system like the 802.16 based
WMN with shared channel access requires proper scheduling
for data transmission. Traditionally, in IEEE 802.16, control
messages and data packets are transmitted in the same channel
but in different time subframes. Therefore the scheduling of
the data subframes are carried out through the exchange of the
control messages.
III. D ISTRIBUTED S CHEDULING IN IEEE 802.16
As mentioned earlier, IEEE 802.16 [7] is a promising
technology for providing wireless broadband service to a
metropolitan area with performance comparable to the traditional asynchronous digital subscriber line (ADSL). Since
all nodes share the same wireless channels, careful scheduling for channel access is required to maximize the system
performance. Usually either a centralized method or a distributed scheduling mechanism is adopted for IEEE 802.16 in
mesh mode (as is widely recommended for multihop wireless
networks). Although the base station manages the scheduling

where θ is the maximum number of timeslots requested
within a single channel access request, ρ is the number of
bytes transmitted within one orthogonal frequency division
multiplexing (OFDM) symbol, SM S is the number of OFDM
symbols per minislot, while τTk denotes the interval between
successive transmissions respectively. In [8], for mesh distributed scheduling (MSH-DSCH), τTk is defined as,
ν · (ς · 4 + 1)
(2)
ς ·4·Γ
where ν and ς refer to network parameters F rameLength and
SchedulingF rames, while Γ and τSk denote the number of
distributed scheduling messages and the slot interval between
successful transmissions respectively. Based on the hold-off
time, τSk (i.e., transmission interval) in (2) can therefore be
written as [1],
τTk = τSk ·

τ S k = Hk + S k

(3)

where Sk is the contention period (in slots) of node k. Since an
exact expression for Sk is difficult to derive, an approximate
solution (i.e., expected value or average) is provided in [1] as
follows,
NkKnown

X

£ ¤
E SkN =

j=1,j6=k,Expj >Expk

Vj + E[SkN ]
Hj + E [Sj ]

NkKnown

+

X

1 + NkU nknown + 1

(4)

j=1,j6=k,Expj <Expk

Here, NkKnown and NkU nknown denote the set of neighbors
(one and two hops away) of the node k with known and
unknown scheduling time.
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IV. T HE P ROPOSED D IMENSIONING A LGORITHM
Main Network

in the neighborhood (including node k). Then it utilizes this
value to estimate the transmission interval as a new node gets
connected, thereby offering a performance measure for the
network extension. A step-by-step description of the algorithm
is given below.
First, considering the abovementioned assumptions (includNkKnown
X
1 = 0 since for simplicity purposes
ing

Extended part

N mesh nodes

h new mesh nodes

hu

j=1,j6=k,Expj <Expk

K

all intervals are considered equal in the neighborhood i.e.,
Expj = Expk ), (4) can be simplified into the following
expression,
£ ¤ 1 + 2Exp · Y
E SkN =
(5)
1−Y
where Y is defined as,

2

Bottleneck
1

Two hop
neighborhood

Fig. 2.

Y =

Network extension of WMN in the bottleneck neighborhood.

N
X
j=1,j6=k

Since increasing the number of nodes in WMN results in
increased interference and subsequent performance degradation, network extension (alternatively node addition) must be
carried out in a planned manner. In this section, we analyze
the dimensioning aspect of a WMN with known architecture
(knowledge of existing nodes and their interference level). As
shown in Fig. 2, a particular instance of the network extension
is investigated where a number of nodes (i.e., mesh routers
and mesh clients) are connected to a particular 802.16 router
(referred to as a bottleneck). Since traffic in the extended part
traverse through node k , the performance of the subset (i.e.,
new mesh nodes here) is limited by this node (functioning as
a bottleneck).
A. Dimensioning network extension
Let us assume that, for node k, the average interval
(expected value) between successful transmissions (excluding the hold-off time) is known a priori and is given by
N Known
E[Sk k
] ∼ E[SkN ] where N represents the set of neighbors (maximum two hops away). Therefore as a new node
is attached to node k, it not only affects its performance but
also other nodes in the subset. Let hu denote the maximum
number of nodes (the size of the subset) that can be added to
node k. Our aim is to calculate the performance variation of
node k as h changes. Performance is quantified in terms of
the overall interference from the neighboring nodes and the
resulting available throughput. We assume that these nodes
are placed within the coverage area of node k (defined by its
two hop neighborhood). Even though NkU nknown can be an
element in the node subset, the small variance in the subset
size from NkU nknown will not affect the system performance
significantly [1]. Hence NkU nknown = 0 in the proposed
algorithm. In addition, the proposed algorithm considers all
nodes within the set to have identical hold-off exponent (Exp).
Within such a domain structure (defined by node k and
its two hop neighbors), the proposed dimensioning
algorithm
£ ¤
finds the average contention period (Ẽ S N ) for N nodes

1
£ ¤
H + E SjN

(6)

Here Y plays a significant role in providing the channel
access rate of the competing nodes
£ in ¤the neighborhood. Hence
adding new nodes degrades E SkN of each node, thereby
reducing the value of Y . Using the definition of harmonic
£ ¤
mean, Y can be represented as H+NẼ−1S N where Ẽ SjN
[ j]
£ ¤
denotes average contention period of all j nodes (E SjN :
j 6= k) within the neighborhood. Equation (5) can then be
expressed as,
Exp
· H+NẼ−1S N
£ N¤ 1 + 2
[ j]
E Sk =
N −1
1 − H+Ẽ S N
[ j]

(7)

Having defined
£ the
¤ successful transmission interval for node k
(i.e., H +E SkN ), the average
period for the other
³ £contention
¤´
N
can be derived from (7).
nodes in the neighborhood Ẽ Sj
Since the hold-off time is constant and
£ Ndoes
¤ not change, the
average
transmission
interval
(H
+
Ẽ
S
) is mainly affected
£ ¤
by Ẽ S N £. Therefore
the
average
harmonic
mean contention
¤
period (Ẽ S N ) for all nodes in the neighborhood can be
written as,
£ ¤
N
Ẽ S N = N −1
(8)
+ E S1 N
Ẽ [SjN ]
[ k]
£ ¤
Because E SjN : j 6= k is unknown in (7), it is difficult to
estimate effects of a node introduction on the neighborhood
performance and in particular the performance of node k.
As such, in this paper we consider an approximate method.
In the proposed approximation, the two-hop neighborhood is
reduced to a collocated form where nodes are considered to
be one hop neighbors of each other. This stems from the fact
that transmission interval of nodes are similar in the general
topology (two-hop neighborhood), and collocated scenario (the
impact of unknown nodes is neglected as mentioned before)
as per [1]. Hence, the performance of a collocated scenario
can be utilized to estimate the approximate performance of
the general topology. With such approximation, the mean
contention period (approx.) of nodes is given as the following
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(derived from (5) where V = 2Exp and H = 2Exp+4 ),
£ ¤ N −H +
Ẽ S N =

p

(N − H)2 + 4(H + N · V − V )
2
(9)
In case of a new node introduction, it is necessary to
calculate the approximate performance changes of a collocated
scenario. Υ offers this performance measure by taking the ratio
of (9) with N + 1 and N nodes respectively as follows,

Υ=
=

£
¤
Ẽ ScN +1
Ẽ [ScN ]

√
(N +1−H)2 +4(H+(N +1)·V −V )
√
2

(N +1)−H+

N −H+

(N −H) +4(H+N ·V −V )

of added nodes should be limited, subject to acceptable internode interference. In this section, our aim is to investigate this
problem by estimating an upper bound of the node subset (hu ).
Since optimal services for users vary in different networks in
terms of bandwidth, throughput, delay and so on, we define
T e as the minimum throughput that each user in the subset
expects to receive from the bottleneck. Therefore hu can be
calculated with the help of
the equations described in the
+hu
denote
the maximum achievable
previous section. Let λN
k
bandwidth (or throughput) of node k with N + hu neighbors.
Since it is the sum of the achievable throughput for all users
in the subset, it can be represented as follows,
u

(10)

Υ can be utilized to estimate the performance changes in the
general topology, therefore, as a new node is connected, the
average contention period£ for the¤ entire neighborhood
can be
£ ¤
appraised from (10) as Ẽ S N +1 = Υ· Ẽ S N . Furthermore,
(7) and (8) can be re-written (with N + 1 nodes) as follows
to calculate the average transmission interval (using harmonic
mean),
1 + 2Exp · H+NẼ+1−1
£ N +1 ¤
[SjN +1 ]
H + E Sk
=H+
(11)
1 − H+NẼ+1−1
[SjN +1 ]
£
¤
N +1
(12)
H + Ẽ S N +1 =
N
+ H+E 1S N +1
H+Ẽ [SjN +1 ]
[ k ]
£
¤
£
¤
Since Ẽ SjN +1 and E SkN +1 are unknown, solving them
for the above equations derives the contention period of node
k as follows,
√
−B − B 2 − 4AC
N +1
E[Sk ] =
(13)
2A
where
£
¤
A = 1 + N − Ẽ S N +1 − H
£
¤
B = (N + 1)(V + H) − (Ẽ S N +1 + H).H
£
¤
C = V N H + h.H.V − (Ẽ S N +1 + H).V
£
¤
+ (Ẽ S N +1 + H).H
Note that this algorithm evaluates the transmission interval
of node k when a new node is connected. Hence, in the case
of h nodes introduction, the performance changes of node k
can be anticipated by iterating the same algorithm (adding one
node at each iteration).

+h
λN
= hu · T e
k

(14)

Hence, applying (14) in (1), (2) and (3), we get the following
expression,
u

E[SkN +h ] =

θ · ρ · SM S
ν·(ς·4+1)
ς·4·Γ

· hu · T e

−H

(15)

While E[SkN ] is known, applying the algorithm described
u
in the previous section on the above equation, E[SkN +h ] and
hu can be calculated by using fixed point iteration.
V. P ERFORMANCE E VALUATION
In this section, we analyze the changes in the transmission
interval of a bottleneck (node k) as h changes. Table I
depicts the simulation parameters of the proposed algorithm.
As expected, we can see from Fig. 3 and Fig. 4 that by connecting new nodes, the transmission interval of the bottleneck
increases, resulting in more delay and lesser throughput. This
is because the bottleneck has to relay the traffic from all nodes
in the subset to the main network and vice versa. Therefore
with the increase of additional nodes, not only does the
performance (transmission interval and throughput) of node
k degrade, but it also reduces the available throughput of the
nodes in the subset. This is also true for the variation of Exp
which results in different levels of throughput degradation, as
shown in Fig. 3. It is evident from the figure that for Exp = 0
the throughput degradation of node k is more severe than in
other cases mainly because of the smaller hold-off time and
larger contentions from competing nodes in the neighborhood.
Also note that initial E[SkN ] for the bottleneck should
be chosen reasonably according to the number of its neigh-

B. Bottleneck Performance
Since the entire traffic to and from the node subset is carried
by the bottleneck, the amount of bandwidth available in node k
is shared among the nodes. Intuitively, increasing the number
of nodes in the subset (i.e., h) therefore results in a decrease of
their capacity share. In addition, performance of node k itself
degrades due to the large number of competing nodes. As
each node expects to receive the minimum QoS, the number
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TABLE I
S IMULATION PARAMETERS

Simulation parameters
θ
ρ (64-QAM)
SM S
ς
Γ
ν (64-QAM)

Value
165
108
1
2
5
10ms

6

70
17
E[SK ] ≈ 6.1789

Exp=0
Exp=1
Exp=2

5.5

E[S17] ≈ 1
K

60

5

5

4
Throughput(Mbps)

Available Throughput (Mbps)

4.5
50

4.5
4
3.5
3

3.5
40
3
2.5
30
2
1.5

2.5

20
1

2

0.5
10
0
15

1.5
1

0

5

10

15

20

25
30
Added Nodes (h)

35

40

45

0

50

Fig. 3. Effect of different Exp on the achievable throughput of node k as
h varies (using average initial E[S N k]).
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Fig. 5. Achievable throughput for each node in the subset for bounded initial
E[S N k] as h varies (Exp = 0).
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E[SK ] ≈ 6.1789
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Fig. 4. Effect of bounded E[SkN ] on the transmission interval of node k as
h varies (Exp = 0).

bors and the hold-off exponent value (Exp). It demonstrates
the performance in the neighborhood where higher value
denotes increased competing nodes. However results reveal
that this value is bounded where the upper limit occurs
(derived from (9)) when all nodes including node k itself
have identical contention period (i.e., E[SkN ] = E[SjN ]).
Obviously, increasing the number of N nodes results in larger
contention period of each node and consequently larger upper
bound. Here, E[SkN ] = E[SjN ] ≈ 6.1789 is evaluated for a
neighborhood size of N = 17. Conversely, the lower bound
of transmission interval1 depends on all nodes (excluding node
k) in the neighborhood having very large E[SjN ] (alternatively,
nodes are silent from large contentions in their corresponding
neighborhood) which results in E[SkN ] becoming approxi-

mately unity. For such contention period (bounded E[SkN ])
with N = 17, Fig. 4 illustrates the effect on node k as h varies.
With different initial transmission intervals, the performance
of node k will be bounded by this region. Table II shows
the maximum bound (hu ) for different values on N nodes.
As discussed above the upper bound of initial contention
period can be derived from (9) for different values of N as
shown in Table II. The selection of hu (maximum achievable
node subset) corresponds to the approximate initial choice
of bounded E[SkN ] (bounded values) for different N , and
guarantees a throughput of 2 Mbps (arbitrary choice) for each
h nodes. This is also demonstrated in Fig. 5 which depicts the
changes in individual node throughput as hu varies (N = 17).
For the benefit of the readers, Fig. 5 illustrates a magnification
of a section bounded by x axis = (15, 35) and y axis = (0, 5).
From this, we can see that for a node throughput of 2 Mbps,
the value of hu is given as 17 and 21 for E[SkN =17 ] ≈ 6.1789
and E[SkN =17 ] ≈ 1 respectively. In addition, note that the
throughput degradation is significant for h = 1 to 5 when the
node subset is small. However as h increases the degradation
reduces mainly because of the lesser available throughput from
node k and larger subset size, as follows from (15).

1 As per [8], when N ≤ 16 (i.e., E[S N ] ≈ 1) enough transmission
k
opportunities are available and the contention can be neglected.
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TABLE II
T HE U PPER B OUND (hu ) OF NODE k

WITH DIFFERENT

£ ¤
initial E SkN
(lower bound, upper bound)
≈ (1, 6.1789)
≈ (1, 16.6954)
≈ (1, 35.8149)
≈ (1, 85.3474)
≈ (1, 135.2202)

N

NODES .

N

hu

17
30
50
100
150

(21, 17)
(18, 14)
(16, 11)
(11, 6)
(10, 5)

VI. C ONCLUSIONS
In this paper, we have dimensioned a WMN using distributed scheduling to estimate the effect of performance
variance of network extension on the bottleneck. For simplicity
purposes, we have considered all nodes in the architecture to
have identical hold-off time. The expression derived measures
the capacity of the bottleneck in terms of transmission interval and available throughput. The paper also develops a
method for selecting the maximum number of nodes (mesh
routers/clients) that can be accommodated by the bottleneck
without degrading the QoS of the neighbors. This provides a
feasible mechanism for the network providers or operators in
carrying out network extension as per their service requirements.
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Abstract-Analytical evaluation of performance measures for
vertical handoff management in an interworked Next
Generation Mobile Network (NGMN) is presented in this paper.
This analysis is based on a novel architecture for interworking
previously proposed by authors. It enables the Universal Mobile
Telecommunications System (UMTS) cellular technology to
interwork with Wireless Local Area Networks (WLAN) under a
common platform. The proposed framework exploits the IP
Multimedia Subsystem (IMS) as a universal coupling mediator
for real-time session negotiation and management. The analysis
includes vertical handoff performance measures such as delay,
transient packet loss, and signaling overhead/cost. The latter
part of this paper includes an OPNET based simulation platform
for verification of the results obtained by the analytical model.

I. INTRODUCTION
Ubiquitous data services and relatively high data rates
across heterogeneous networks could be achieved by
interworking 3G cellular networks with WLANs. This will
enable a user to access 3G cellular services via a WLAN,
while roaming within the range of a hotspot. Thus WLANs
can be considered as a complementary technology for 3G
cellular data networks as well as a compulsory element of the
future NGMN [1]. A variety of internetworking architectures
for 3G Cellular and WLANs have been proposed [2]. By and
large, these internetworking architectures may be categorized
as tight coupling, loose coupling, and peer-to-peer networking
(also referred as no-coupling) [3], [4]. However, these
approaches seem to provide limited internetworking capability
as neither of these designs has successfully addressed the issue
of seamless service continuation.
Having identified the importance of this need, we have
recently proposed a solution for achieving session
continuation during a vertical handoff between WLAN and
UMTS networks [5]. The significance of our proposed
architecture is that it uses a novel approach, that is, the use of
the 3GPP’s IMS [6] for supporting real-time session
negotiation and management with additional controls as
inspired by [7], [8]. The IMS, as introduced in UMTS Release
5 within its core network, comprises of the required
characteristics for control of real-time multimedia sessions and
plays an essential role in the provision of IP multimedia
services in a UMTS network. This paper primarily focuses on
using an analytically modeled approach for further analyzing
the performance of vertical handoff management over a packet
switching service domain. Based on this, an analysis on
This work is supported by an ARC Linkage Project in collaboration with
SingTel Optus.
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vertical handoff performance measures such as delay, transient
packet loss, and signaling overhead/cost is presented. This
further investigates the validity of this architecture by using
the OPNET simulation platform developed for [5].
The reminder of this paper is organized as follows. The
next section presents an overview on the proposed
architecture. Followed by which comes the sections on
analytical modeling and performance analysis. Lastly, an
OPNET based model is included for verification prior to the
concluding remarks.
II. IMS BASED WLAN-UMTS INTERWORKING
This section provides a brief overview of our proposed
interworking mechanism with specific attention towards its
vertical handoff mechanism. Interested readers may refer to
[5] for more specific and detailed information on the
architectural design.
As per the illustration in Fig. 1, the flow of data originates
from the source Mobile Host (MH), through the Serving
Gateway Support Node (SGSN) and the Gateway GPRS
Support Node (GGSN), and reaches the destination network.
This model uses the Visitor-GGSN approach to avoid the
inter-PLMN (Public Land Mobile Network) backbone and to
make data routing simpler for the network operator [9]. In
whichever approach, the data flow bypasses the IMS network.
Thus the IMS is said to follow the philosophy of using
different paths for user data and signaling through the
network. The SIP [10] signaling messages originate from the
MH via the UMTS Terrestrial Radio Access Network
(UTRAN), through the SGSN and GGSN, out to the Call
Session Control Functions and finally to the destination
network. It is important to note that when the MH requires
establishing a session, this request is always sent to the
(Home) Serving – Call Session Control Function via the
(Visiting) Proxy – CSCF of the IMS. During the exchange of
IMS-SIP signaling, both the SGSN and GGSN act as routers
by merely forwarding IMS-SIP messages.
The data originating from the WLAN is routed via a SGSN
emulator to the UMTS GGSN. It essentially emulates the
WLAN as another SGSN belonging to the same UMTS
network. Thus mobility can be managed by the UMTS
network. Some of the functionalities of the BSS are bypassed
in this approach and the load on the UMTS network, created
by the high volumes of WLAN data traffic, may also be

HSS

a 200 OK response is generated by the destination with an
SDP answer. Next an UPDATE request is sent by the source
containing another SDP offer, in which the source indicates
that the resources are reserved at his local segment. Once the
destination receives the UPDATE request, it generates a 200
OK response. Once this is done, the MH can start the
media/data flow and the session will be in progress (via the
UMTS interface). As the WLAN interface becomes active, the
need for a mechanism for a pure SIP (or Application Layer)
based session handoff arises and the SIP REFER method is
chosen for explicitly transferring the session to the new
interface [11]. Under realistic conditions, vertical handoff
decision must ideally be triggered by a network selection
mechanism. Since network selection criteria are beyond the
scope of this report, a manual triggering for handoff is
considered.

All-IP CN
S-CSCF

IMS
Home
UMTS
CN
I-CSCF

P-CSCF
GGSN

Visitor UMTS CN
SIP
B2BUA
WLAN

WLAN
SGSN
Emulator

SGSN

WLAN

Fig. 1. The proposed interworking architecture.

sufficiently reduced. Furthermore, a MH does not require any
change of IP addressing between the WLAN and UMTS
network as long as the two networks are connected to the same
GGSN.

As illustrated in Fig. 2, the basic steps for IMS-SIP based
session handoff is as follows. The UMTS interface notifies the
WLAN interface with a SIP REFER request (step 8). The
REFER request contains a “Refer-To” header line containing
the destination SIP URI and a “Replaces” header line
identifying the existing session to be replaced by the new
session. Next the WLAN interface sends the CN an INVITE
message with the “Replaces” header received from the
previously received REFER request (step 10). Also the new IP
address and port numbers are also included in the SDP body of
this INVITE message. The receipt of the “Replaces”

Prior to establishing a SIP session, the MH requires
performing a service registration function to let the IMS know
its location. The MH acts as a SIP client and sends a SIP
registration message to its home system through the P-CSCF.
The basic steps for a SIP service registration can be
summarized as follows. Firstly, the IMS Home Subscriber
Server (HSS) for the MH is notified of its current location for
the HSS to update the subscriber profile accordingly. Next the
HSS checks if the MH is allowed to register in the network
based on the subscriber profile and operator limitations, and
grants authorization. Once authorized, a suitable S-CSCF for
the MH is assigned and its subscriber profile is sent to the
designated S-CSCF. After the activation of the PDP context
and the service registration, the MH is ready to establish a
media/data/call session. As illustrated in Fig. 2, the sequence
of the SIP session origination procedure can be described as
follows.
The mobile origination procedure is initiated by a SIP
INVITE message sent from the UMTS interface of the source
MH. This initial message is forwarded from the P-CSCF to the
S-CSCF of the originating network, via the CSCFs of the
terminating network, and finally to the destination. Next, the
destination responds with a 183 Session Progress containing a
SDP answer (if the INVITE contains a request to follow the
precondition call flow model) with information of media
streams and codecs that the destination is able to accept for
this session. The acknowledgement for the reception of this
provisional response (PRACK) follows afterwards. If the
destination does not receive a PRACK response within a
determined time, it will transmit the provisional response.
When the PRACK request successfully reaches the destination
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Fig. 2. IMS-SIP based session handoff.

header is what indicates that the initial session is to be
replaced by the incoming INVITE request and hence be
terminated. Now the WLAN interface has successfully
established a direct signaling relationship with the CN. Once
the WLAN interface has successfully established a session
with the CN, it sends a NOTIFY request to the UMTS
interface updating the final status of the REFER transaction
(step 12). This NOTIFY message contains the session
information of the newly established session allowing the
UMTS interface to subsequently retrieve the session (if so
desired). Once the data flow is established between the WLAN
and CN, the UMTS interface tears down its session with the
CN (steps 15-16). Also note that in the event that the provided
information in the replaced header does not match any existing
session the triggered INVITE does not replace the initial
session and will be processed normally. Thus any failed
session handoff attempt can not destroy the initial session.

III. ANALYTICAL MODELING
An analytical model is derived for evaluating the proposed
scheme for analyzing the QoS metrics and measures involved
in session and mobility management. More precisely, QoS
metrics such as handoff delay, total packet loss, and signaling
overhead are analyzed. The derivations of the numerical
results have been omitted in the following sections for brevity.
A.

Handoff Delay

A standard vertical handoff delay during mid-session
mobility consists of the following sub-procedures (or delays);
D1 = Link layer HO delay, D2 = movement detection delay, D3
= address allocation delay, D4 = session re-configuration
delay, and D5 = packet re-transmission delay. The vertical
handoff delay/s at the network layer (and above) are calculated
independent of the link layer delay D1 and mainly consist of
D3 and D4. According to our proposed architecture IMS based
vertical handoff, there is no DHCP related address allocation;
hence it can be argued that the main contributor for network
layer based vertical handoff delay is D4. The session reconfiguration delay (D4) mainly consists of IMS based session
handoff delay (DIMS).
Let D(S, Ha-b) denote the end-to-end transmission delay of
a message of size S sent from a (an MN away) to b via
wireless and wired links. Thus, D(S, Ha-b) can be expressed as
follows [12]:
 S
  S

D(S , H a −b ) = 
+ Lwl  + 
+ Lw  × H a −b + [H a −b + 1]× L proc
B
B
 wl
  w


(1)

where, S is the average size of a signaling message, Ha-b is the
average number of hops between a and b, Bwl is the bandwidth
of the wireless link, Bw is the bandwidth of the wired link, Lwl
is the latency of the wireless link, Lw is the latency of the wired
link, and Lproc is the processing delay at node. Therefore, by
using (2), DIMS for the architecture given by Fig. 1 and Fig. 2
can be expressed as in equation (3).

DIMS = D(SRefer, HUMTS-WLAN) + D(S202Accept, HUMTS-WLAN)
+ D(SINVITE, HWLAN-CN) + D(S183-SP, HWLAN-CN)
+ D(SNotify, HUMTS-WLAN)+ D(SPRACK, HWLAN-CN)
+ D(SOK, HWLAN-CN) + D(SUPDATE, HWLAN-CN)
+ D(SOK, HWLAN-CN) + D(SACK, HWLAN-CN)
+ D(SOKNotify, HUMTS-WLAN) + ∆
(2)
where, ∆ is additional IMS (application layer) latency due to
HSS lookup process. It is worth reminding that make-beforebreak handoff is applied in the proposed handoff scenarios,
which helps compensate for large handoff delays. However,
for purpose of a complete analysis of the vertical handoff
delay, the standard straight forward case of break-before-make
handoff scenario is used.
B.

Packet Loss

The total packet loss (Pkt_loss) during a session can be
defined as the sum of all lost packets during the vertical
handoff while the MN is receiving the downlink data packets.
It is assumed that the packet loss begins when the L2 handoff
is detected and all in-flight packets are lost during the vertical
handoff time. Thus, it can be expressed as follows [12]:

 1

Pkt _ loss = 
+ D4  × λd × N m
 2Tad


(3)

where, Tad is the time interval between MIP agent
advertisements, λd is the downlink packet transmission rate,
and Nm is the average number of handoffs during a session.
Nm is known as ts/tr, where tr is average network resident time
and ts is average call (session) connection time.
C.

Signaling Overhead/Cost

The resultant signaling overhead/cost of mobility
management during vertical handoff can be analyzed as
follows. The signaling overhead is the accumulative traffic
load on exchanging signaling messages during the MN’s
communication session. The overhead incurred by a message
can be defined as [13]:

Omessage = S message × H a −b

(4)

Thus the total signaling overhead incurred by vertical
handoffs during a given data session can be expressed as
follows:
n1

n2

i =1

i −1

OIMS = λm ∑ (S IMS − Invite −i × H ( a −b )−i ) +λs ∑ (S IMS −Re Invite −i × H ( a −b )−i )

(5)
OIMS
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n1
 n2
λ
= λm ∑ S IMS − Re Invite−i × H ( a −b )−i  s + λm ∑ (S IMS − Invite−i × H ( a −b ) −i )
λ
i =1
 i =1
 m

(

)

(6)

where n1 and n2 represent the number of messages involved in
each handoff/message sequence. If λm is the average network
mobility rate of a MH and λs is the average call (session)
arrival rate, λs /λm can be called as the call-to-mobility rate
(CMR). If the average call (session) duration/holding time is µ1
, the average call (session) completion rate will be µ. Hence λs
/ µ can be called as Utilization. Thus the total signaling
overhead incurred by vertical handoffs during a given data
session can also be expressed as follows:
n1
 n2
λ
OIMS =  µ ∑ S IMS −Re Invite−i × H ( a −b )−i  s + λm ∑ (S IMS − Invite−i × H ( a −b ) −i )
i =1
 i =1
µ

(

)

(7)

Fig. 4 illustrates the behaviour of the vertical handoff delay
against the wireless link bandwidth. The behavioural trend of
the graph indicates that the proposed method of handling IP
mobility with the help of the IMS-SIP Refer method gives rise
to relatively high vertical handoff delay. One of the main
causes of this high vertical handoff delay is the number of
application layer/IMS based processing latencies. Another
interesting observation is that when the bandwidth of the
wireless link increases from zero to 2 Mbps the handoff delay
decreases exponentially. It also indicates that for relatively
wider bandwidths (say, beyond 512 Mbps) the handoff delay
decrease becomes relatively slower. Therefore, this indicates
that vertical handoff delays cannot be simply reduced by
purely increasing the wireless link bandwidth.

IV. PERFORMANCE ANALYSIS

2
1.8
1.6
Handoff Delay (Sec)

The following numerical results are generated using 3GPPSIP messages. Table 1 shows the typical SIP message sizes
and other related parameters. IMS-SIP values are based on
[14]. Other related parameters have been partly obtained from
[12] and [13] to maintain consistency. The relative distances in
hops are illustrated in Fig. 3. Based on these assumptions, the
following analytical results are derived for equations (2), (3),
(6) and (7) for the scenario of a pure SIP based vertical
handoff.
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Fig. 4. Vertical handoff delay vs. wireless link bandwidth.

From a rather different perspective, Fig. 5 illustrates how
vertical handoff delay behaves against increasing session
handoffs. Confirming with the trends exemplified in Fig. 4,
graphs in Fig.5 also indicate relatively high transient handoff
delays for relatively low data rates (i.e., 256 Kbps and 512
Kbps). The graphs also indicate that handoff delays for
relatively high data rates (i.e., 11 Mbps and 54 Mbps) are
much closer to each other. Furthermore, according to the
presented analytical model, an important conclusion to be
3
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Fig. 5. Vertical handoff delay vs. number of handoffs.
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Fig. 6 demonstrates the total transient packet loss during
the vertical handoff for variable downlink packet transmission
rates as the number of handoffs increase (in the case of a
break-before-make handoff scenario). According to equation
(3), the packet loss during a vertical handoff is relatively
proportional to the vertical handoff delay. Therefore, since the
proposed approach has a relatively higher handoff delay, the
resultant packet loss also follows a similar trend. Another
interesting observation of the plots in Fig. 6 is that the graphs
diverge from one another as the packet transmission rates and
number of handoffs per session increases. The reason for the
graphs to show such behaviour is the application layer based
additional IMS related latencies. These additional latencies
substantially contribute towards increasing handoff delays as
the number of handoffs per session increases and eventually
the packet loss. However, it is important to note that the
proposed model uses a make-before-break handoff technique
to avoid such transient packet loss.
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Fig. 8. Signaling cost vs. CMR when λm is constant.

Fig. 8 illustrates the behavior of the total mobility
management related signaling overhead/cost against the CMR
when λm is constant. That is, for the graphs in Fig. 8, the
network mobility rate (λm) is fixed is fixed at λm = 2 hr-1MH-1,
λm = 4 hr-1MH-1, λm = 6 hr-1MH-1, λm = 8 hr-1MH-1, and λm =
10 hr-1MH-1. On the contrary to the results of Fig. 6, the graphs
in Fig. 7 indicate that the signaling cost increases linearly as
the CMR increases. This is because when the CMR increases
the session arrival rate (λs) also increases provided the
mobility rate (λm) is kept constant. This also leads to a very
interesting conclusion. That is, more signaling overhead is
incurred during the vertical handoff than at the time of the
initial session setup.
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(session) arrival rate (λs) is fixed at λs = 2 hr-1MH-1, λs = 4
hr-1MH-1, λs = 6 hr-1MH-1, λs = 8 hr-1MH-1, and λs = 10 hr1
MH-1. According to these graphs in Fig. 7, the signaling cost
reduces exponentially with the increase of CMR since the
mobility rate (λm) declines when the session arrival rate (λs) is
constant.
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derived is that, the transient packet loss for a single vertical
handoff lies between 477 ms (for a 256 Kbps data link) and
278 ms (for a 54 Mbps data link).
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Next, with the default mobility rate (λm) fixed to 6 hrMH-1, the influence of Utilization on the signaling cost is
investigated when the average call (session) completion rate
(µ) remains constant. That is, for the graphs in Fig. 9,
average call (session) completion rate (µ) is fixed at µ = 10 hr1
MH-1, µ = 12 hr-1MH-1, µ = 15 hr-1MH-1, µ = 20 hr-1MH-1,
and µ = 30

1

Fig. 6. Total packet loss vs. average number of handoffs during a
session (Nm).

Fig. 7 illustrates the behavior of the total mobility
management related signaling overhead/cost against the CMR
when λs is constant. That is, for the graphs in Fig. 6, the call
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hr-1MH-1. With the increase of the Utilization, more handoffs
take place and thus signaling costs keep linearly increasing.
Furthermore, as µ increases from 10 hr-1MH-1 to 30 hr-1MH-1,
the graphs shows rapidly increasing gradients. This also
proves that more signaling overhead is incurred during the
vertical handoff process than at the time of the initial session
setup.
Lastly, with the average call (session) completion rate (µ)
is fixed to 15 hr-1MH-1, the influence of Utilization on the
signaling cost is investigated when the default network
mobility rate (λm) is constant. That is, for the graphs in Fig. 10,
average network mobility rate (λm) is fixed at λm = 10 hr-1MH1
, λm = 12 hr-1MH-1, λm = 15 hr-1MH-1, λm = 20 hr-1MH-1, and
λm = 30 hr-1MH-1. As the network mobility rate increases, the
session setup cost shows a fixed/constant increase (when µ and
λs are fixed). Hence the graphs show a linear increase with
fixed gradients with the y-axis intercept increasing as a result
of increasing λm. This result re-confirms that the signaling
overhead incurred during network mobility is relatively less
when compared against the rapidly increasing signaling
overhead incurred during session mobility.
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Fig. 10. Signaling cost vs. Utilization when µ = 15 hr-1MH-1.

V. SIMULATION RESULTS AND VALIDATION
In order to validate the above numerical results and
analysis, a network simulation scenario is modeled using
OPNET Modeler 11.5. Since OPNET’s standard SIP
components does not address the specifications of the 3GPP’s
IMS substantial modifications are required. Thus a fully
functional SIP-IMS model for OPNET is constructed and
integrated to OPNET’s existing UMTS Special Module. The
newly developed SIP-IMS model is an enhanced version of
the basic IMS-SIP signaling model, which is currently
available under the contributed models library of the OPNET
University Program [15]. Fig. 11 illustrates the constructed
simulation scenario.
Modifications are made for SIP Proxy Servers (UASs) to
function as different CSCFs, User Agent Client (UAC)
processes to communicate with modified User Agent Servers
(UAS), IMS-SIP based messaging and flow between the
CSCFs, roaming facility between multiple domains, and
facility for introducing process delay controls (i.e. for
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Fig. 11. The OPNET Simulation Model.

messages sent between CSCFs and the Home Subscriber
Server queries).
As a result, a UMTS network that is fully capable using
IMS based SIP signaling for session management is
developed. Next a simple WLAN is connected via an SGSN
emulator to the GGSN of the Visiting UMTS Network. The PCSCF (WLAN) can be seen as a SIP Back-to-Back User
Agent (B2BUA), which is capable of interworking with the
IMS-SIP and capable of forwarding SIP requests. S-CSCF is
the only IMS node implemented in the Home UMTS Network.
This is since the I-CSCF is mainly used for SIP Registration
process and it is assumed that both UMTS and WLAN
interfaces of the UE have already been registered. The
Corresponding Node (CN), which is an IMS-SIP UAC, is
connected to a destination IP network via a public IP network
(IP Cloud). The IMS-SIP message flows basically follow the
sequence described in Fig. 2.
Using the newly developed IMS-SIP based platform a
series of simulations are performed for evaluating vertical
handoff for the previously described scenarios. However, it is
worth noting the assumptions made when obtaining these
results. Both the UMTS network and WLAN belong to a
single IP subnet and IP addressing and routing is statically
assigned. Since there are no multiple networks available
(except for one UMTS and one WLAN), the need for a
network selection algorithm is eliminated. Handoff decisions
are individually based on the signal strength of the WLAN, to
which the MH either roams into or roams out of.
Fig. 12 illustrates the simulation results for vertical handoff
delay obtained for the proposed mechanism. The average
vertical handoff delay (from UMTS to WLAN) obtained by
the OPNET model for a single VoIP session for an IMS-SIP
based mechanism is 340 ms. This vertical handoff delay value
(340 ms) obtained by our simulations is approximately close to
the value obtained by our analytical modeling (302 ms). The
behavioral trend of this graph indicates that the vertical
handoff delay is relatively large with IMS-SIP involved in
contrast with other vertical handoff mechanisms. This increase
is a result of the large sized SIP messages being used for
handling IP mobility in the IMS-SIP Refer method and
continuous IMS precondition negotiation prior to each session
handoff. Furthermore, it also has a relatively higher number of
application layer/IMS based processing latencies, which also
contributes to a higher vertical handoff delay. As the number

of sessions increase the vertical handoff delay shows an
exponentially increasing trend. For example, this method
shows an (approximate) increase of 30% between the first and
second handoffs and approximate increases of 35%, 48%
between the next consecutive handoffs. The interesting point
about our simulation results is that, to a certain extent, they are
inline with results published for a case of similar handoff
delays [13],[16]. Furthermore, the most encouraging outcome
is that these results suggest efficient ways for the deployment
of the IMS as shown in [5].

session. This is also a particularly encouraging observation.
Since a jitter rate below 50 ms is expected to provide
acceptable voice quality in real-time VoIP applications, the
above readings indicate the likelihood of maintaining
satisfactory (if not seamless) levels of VoIP communications
during the vertical handoff process [17]. However, as the
numbers of simultaneous handoffs increases the jitter rate
tends to increase rapidly and way beyond the 50 ms limit. The
reasons for this behaviour are currently under investigation.
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Fig. 14. Mean Jitter during Vertical Handoff.

Fig. 12. Mean Vertical Handoff Delay.

Fig. 13 illustrates the simulation results for total packet
loss during a vertical handoff for a VoIP call setup over the
proposed mechanism. The GSM codec with a 33Kbps data
rate is used for this simulation. According to the simulation
result, the average packet loss during the vertical handoff for a
single VoIP call is 8 Kbps, which is closely inline with the
result for packet loss for a 64 Kbps link (12.8 Kbps) given in
Fig. 6. As in the case of the explanations given for the increase
of packet loss in Fig. 6, we can arguably apply the same for
the behavior of the graph in Fig. 13.
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VI. CONCLUSION
An internetworking model for WLAN and UMTS
networks with the 3GPP’s IMS acting as an arbitrator was
analyzed in this paper. The analytical modeling investigated
vertical handoff performance measures such as delay, transient
packet loss, and signaling overhead/cost. The derived results
indicated that the application layer based additional IMS
processing latencies are capable of imposing a substantial
impact on the overall performance of the vertical handoff
process. Furthermore, it also indicated that mere increase in
the wireless link bandwidth does not always help to decrease
the vertical handoff delays and reduce transient packet loss.
The analysis on the effects of mobility management signaling
cost/overhead on CMR indicated that more signaling overhead
was incurred during the vertical handoff than at the time of the
initial session setup. Lastly an OPNET based network
simulation model was used for verification of the analytical
model and results.
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Abstract- In Mobile Ad hoc Network (MANET), mobility, traffic
and node density are main network conditions that significantly
affect the performance of routing protocols. Much of the previous
researches in MANET routing have focused on developing
strategies, which suit one specific networking scenario. Therefore,
there is no existing protocol that can work well in all different
networking scenarios. This paper reviews characteristics of each
different classes of routing protocols. Moreover, most of current
routing protocols assume homogeneous networking conditions
where all nodes have the same capabilities and resources.
Although homogenous networks are easy to model and analysis,
they exhibits poor scalability compared with heterogeneous
networks that consist of different nodes with different resources.
This paper presents extensive studies simulations for DSR,
AODV, LAR1, FSR and WRP in homogenous and heterogeneous
networks. The results showed that these which all protocols
perform reasonably well in homogenous networking conditions,
their performance suffer significantly over heterogonous
networks.

I.

INTRODUCTION

Mobile Ad hoc NETworks (MANET) are a group of wireless
mobile nodes that have no fixed infrastructure. Therefore each
node can act as router or an end-user node. Many routing
protocols have been proposed to mange the communication on
this kind of networking. Moreover, there are many issues that
must be considered in constructing any routing protocol such
as power consumption, reliable data delivery, and overheads
and delays.
Recent work on MANET routing protocols have focused on
achieving stability and reliability to reduce packet loss,
communication overheads, and to increase data delivery ratio.
Different approaches have been proposed to achieve those
goals. Some of those focused on improving physical layer to
provide reliable transmission, like diversity techniques, coding
and Single Path Parallel Relays (SPPR) strategies [1-3].
Cooperation between link layer and network layer was another
approach [3], where the state and the availability of the link on
link layer were analyzed before calculating the routes [3].
Others expanded the existing protocols like AODV, LAR, and
DSR by implementing the multipath strategy [4, 5]. However,
mobility of the nodes has not been the main focus of those
papers. We anticipate that several problems in MANETs arise
due to the mobility such as high data delay and low packet
delivery ratio. Hence, node mobility has to be considered in
order to achieve high stability and reliability. Different
strategies have been implemented in [6-8] to satisfy different
degrees of mobility. On the other hand, most existing routing
protocols have not been able to satisfy both scalability and
mobility. Many routing strategies have been proposed to
improve the performance of existing protocols or design new
ones to deal with mobility or node density. In [8], Adaptive
Cell Relay routing protocol (ACR) has been designed to deal

with different density degree of the nodes to achieve high
scalability. It uses two different routing strategies: the cell relay
(CR) routing for dense networks, the large cell (LC) routing for
sparse networks. It also monitors the node density changes to
determine which routing strategy to apply according to the
network density. A routing framework has been proposed in [6]
to work on different mobility classes that are low, normal and
fast. Mobility class was calculated using the proposed mobility
metric referred to as "Stability". Stability is based on
associativity that is defined as a time where the node can
communicate with other nodes, and according to the stability
value, a protocol is selected to route the packet. If a node is
classified to be slow then a proactive protocol, like DSDV, will
be used, if mobility class is normal then a reactive protocol like
AODV will be applies, and the introduced RUNNER protocol
will route the data if the mobility class is fast. In [9], two new
protocols have been proposed to work with high mobility
nodes in MANET. The idea behind these two protocols is that
there is a group of mobile nodes which move throughout the
entire network to receive and deliver data and control
messages. These nodes are called the support nodes. One of the
protocols is called Snake where the support nodes are
predefined and then a leader election is carried out. The leader
manages the movement of its group of support nodes in a form
of snake movement. While each support nodes in RUNNER
(second protocol) moves independently like a runner. However,
the idea of support protocols cannot be applied in homogenous
systems. Support nodes should have more capabilities and
resources.
Few comparisons between different existing protocols have
been published such as in [10, 11]. For example, in [10],
AODV protocol and RUNNNER protocol have been evaluated.
It has been found that AODV has higher data delivery ratio and
lower data delay in dense network and low mobility of nodes.
This is because AODV can reach destinations easily in such
network conditions. On the other hand, RUNNER performs
better in high mobility network where the support nodes are
faster in delivering data. In [11], DSDV, AODV, and DSR
have been compared in different scenarios of nodes mobility
and traffic loads. The simulation results showed that reactive
protocols (DSR and AODV) performed better than proactive
protocols when nodes were moving. In addition, DSR works
well with low traffic while AODV behaves better in higher
traffic. A probabilistic model has been proposed in [12] to
evaluate overhead of routing protocols of MANET. This model
depends on network topology and data traffic parameters to
estimate the number of control packets. In addition it can help
identifying a protocol for particular situation. This model was
tested by comparing it with existing simulations of AODV,
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DSR, and OLSR. Reactive protocols again performed better
than proactive protocols when the mobility increases.
Most of current routing protocols assume homogeneous
network conditions where all nodes have the same capabilities
and resources. Although homogenous network are easy to
model and analysis, they exhibits poor scalability compared
with heterogeneous networks that consist of different nodes
with different resources. Heterogeneous MANET comprise of
mobile devices as Fig.1 that have different communications
capability such as radio range, battery life, data transmission
rate, etc. Moreover, in real world, some of MANET networks
are obviously heterogeneous like military battlefield networks
and rescue operations system. For instance, in a rescue
operations system as Fig.2, there are limited mobile devices
that are provided to individual rescuers, ambulances and police
vehicles, and helicobacter. Limited mobile devices have lowest
communication capabilities, while helicobacter is the most
powerful communication device which forms backbone of the
rescue team. Therefore, heterogeneity of nodes is another issue
that needs to be considered in constructing and developing
routing protocols for MANETs.

Figure. 1: Heterogeneous MANET.

Figure. 2: Heterogeneous MANET in rescue operations
System.

Recently, a few publications have introduced some strategies
to develop routing protocols to accommodate heterogeneous
MANETs. On-demand Utility-Based Routing Protocol

(OUBRP) strategy has been proposed in [13] to develop
reactive routing protocols to efficiently utilize the
heterogeneity of nodes. A utility-based route discovery
algorithm is used to choose the richest nodes with highest level
of resources during route discovery stage. The utility level of
resources is reduced, if the route was not found. OUBRP
reduces the number of re-broadcasting nodes. This strategy has
been implemented over AODV. It has been found that this
strategy improves routing discovery and reduces effect of route
failure. In [14], scalability issue of OLSR in heterogeneous
MANET has been studied. The study show that OLSR it does
not differentiate distinct nodes with different communication
capability and resources. This paper proposed a strategy to
optimize OLSR to be scalable over large heterogeneous
MANET. OLSR was improved by organizing nodes in
hierarchal structure. Hierarchal OLSR (HOLSR) has eliminated
overheads and reduces the size of routing table. With HOLSR,
the nodes are organized in logical level, where nodes with
lowest resources are in lower level. Each level has many
clusters, where the cluster head is a powerful node with highest
communication capability. HOLSR and flat OLSR have been
compared in terms of control overhead, computations
overhead, and end-to-end delay. HOLSR shows significant
improvement to the performance of OLSR. Also it performs
well in large heterogeneous MANET.
A new routing protocol was proposed in [15] to make use of
heterogeneity in MANET. The entire network area was divided
into cells with same size. The most powerful node in a cell acts
as a gateway, where most the routing load goes through. This
powerful node is called B-node. All B-nodes form the
backbone of the entire networking. B-nodes reduce number of
hops because they have high communication capability to
transmit data.
Heterogeneous MANETs have the potential of reducing the
amount of power used at user nodes. In [16] author state that
supply of power in heterogeneous wireless ad hoc networking
can affect the lifetime of network. They proposed a cross- layer
for Device Energy-Load Aware Relaying (DELAR) strategy to
utilize powerful nodes. This strategy suggested having a
schedule to use different transmission powers in different
periods. They also proposed "mini-routing" and Asymmetric
MAC (A-MAC) to support link level acknowledgements with
unidirectional links. The simulation of DELAR showed that
this strategy can reduce power consumption and increase
lifetime of network.
The common approach to dealing with heterogeneity of
nodes in previous papers [13-15] is to assign most of the
routing load for the powerful nodes, as they possess more
resources and communication capabilities. Consequently, this
approach eliminates number of hopes and can reduce delay.
However, this strategy may create critical problems if the
powerful nodes go off-line. For example, in a battlefield
network scenario, if a vehicle or a tank possessing more
powerful communication capabilities was destroyed, then the
communication with others including soldiers and vehicles
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could be lost. Most publications have not considered this
situation. There should be alternative strategies to recover any
fault on powerful nodes that have been assigned as routers.
Up to now, several reviews have been published which
described the functionality and theoretical performance of
MANET routing protocols. For example, in [17, 18] routing
protocols for MANETs have been revised and classified
according their scalability. However, no study has attempted to
evaluate the performances of current routing protocols in
heterogeneous MANETs. In this paper, different classes of
MANET routing protocols are reviewed. A suitable class of
routing protocols is suggested to perform well in a particular
network conditions. Additionally, the performances of DSR,
AODV, LAR1, FSR and WRP are compared by simulating
them in homogenous and heterogeneous MANET.
In section two, a review of the key features of existing
routing protocols is summarized. The performance of these
protocols is analyzed in section three. Section four describes
our simulations of different protocols in homogenous and
heterogeneous MANET. Section five discusses our results.
Last section concludes this paper.
II.

REVIEW OF MANET ROUTING PROTOCOLS

Routing protocols for MANETs have been classified
according to the strategies of discovering and maintaining
routes into three classes: proactive, reactive, and hybrid [17].
Of course, each routing protocol reacts differently to node
mobility and density. A routing protocol for MANETs is
usually evaluated in terms of performance metrics that are endto-end delay, overhead, throughput and data delivery ratio. This
section outlines the main features of each class. Also, a brief
summary about the protocols that have been used in
simulations is given.
Proactive Routing Protocols
Proactive routing protocols acquire routing information
periodically and store then in one or more routing tables. The
differences among the protocols in this class are routing
structure, number of tables, frequency of updates, use of hello
messages and the existence of a central node. Therefore, each
protocol reacts differently to topology changes. Flooding of
routing information is the mechanism that is often used to
discover and update routes. However, it is common that
proactive protocols generate more control traffic and overhead
than other protocol classes because of periodic updating which
increases as the number of nodes increases. Moreover, they
extensively use memory for storing those tables. Examples
proactive routing protocols are: Wireless Routing Protocol
(WRP) and Fisheye State Routing (FSR). With WRP [19], each
node maintains four routing tables. As the network increases,
this protocol consumes significant amount of memory.
Moreover, hello messages are used to ensure the connectivity
with neighbors. Consequently, this will consume more
bandwidth and power.

FSR [20] is another proactive protocol. This protocol updates
network information frequently for nodes that are within its
scope only. Therefore, it is more scalable than WRP. However,
FSR is not adaptable to high mobility.
Reactive Routing Protocols
Reactive routing protocols discover or maintain a route as
needed. This reduces overhead that is created by proactive
protocols [17, 21]. Flooding strategy is used to discover a
route. Reactive routing protocols can be classified into two
groups: source routing and hop by hop routing. In source
routing, data packet headers carry the path to destination.
Hence, intermediate nodes do not care about maintaining the
routing information. On the other hand, this kind of protocols
may experience high level of overhead as the number of
intermediate nodes increases. Also they have a higher chance
of a route failure. Packets in the second group of reactive
protocols have to carry only destination and next hop addresses
which means that nodes have to maintain and store routing
information for active routes. In general, reactive protocols
suffer from delay because of the route discovery process. Ad
hoc On-Demand Distance Vector (AODV) [17, 22] and
Dynamic Source Routing protocol (DSR), and Location-Aided
Routing (LAR) are well-known reactive routing protocols.
AODV is a hop-by-hop routing protocol, which introduces a
more dynamic strategy to discover and repair route when
compared to DSR. Destination sequence numbers are used to
avoid the problem of infinite loops. AODV maintains only
active routes to reduce overheads and control traffic. This
protocol is applicable for different levels of node density,
mobility and loads. It is suitable for scenarios with moderate
mobility and density networks.
DSR is a reactive source routing protocol [17, 23]. It
discovers routes on demands using route discovery and
maintenance strategy. Multiple routes are applied to achieve
load balancing and to increase robustness. DSR can operate
well with high mobility nodes because it can recover from
routes failure quickly. It can support up to one hundred node
which means it can work well over medium network density.
LAR [24] uses GPS information to detect the location of
nodes. This reduces overhead due to flooding. This protocol
has two strategies for route discovery. Firstly, it limits the
RREQ propagation for define area (i.e. Request Zone).
Secondly, stores the coordinates of destination node where the
route request packets travel toward the destination
coordinators. This reduces overheads. However, each node
must have GPS.
Hybrid Routing Protocols
Hybrid protocols exhibit both reactive and proactive
features. Proactive strategy is used to discover and maintain
routes to near by nodes, while routes to far away nodes are
discovered reactively. Consequently, overheads and delay that
are introduced by proactive protocols and reactive protocols,
respectively, are minimized. Hybrid protocols have been
known to be more scalable than others fewer nodes take part in
routing and topology discovery. In Zone Routing Protocol
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(ZRP), the nodes are grouped into zones. Communications
between nodes depend on their locations in the zone. Another
example of hybrid protocol that can adapt to changes in node
density and mobility is Scalable Location Update Routing
Protocol (SLURP). It uses GPS information to mange node
location and eliminates global routing. Each node is associated
with a home region and sends its new location to its home
region as it moves .Hence, when a route is required, the source
node only have to query the home region of the destination.
This protocol is suitable for large networks where the number
of nodes and their mobility are high [17, 25].
Hierarchal and Geographic Routing Protocols
MANET routing protocols can be divided also according to
routing structures into flat routing protocols, hierarchal routing
protocols, and geographic position information assisted routing
protocols [18, 26]. Each protocol routes data proactively or
reactively or uses the combination of the two strategies. Flat
protocols can be tables driven (proactive) like DSDV and on
demand protocols (reactive) like DSR. Those protocols have
been described previously.
The idea of wireless hierarchal routing protocols is to group
mobile nodes to reduce the area of flooding. The nodes are
grouped in terms of clusters, trees or zones where there is a
leader that manages routing in its area. Each node has different
functionality depending on its location inside the group or
outside it. This strategy reduces the size of routing tables and
the routing information [18]. Example of wireless hierarchal
routing protocols is the ZRP. The advantages of those protocols
are in the reduction of overheads and improved scaling of large
networks compared to flat routing protocols. However, when
node mobility is high, hierarchal routing may introduce more
overhead due to cluster re-calculation. In addition, a cluster
head is a critical node and communication breaks if it goes
down.
Geographic position information assisted routing protocols
improve routing by using Global Position System (GPS)
receivers built into the nodes to get their location information
[18]. Those protocols route the data using Geographic
Addressing and Routing (GeoCast) where messages are sent to
all nodes in specific geographical area. GeoCast uses the
geographical information rather than logical addresses.
Geographical information about nodes eliminates propagation
of routing information. Hence, geographical protocols have
more efficiency in adapting to changes in node density
compared to other protocols. Examples of geographic routing
are DREAM and SLURP. However, mapping address to
location produces more overheads. In addition, using GPS
consumes the power of a mobile node.
III. COMPARISON OF DIFFERENT CLASSES OF ROUTING
PROTOCOLS FOR MANETS
In this section, comparison of proactive, reactive and hybrid
protocols is outlined by combining their published theoretical
performance [27] [12]. That comparison is further verified
through the published simulation results [6, 11, 27-30]. Based

on that comparison, a suitable class of routing protocols is
suggested to perform well in a particular network conditions.
A.

Theoretical and model based analysis
Proactive protocols are the oldest protocols that have been
derived from wired network routing protocols to work in the
wireless environment. Therefore, they possess many features of
wired routing protocols like routing tables that are used to keep
the routing information, which are periodically updated even if
not needed. As the node moves, there is a flooding of packets
containing the topology changes causing high overheads.
Hence, in general, proactive protocols produce more overheads
resulting in a lower throughput in case of high mobility as
illustrated in theoretical and model based analysis below.
In order to compare the protocols, the following set of
parameters is usually defined:
N=number of nodes.
L=average path length (in hops).
R=average number of active routes per node.
µ=average number of link breakage per second (reflect
mobility degree).
α=route activity, which gives how the frequently the node is
changing its destination.
ρ=route concentration factor that monitors the traffic hotspots in MANET.
Proactive, reactive and hybrid protocols have been evaluated
theoretically in [27]. It has been found that asymptotic
overhead for proactive is O(N1.5) due to the process of
maintaining and forwarding tables to keep periodic updates. In
reactive protocols, route requests and reply messages create
overhead of cost O(N2), while in hybrid protocols this is
O(N1.66). The number of packets that are produced by proactive
protocols per second is µ*L*N2 while for reactive protocols is
(α+ρ*R*µ)*L*N2. Reactive is found to be better than proactive
if µ*L*N2 > (α+ρ*R*µ)*L*N2. It has been concluded in [25]
that proactive protocols can be used mostly in static or quasistatic networks, reactive protocols are preferred in more
dynamic networking, while hybrid protocols are more efficient
in adapting to changes in network conditions.
Analytical model that compared control overhead with
mobility and data traffic for proactive and reactive protocols
for MANETs has been also presented in [12]. It has been found
that number of packets produced by optimized reactive
protocols in MANET is orµaLN2 and opµANpN2 for optimized
proactive protocols, where
or= route request optimization factor.
ANp=active next hops ratio.
a= number of active routes per node (activity).
op= broadcast optimization factor.
As a result of comparing those two approaches with existing
simulations, it has been observed that OLSR is more scalable
than DSR. Moreover, rough high mobility asymptotic for both
classes have been compared. It has been found that reactive
protocols are better than proactive in high mobility if reactive
protocols use routes that do not share links.
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Hierarchal routing protocols, geographic position
information assisted routing protocols, and hybrid routing
protocols are more adaptable to various node destination than
flat protocols [17, 18]. In [17], hierarchal routing protocols
have been found to be more scalable than flat protocols
because they limit the propagation area by structuring the
network nodes. However, overheads are increasing with those
routing schemes due to location management. Therefore,
hierarchal protocols are suitable in scenario like high density
but low mobility. Geographic routing protocols also perform
well in high density because of the simplicity of location
management localized route discovery.
B. Simulation Observations
MANET routing protocols are commonly evaluated
according to performance metrics such as: delay, delivery ratio,
and overheads. Delay is the delay of data processing and
queuing in intermediate nodes. Delay increases usually as
mobility increases in all different classes of routing protocols.
The delivery ratio is the ratio of the number of received packets
at the destination to the number of packets that are sent by the
source node. This ratio usually decreases as mobility increases.
The last metric is the overhead consuming the network
bandwidth, which is often high as nodes increase their speed.
Adaptable protocol to particular scenario of density and
mobility has lower delay and overhead and higher delivery
ratio. Several simulations have been carried out to compare
different protocols from different classes in different scenarios
of nodes mobility and density [6, 11, 27-30].
The results of these simulations indicated that proactive
protocols have higher overhead than reactive and hybrid
protocols in terms of mobility and density while they have
smaller delay than reactive ones. On the other hand, reactive
protocols have lower delay than hybrid protocols. Although it
is noticed that as the density increases and the mobility
decreases, the delivery ratio increases. Proactive protocols have
better delivery ratio but hybrid protocols have the best delivery
ratio. Hence, they perform better in high density networks.
In [30], several simulations of four protocols have been
carried out using GloMoSim simulator. These protocols were
distance vector (DV), DSR and AODV as reactive protocols,
and WRP as proactive protocol. The simulations have been run
under different network conditions like different mobility
degrees and different nodes density. It has been found that
DSR has highest delay, while WRP has the lowest overhead as
mobility increases.
To conclude what we have outlined theoretically and from
existing simulations, proactive protocols class perform well in
network with low mobility nodes. However, this class can
adapt different node density, because they include hierarchal
and geographical routing protocols. Moreover, hierarchal,
geographic and, and hybrid routing protocols, have been more
flexible with high density networks. Therefore, they can
operate with medium and high density. In medium density and
mobility, reactive protocols can work well.

IV.

SIMULATION MODEL

In this section we present simulations that have been carried
out to compare the performances of different protocols from
different classes in heterogeneous and homogenous MANET.
In homogenous MANETs, all nodes have same capabilities and
resources while with heterogeneous MANET different nodes
have different resources like transmission range and power
saving.
We preformed the simulations using the GloMoSim [31]
package. Each simulation run for 900s with different values of
seeds. There was a 50-node network on a 1500x300 grid, a
100-node network on a 2200x600 grid, and a 200-node
network on a 3000x1000 grid. Random way point was used as
mobility model with eight different values of pause times that
were 0, 50, 100, 200, 300, 500, 700 and 900. Speeds of the
nodes were varied from 1 to 20 m/s. Different traffic loads
flows have been created between random pairs of nodes. There
were 10 flows from source to destination over 50-node, 110
flows over 100-node and 210 flows over 200-node. Constant
Bite Rate (CBR) was used to generate data traffic of rate 4
packets per second. Each packet was 512 bytes and transmitted
at 250 ms intervals.
IEEE 802.11 was used as MAC protocol with constant
transmission bandwidth of 2Mbps. The transmission power
was 15dbm for all nodes in homogenous network. In
heterogeneous MANET, nodes have different transmission
powers (1-20 dbm) and receiver powers (-81.0 - -110.0 dbm).
The simulations run five different protocols that were DSR,
AODV, LAR1, FSR and WRP. Packet delivery ratio (PDR),
End-to-End Delay and packet loose percentage, control
overhead and hop counts were used as performance metrics of
each protocol.
V.

RESULTS

In this section, we present the results of simulating DSR,
AODV, FSR, LAR1 and WRP with different number of nodes
within heterogeneous and homogenous networks. DSR, AODV
and LAR1 were simulated with 50, 100 and 200 nodes while
FSR has simulated with 50 and 100 nodes and WRP with 50
only. This is because FSR and WRP are not scalable to large
number of nodes.
Fig 3 (a-e) shows End-to-End delay of each protocol. This
graph shows that all protocols behave differently with
heterogeneous nodes. The delay with 50 and 100 homogenous
nodes are nearly constant. They all have higher delay in
heterogeneous MANET comparing with homogenous MANET
and with same number of nodes. For example, AODV has
delay less than 0.2 with 50 homogenous nodes while it is more
than 0.3 with 50 heterogeneous nodes. Also, the delay is
extremely high with 200 heterogeneous nodes for all protocols.
DSR behaves better in heterogonous MANT than other
protocols do where delay is very low except for 200
heterogeneous nodes as shown in Fig3(b). FSR has high delays
with 100 nodes for both homogenous and heterogeneous
networks as in Fig.3(c). Fig.3 (d) illustrates the delay for
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LAR1, all delays of different number of nodes in
heterogeneous MANET are the highest where it varies from 6
to 10 comparing with other protocols. All these reflect that
current routing protocols are not adaptable for heterogeneous
nodes.
Fig 4 (a-e) illustrate the packet delivery ratio (PDR) of
different protocols with homogenous and heterogeneous
networks. PDR of all protocols is nearly 1 in homogenous
networking with different number of nodes. It decreases with
heterogeneous networking. The difference between the PDR in
homogenous and in heterogeneous networks with same number
of nodes is higher with proactive protocols like FSR and WRP.
This difference is 20% for reactive protocols while it is nearly
60% with proactive protocols. This shows that those protocols
do not make use of the different resources that different nodes
have it.

(c): End-to-End Delay of FSR for 50 and 100 homogenous and heterogeneous
nodes.

(a): End-to-End Delay of AODV for 50, 100, and 200 homogenous and
heterogeneous nodes.

(b): End-to-End Delay of DSR for 50, 100, and 200 homogenous and
heterogeneous nodes.

(d): End-to-End Delay of LAR1 for 50, 100, and 200 homogenous and
heterogeneous nodes.

(e): End-to-End Delay of WRP for 50 homogenous and heterogeneous nodes.

Figure.3. (a-e): End-to-End Delay of AODV, DSR, FSR, LAR1, and WRP for
both homogenous and heterogeneous networks.
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Packet loss percentage is illustrated in Fig 5(a-e). In
homogenous network, the rate of packet loss is very low
compared to heterogeneous networking. Packet loss percentage
in heterogeneous networking with reactive protocols is
between 20 and 25 while it ranges from 60 to 70 for proactive
protocols.
Overheads are illustrated in Fig 6(a-e). Overhead is higher
too with heterogeneous networking. 200 nodes with
heterogeneous networking has very high overhead with
AODV, DSR and LAR1. This illustrates the scalability issue.
Proactive protocols as expected have the highest overhead in
both homogenous and heterogeneous networking. This is
because of periodical updating of routing information.
(c): Packet Delivery Ratio of FSR for 50, and 100 homogenous and
heterogeneous nodes.

(a): Packet Delivery Ratio of AODV for 50, 100, and 200 homogenous and
heterogeneous nodes.

(d): Packet Delivery Ratio of LAR1 for 50, 100, and 200 homogenous and
heterogeneous nodes.

(b): Packet Delivery Ratio of DSR for 50, 100, and 200 homogenous and
heterogeneous nodes.

(e): Packet Delivery Ratio of WRP for 50 homogenous and heterogeneous
nodes.
Figure.4. (a-e): Packet Delivery Ratio of AODV, DSR, FSR, LAR1, and WRP
for both homogenous and heterogeneous networks.
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Generally, most protocols behave inefficiently and
unexpectedly in heterogeneous networks. One of the problems
that cause misbehaving is unidirectional link. Some protocols
support only bidirectional link between two similar nodes.
Unidirectional link problem is shown in Fig 7, where node B
has higher transmission range than node A. Therefore
B includes A in its transmission range while A does not
include B. Consequently, the link between B and A is
unidirectional from B to A only. However, AODV assumes all
links between two nodes are bidirectional which gives incorrect
routing information. Therefore, this incorrect information
creates large delay and packet loss in heterogeneous
networking.
However, in heterogeneous networking, there are nodes
which have high transmission range to connect to large number
of nodes. Therefore, the number of neighbor nodes increases.
Hence, as network size increases, powerful nodes will consume
more memory and bandwidth in storing neighbor tables and
updating routing information. Therefore, proactive protocols
might experience higher percentage of packet losing and lower
PDR.

(c): Packet Loss Percentage of FSR for 50, and 100 homogenous and
heterogeneous nodes.

(d): Packet Loss Percentage of LAR1 for 50, 100, and 200 homogenous and
heterogeneous nodes.

(a): Packet Loss Percentage of AODV for 50, 100, and 200 homogenous and
heterogeneous nodes.

(e): Packet Loss Percentage of WRP for 50 homogenous and heterogeneous
nodes.
Figure.5. (a-e): Packet Loss Percentage of AODV, DSR, FSR, LAR1, and
WRP for both homogenous and heterogeneous networks.
(b): Packet Loss Percentage of DSR for 50, 100, and 200 homogenous and
heterogeneous nodes.
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(a): Control Overhead of AODV for 50, 100, and 200 homogenous and
heterogeneous nodes.

(d): Control Overhead of LAR1 for 50, 100, and 200 homogenous and
heterogeneous nodes.

(b): Control Overhead of DSR for 50, 100, and 200 homogenous and
heterogeneous nodes.

(e): Control Overhead of WRP for 50 homogenous and heterogeneous nodes.

B
A

Figure.7: Unidirectional Link Problem in Heterogeneous MANET.

VI.

(c): Control Overhead of FSR for 50, and 100 homogenous and heterogeneous
nodes.
Figure.6. (a-e): Control Overhead AODV, DSR, FSR, LAR1, and WRP for
both homogenous and heterogeneous networks.

CONCLUSION

In Mobile Ad hoc Network (MANET), mobility, traffic and
node density are main network conditions that significantly
affect the performance of the network. This issue has been
reviewed in this paper. In addition, most of current routing
protocols assume homogeneous network conditions where all
nodes have the same capabilities and resources. Although
homogenous networks are easy to model and analysis, they
exhibits poor scalability compared to heterogeneous networks,
which consist of different nodes with different resources. In
this paper, different simulations have been carried out to
compare the performance of different routing protocols in

- 152 -

homogenous and heterogeneous networks. All simulated
protocols misbehave in heterogeneous networks. They also
suffer from high delays and achieve very low PDR. Current
MANET routing protocols have unidirectional link problem
and do not scale well if node density is increasing. This shows
that the current routing protocols for MANET are inadaptable
for heterogeneous networking. More works needs to be carried
out to investigate the problems that rise with routing protocols
in heterogeneous networking. In addition, most publications of
routing issues in heterogeneous MANET proposed to assign
most routing loads to powerful nodes. However, those nodes
may create critical problems if they go off-line. Hence, there
should be alternative strategies to recover any fault on powerful
nodes.
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Time-Frequency Effects in Microwave and
Radio Frequency Electronics
Michael B. Steer , Gregory Mazzaro, Jonathan R. Wilkerson and Kevin G. Gard
North Carolina State University, Department of Electrical and Computer Engineering, Raleigh, NC 27695-7914 U.S.A,
Abstract— Co-site interference has been a vexing problem in
communications since the origins of radio. The problem occurs
when a radio operating at one frequency is jammed by a radio
or set of radios operating at other frequencies or time slots. It is
well understood that nonlinear mixing can result in the
generation of spurious interfering signals but this has not been
sufficient to describe all cases of interference. This paper
examines long-tail effects as sources of communication system
interference. One effect derives from passive intermodulation
distortion resulting from electro-thermal effects. A second
source of interference derives from long-tail responses of
narrowband components.
Both effects are described by
fractional calculus and circuits having such responses can not be
modeled adequately. It is for this reason that long-tail effects
have not been suspects as a source of co-site interference.

I. INTRODUCTION
Interesting phenomenology has been discovered recently
which, it is believed, will lead to improved understanding of
co-site interference and of the response of radio frequency
hardware to time-limited radio frequency (RF) signals in
general.
Traditionally linear and nonlinear RF and
microwave design and development have used steady-state
conceptualizations, models and simulations.
RF and
microwave laboratories have also been oriented towards
steady-state measurements, both linear and nonlinear. Nearly
all specifications for RF systems are in terms of their
frequency-domain characteristics which has driven both
design and characterization technology. An example of the
impact of frequency-domain based specification is the use of
spectral regrowth measures with communication systems.
Spectral regrowth is a measure that captures the amount of
power in a communication channel that bleeds into adjacent
channels because of nonlinear distortion. This paper explores
time-frequency effects that result from pulsed RF and the
interactions of multiple physics.
Time-domain measurements at RF and microwave
frequencies have, until recently, relied on sampling
oscilloscope-like instruments which in effect capture steadystate waveforms. In the last few years real-time scopes have
become available so that the state of the art is 8-bit resolution,
40 megasamples per second, and with analog bandwidth up to
13 GHz. The 8-bit resolution is quite low but has enabled
researchers to look at pulsed RF effects. In the past few years
our laboratory has focused on developing understanding of
the interaction of RF electronics with pulsed RF signals. The
work has involved building high power RF hardware and
consequently investigations of the fundamentals involved in
designing high-power systems to have low levels of
interference. We uncovered what first appeared to

unexplained phenomena which have pointed to fundamental
understanding of how pulsed signals interact with electronics.
II. ELECTRO-THERMAL RESPONSE
Recently electro-thermal effects have been identified as
sources of nonlinear interference [1] resulting from the
dynamics linking two different physical domains: the
electrical world of circuits, and the temperature/flux relations
in thermal physics. The inter-relationship is illustrated in
Figure 1. Figure 1 is a plot of the voltage across a platinum
resistor excited by a step current. The platinum resistor has a
resistance that is proportional to temperature. Physically
what is happening is that the resistor dissipates power, and
there is a heat flux which is the square of the voltage divided
by the resistance. The heat flux then results in a temperature
rise which in turn increases the resistance of the platinum
resistor. Consequently in the electrical domain the describing
differential equation for voltage has a half-derivative and thus
description of the circuit requires fractional calculus [2–5].
The thermo-resistance effect, and models the specific
resistivity ( Ω m) of a material as a function of temperature:
ρ (T ) = ρo (1 + α T + β T 2 + ...) .
(1)

Figure 1. Time response of the voltage across a resistor
driven by a current step.
The thermo-resistance effect, or TCR equation, couples the
thermal system to the electrical domain. Coupling from the
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electrical to the thermal domain results from the heat
generated by dissipated electrical power, which arises in the
material as the electromagnetic field causes increased
collisions with the metal lattice. In a resistive element this is
termed self heating or joule heating. The generated heat per
unit volume ( W /m -3 ) from self heating is defined as
Q = J 2ρ ,

(2)

where J is the current density vector in A/ m -2 . The heat
produced directly drives the heat conduction equation which
is given by
⎛ ∇T ⎞
δT
∇⋅⎜
= Q.
⎟ - ρ cv
δt
⎝ Rth ⎠

(3)

The thermal resistance and capacity must also be known to
determine temperature from generated heat for accurate
calculation of voltage and current. Thermal resistance
( K ° / W ) is defined as the temperature increase per watt
according to the equation,
Rth =

ΔT ΔT
= 2 .
P
I R

III. FILTER RESPONSE TO PULSED RF
The electro-thermal situation above is an example how
fractional calculus may be necessary to describe multiphysics
phenomena. Similar phenomenology has also been seen with
RF filters, more sophisticated electro-thermal effects, flicker
noise, and passive intermodulation.
It is becoming
increasingly clear that fractional calculus and the solution of
systems described by fractional calculus is key to the
understanding of the response of systems excited by RF
pulses as in nearly all modern communications systems.

(5)

Here Q is heat and S is the entropy of the system.
The forcing function, in this case joule heating, can be
substituted into the heat conduction equation in terms of
corresponding electrical parameters to yield
⎛ ∇T ⎞
δT
∇ ⋅⎜
= J 2 ρ 0 (1 + α T + β T 2 + ...) .
⎟ - ρ cv
δt
⎝ Rth ⎠

The electro-thermal serves to demonstrate that fractional
calculus is essential to understanding RF circuits operating at
high power.
Considering the heating of the resistor by
pulsed RF will result in signals that will have rich spectra
when the spectrum is evaluated over a realistic time window.
Thus nonlinear intermodulation products that interfere with
radios operating in adjacent channels will be generated

(4)

Although steady-state temperature can be calculated using
the power dissipated in the device and its thermal resistance,
the instantaneous temperature can not be calculated using
these parameters. The finite time needed to transfer heat is
captured by the thermal capacity, the combination of the
ability of the material to store heat by raising its temperature
and to conduct heat to its surrounding environment at a given
rate. The thermal capacity can be expressed as
⎛ δQ ⎞
⎛ ∂S ⎞
Cv = ⎜ ⎟ = T ⎜ ⎟ .
dT
⎝ ⎠v
⎝ ∂T ⎠v

changes drastically when two or more signals are applied to
the device.
In the simplest case, a two-tone input of equal amplitude
can be applied to the system, resulting in a time varying
signal envelope. The instantaneous power of this signal varies
sinusoidally at the beat frequency of the two tone input to the
device. If the beat frequency is within the bandwidth of the
low pass filter created by the thermal resistance and capacity,
periodic heating and cooling of the element will occur at
baseband frequencies. The heating and cooling of the
resistive element will periodically alter the resistance of the
element, creating a passive mixer capable of facilitating
intermodulation distortion generation by mixing the envelope
frequencies at baseband back up to microwave frequencies.

(6)

By inspection, it is evident this is a nonlinear system, even if
only a linear dependence on temperature is considered. In
practice, the first order coefficient of the TCR equation is
several orders of magnitude larger than any higher order
coefficient in most metals, leading to its dominance in the
distortion spectrum of a resistive device.
Joule heating will result from any input signal to a RF
system, including time harmonic signals, which directly
drives the heat conduction equation. When a single carrier is
applied to a resistive element, the electro-thermal processes
responsible for modulating the device resistance will average
out to provide a stable resistance because the thermal capacity
cannot react quickly enough to the high frequency signal to
significantly heat or cool the resistive material. The situation

The next stage in the investigation was investigating the
response of RF filters to pulsed RF signals. An example of a
time-frequency characteristic is shown in Figure 2. Figure
2(a) shows a switched RF tone applied to the input of an RF
bandpass filter and Figure 2(c) shows the response with the
same response simulated and measured. Analysis of the
response, in Figure 2(d) shows apparent nonlinear distortion
behavior from a system which is most definitely linear. What
is happening can be described with the aid of Figure 2(b).
The top of Figure 2(b) shows the transmission response of the
filter and the bottom shows the group delay response. The
frequency of the first part of the excitation signal is at 988
MHz, the frequency of the first dot. The second part of the
excitation signal is at 988 MHz, the second dot. The initial
concept was to exploit the different in group delay to combine
the signals at the output of the filter. However the response
does not correspond with this and we know that the group
delay is a steady-state quantity and it cannot adequately
describe what is happening with pulsed signals. The best way
of thinking about this is to consider that the filter (in this
case) is made up of three resonators and RF energy must pass
from first the resonator at the input, to the intermediate
resonator to the output resonator. Until steady-state is
reached energy passes back forth among the resonators and
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takes a very long time to reach steady-state. This is another
long-tail phenomenon resulting from an entirely different
source from that of the lector-thermal effect described in the
previous section.
While we were able to simulate this filter in a circuit
simulator (using of course integer calculus) it took a very
long time. A behavioral model (say for MATLAB) would
require a fractional calculus solution to capture the response
efficiently. Similar behavior can be seen on antennas, for
example, indicating the co-site interference cannot be
eliminated unless long-tail phenomena is taken into account.
Throughout RF engineering similar effects can be observed.
The same diffusive phenomenology described above occurs
with antennas (impacting co-site interference), transmission
lines (carriers bouncing back-and-forth), and audio signals
when illuminating a hollow object. It is apparent that these
effects can be described by fractional calculus. Fractional
calculus effects (in which the Laplacian variable, s, is not
raised to an integer power) can be expected whenever
diffusion occurs. Integer calculus has been central to
electrical and audio engineering. We believe that the
phenomenology requires fundamental re-thinking of electrical
engineering at the extremes (high-power, co-site interference,
and remote detection). It is not possible currently to simulate
these effects adequately and experiments will guide the
development of understanding, of mathematical models, and
of exploitation of the phenomena in remote characterization.
The generation of intermodulation products is an artifact of
windowed Fourier analysis of the time-windowed response
but in any case the short term response is real and the
generation of spectral regrowth is also real. The finite time for
filters to respond should be accounted for in communication
systems as it can result in inter-symbol interference in
systems that use RF pulses as with most TDMA cellular
systems and frequency hoping systems.

(a) .

(b)

(c)

Another way of viewing this phenomenology is that the
reduced order response of a linear system comprising coupled
first-order differential equations is a fractional derivative.
IV. CO-SITE INTERFERENCE
Many radio operating in ad-hoc environments use frequency
hoping techniques. This section presents preliminary results
relating to interference of radios in a fast frequency hoping
communication system. A frequency hoping system using the
20 MHz unregulated band at 900 MHz is being considered.
The input RF filter has a bandwidth of 36 MHz. Figure 3
shows two pulsed RF sequences representing the signal
captured by a receiver from two transmitters using two
adjacent time slots but the same frequency channel. The
signal received from the first transmitter at a higher level than
that received by the second transmitter and exaggerates the
effect of the long-tail response of the input RF filter.
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(d).
Figure 2. Response of a radio frequency filter: (a)
bandpass filter with applied two-tone signal; (b) top is
the transmission response and bottom is the group delay
response; (c) the waveform measured at the output of
the filter with 1,000 RF waveforms per microsecond so
that only the envelope is shown; and (d) the timevarying spectra of (c) showing apparent nonlinear
distortion components.

In Figure 3 the pulse of the first user starts at 0.1 μs and is
turned off at 0.6 μs. The second user starts at 0.7 μs and is
turned off at 1.2 μs. The guard band is 0.1 μs. The
interference problem occurs as energy from the RF filter
retains extended memory of the first user, the long-tail effect.
The impact can be seen more closely by examining Figure 4
which is an expanded view of eth RF filter response of the
first user showing considerable energy in the second time
slot. This energy is comparable to the energy that is received
from User 2 so that the SINAD (ratio of signal to
interference, noise and distortion) for User 2 is 0 dB although
User#1 is only 24 dB higher than User 1 and there is
apparently ample guard-banding.
V. CONCLUSION
This paper reported the impact of long-tail effects on radio
frequency communication hardware.
The effect is
pronounced and preliminary results indicate that it is a
significant cause of co-site interference but clearly not the
only cause. The work described here stresses the importance
of using time-frequency characterizations in designing and
experimentally characterizing microwave systems.
The
effects will not be seen using linear and nonlinear circuit
analysis techniques that use steady-state methods such as the
harmonic balance technique or shooting methods in Spicelike circuit simulations. One of the difficulties in using timedomain simulations is the difficulty of handling high Q,
narrow bandwidth filters.
Even with such capability,
simulations of very long time duration and high dynamic
range would be required to see the effect. Reduced order
modeling of circuits having external long-tail responses
requires simulation using fractional calculus. Currently there
is not a viable technique for performing such simulations.

Figure 3. Received signal from two users operating
in the same frequency hopping channels but adjacent
time slices.
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Figure 4. Close in detail of the residual long-tail
response of the filter to the first user showing
considerable power in time slot number 2.
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Abstract— We present signal processing building blocks for trilevel bit-stream signal processing (BSSP). These architectures
are the 2-bit extensions from the existing 1-bit BSSP circuit
modules. It is shown that the 2-bit designs offer better
performance
than
their
1-bit
counterparts.
FPGA
implementation results of both 1-bit and 2-bit designs are
compared in terms of their hardware complexity. Finally, a
digital phase locked loop (DPLL) and a quadrature phase-shift
keying (QPSK) demodulator are presented as application
examples of the proposed circuits.

I.

INTRODUCTION

Sigma-delta modulators (SDMs) are widely used for
building analog-to-digital (A/D) and digital-to-analog (D/A)
converters because of their simple circuitry and good tolerance
against analog component accuracy [1]. Conventional digital
signal processors (DSPs) operate at the Nyquist rate, and
require the use of decimators and interpolators to interface to
the over-sampled SDMs. With the development of bit-stream
signal processing (BSSP) techniques [2-7], over-sampled bitstream signals from the SDM output are processed directly,
thereby eliminating the need for intermediate stages of
decimators and interpolators. This leads to reduced hardware
and circuit complexity. For example, a 40% reduction in logic
gate count against multi-bit design is reported in a quadrature
phase-shift keying (QPSK) demodulator design in [3].

utility of the proposed tri-level BSSP circuit modules, a digital
phase locked loop (DPLL) and a QPSK demodulator are
realized and contrasted against the binary counterparts in
terms of performance and circuit complexity.
II.

TRI-LEVEL BIT-STREAM ARITHMETIC CIRCUTIS

We briefly review the tri-level bit-stream adder and
multiplier. Details can be found in [8]. The output of the trilevel SDM is represented using 2’s complement encoding, i.e.,
−1 → 11, 0 → 00,1 → 01 .
A.

Bit-Stream Adder
Fig. 1 shows the bit-stream adder. The circuit is described
by the following z-domain equation
−1

Z (z) =

X ( z ) + Y ( z ) − (1 − z ) LSB ( z )
2

.

(1)

To perform bit-stream subtraction, the subtractend is
negated. The following logic equations can be shown to
perform negation:

z0 = x0 ,
z1 = x1 x0 .

(2)

Conventional BSSP circuits are targeted for 1-bit, 1storder SDMs [2-6]. To improve the signal-to-noise
performance, tri-level BSSP is investigated and two
fundamental arithmetic circuits, namely, a tri-level bit-stream
adder and multiplier are proposed in [8]. Based on the bitstream adder and multiplier, other circuit modules in [2-4] can
be extended to their ternary counterparts. More complex trilevel BSSP circuits and systems can be readily developed
using these tri-level circuit modules as building blocks.
This paper presents the architectures of several tri-level
BSSP circuit modules originating from the 1-bit designs in [2].
FPGA implementation results on circuit complexity and
signal-to-noise performance are contrasted against
conventional 1-bit realizations. Finally, to demonstrate the
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Figure 1. Tri-level bit-stream adder [8].

The average signal-to-noise-and-distortion ratio (SNDR)
of the tri-level bit-stream adder is 9.0 dB higher than that of
the bi-level adder.

B. Bit-Stream Multiplier
A tri-level bit-stream multiplier is depicted in Fig. 2. The
circuit performs the multiplication of two bit-stream signals,
x[ n ] and y[ n ] through the following operation:

z[ n ] =

1
2

L

n

∑

x [i ] y [ j ] ,

(3)

i , j = n − L +1

where L is the time interval. The SNDR of the tri-level bitstream multiplier has an average performance gain of 7.8 dB
over the conventional bi-level design.

Figure 3. Digital sigma-delta modulator (DSDM).

⎧ −1, u < −α
⎪
q( u ) = ⎨ 0, −α ≤ u ≤ α ,
⎪⎩ 1, u > α

(4)

where α is the threshold. As explained in [8], the threshold is
set to 0.25. This setup also simplifies the quantizer design. To
demonstrate this, assume that K is set to 256, i.e., the bitlength of the input is 9 and that of the accumulator is 10. Then
α is 64 and only the upper 4 bits are required to implement
the quantizer as shown in Table I. Thus only two 4-input lookup tables (LUTs) are required in the FPGA implementation. If
K is not a power of two, α can still be set as a power of two
that is close to 0.25 K because the effect of α to the signalto-noise performance is not significant as discussed in [8].
TABLE I.

QUANTIZER DESIGN

u10u9u8u7
0001 … 0111
0000, 1111
1000 … 1110
Figure 2.

q(u)
01
00
11

Tri-level bit-stream multiplier for L = 4 [8].

III. TRI-LEVEL BSSP CIRCUIT MODULES
In [2], five sigma-delta based circuit modules, namely,
digital sigma-delta modulator (DSDM), bit-stream lowpass
filter (LPF), bit-stream numerically controlled oscillator
(NCO), bit-stream divider and bits-stream square root circuit
(SQRT) are presented. The 2-bit extensions of these circuits
are now explained. As the hardware complexity depends on
the particular application, the FPGA implementation results on
the resource utilization of both the propose tri-level
architectures and the bi-level ones are presented in Section IVB, in which a QPSK demodulator is implemented.

A. Digital Sigma-Delta Modulator (DSDM)
A DSDM is shown in Fig. 3. It converts the multi-bit input
into tri-level bit-stream output. The feedback gain K defines
the dynamic range of the multi-bit input, x[ n ] , which should
be limited in the range [ − K , K ] in order that the modulator
works properly. The quantizer function q ( u ) has the
following characteristic:

B. Bit-Stream Lowpass Filter (LPF)
A first-order bit-stream LPF [7] is depicted in Fig. 4. Let
E ( z ) denotes the z-transform of the SDM noise, in the zdomain, it can be shown that the output Y ( z ) and the state
W ( z ) (resp. the z-transforms of y[ n ] and w[ n ] ) are
described by the following equations [2]:

W ( z)

a

=

1 − (1 −

a
Y ( z)
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=

K

X ( z) +

b
K

)z

−1

z −1

1 − (1 −

b
K

X ( z) +
)z

−1

−b
E( z) .
b −1
1 − (1 − ) z
K

1− z
1 − (1 −

(5)

−1

b
K

E( z) .
)z

−1

(6)

0
-10
Input = -1
Input = 0
Input = 1

-20

Power (dB)

-30

Figure 4. Bit-stream lowpass filter (LPF).

To demonstrate the performance gain of the tri-level bitstream LPF over the bi-level counterpart, simulation of both
tri-level and bi-level filters is carried out using the following
parameters: a = b = 6 , K = 512 . The SNDR of the tri-level
design is 62.5 dB while that of the bi-level LPF is 53.6 dB.
The SNDR is determined by the ratio of the output power of a
sinusoid, at a normalized frequency of 0.00189 (close to the
cut-off frequency of the filter) and with a unity amplitude, to
the total noise power in the frequency band of interest. The
over-sampling ratio (OSR) is 128.
C. Bit-Stream Numerically Controlled Oscillator (NCO)
Fig. 5 shows a sigma-delta based oscillator. Compared
with the original structure in [2], the proposed oscillator
consists of two tri-level DSDMs with feedback gain K , two
up/hold/down counters with upper and lower limits ± A ,
1 A < K and circuit for the negation operation in (2). The
up/hold/down counter increments, holds or decrements its
count value when the tri-level input is 1, 0 or -1, respectively.
The outputs of the oscillator ( Qc [ n ] and Qs [ n ] ) are two
sigma-delta modulated sinusoids that are 1 /(2π K ) in
frequency, with a phase difference of π / 2 between them.
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Figure 6. Power spectral densities of the bit-stream NCO.

To verify the operation of the NCO, Fig. 6 shows the
power spectral density (PSD) plots of the output Qc [ n ] at three
particular control inputs over the frequency band of interest.
The simulation is carried out using the following parameters:
A = 75 , K 0 = 79 , ∆K = 4 , OSR = 128. Using the same set
of parameters, a tri-level bit-stream NCO and a bi-level
counterpart are simulated to compare the signal-to-noise
performance. The control input is set at 0. The SNDR of the
tri-level NCO is 48.2 dB while that of the bi-level design is
42.2 dB.
D. Bit-Stream Divider
The block diagram of a bit-stream divider is shown in Fig.
7. The circuit implements the following nonlinear difference
equation [2]:

z[ n + 1] = z[ n] + ( x[ n] − y[ n] z[ n ]) /(2 K ) ,

(8)

where x[ n ] and y[ n ] are the inputs, z[n ] is the output and
K is the feedback gain of the DSDM. Let x denotes the
average value of x[ n ] . Similar to the original binary design,
Figure 5. Sigma-delta based oscillator.
the average output z of the tri-level bit-stream divider
converges to x / y . This is confirmed in the input/output
The frequency of the oscillator is controlled by the
characteristics
plot depicted in Fig. 8. In the simulation, x is
feedback gain K . If the gain K is changed by ∆K from the
fixed at 0.037. A comparison of the average outputs from the
center value K 0 by a tri-level bit-stream control signal c[ n ] , tri-level design to that of the bi-level divider and the exact
the oscillator becomes an NCO. The oscillation phase θ [ n ] is values is also shown in the same figure. It can be seen that
both the tri-level and bi-level dividers converge closely to the
[2]:
exact value. Fig. 9 compares their output errors, where the
output error is defined as the ratio of the difference of the
exact value and the simulated output over the exact value.
n
∆K n
θ [n ] =
(7) This verifies that the tri-level bi-stream divider achieves better
+ 2 ∑ c[ i ] .
K 0 K 0 i =0
performance than the bi-level counterpart.
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The input/output characteristics plots for the tri-level and bilevel designs are depicted in Fig. 11. Also shown in the figure
is the exact value plot. Fig. 12 compares their output errors.
Again, it can be seen that the tri-level SQRT achieves better
performance than the bi-level SQRT.

Figure 7. Bit-stream divider.
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Figure 10. Bit-stream squart root circuit.
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E. Bits-Stream Square Root Circuit (SQRT)
The architecture of the tri-level SQRT is shown in Fig. 10.
The circuit implements the following difference equation [2]:

(

z[ n + 1] = z[ n] + x[ n] − z[ n]

2

) /(2 K ) ,

(9)

where x[ n ] is the input, z[n ] is the output and K is the
feedback gain of the DSDM. The average output z of the trilevel bit-stream divider converges to the square root of x .
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Figure 12. Output error plots of the tri-level and bi-level bit-stream dividers.

IV.

APPLICATION EXAMPLES

In this section, two application examples, namely, a DPLL
and a QPSK demodulator are described and the FPGA
implementation results of the bi-level and tri-level designs are
presented for comparison. The circuits are implemented with
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the Xilinx Virtex-5 XC5VLX30 FPGA using the design tool
ISE WebPACK 9.1i.

B. QPSK Demodulator
The QPSK demodulator in [2] has been implemented
using the proposed tri-level signal processing building blocks.
A. DPLL
The QPSK demodulator consists of the synchronization part
A Type-1 DPLL [9] has been implemented with its block shown in Fig. 14 and the phase detection part depicted in Fig.
diagram shown in Fig. 13. The DPLL has a structure similar to 15. The synchronization circuit implements the generalized
the one presented in [4]. The input signal is assumed to be a Costas loop [10] and the phase detection part normalizes the
complex sinusoid of the form
output magnitude. The specification of this particular
implementation for both the bi-level and tri-level designs is
shown in Tables III & IV. Constellation plots of the output
i[ n ] = ic [n ] + j ⋅ is [ n ] .
(10) signals of the two designs are shown in Fig. 16. It can be seen
that the tri-level design achieves more well-defined
constellation which leads to a better performance. The FPGA
The output of the bit-stream NCO is given by
implementation results of the bi-level and tri-level QPSK
demodulators are shown in Table V. For a comparison on the
q[ n ] = qc [ n ] + j ⋅ qs [ n ] .
(11) hardware complexity of the tri-level and bi-level BSSP circuit
modules, Table VI shows the FPGA resource utilization of
The phase detector is realized by two bit-stream multipliers individual component in this particular QPSK demodulator
and a bit-stream subtractor, and performs the following realization.
operation:
z[ n ] = Im( i[ n ] ⋅ q[ n ]*) ,

TABLE III.

(12)

SPECIFICATION OF THE QPSK DEMODULATOR

Item

Specification
Sigma-delta modulated sinusodial wave
with a normalized frequency of 0.002
5000
A = 75 , K 0 = 79 , ∆K = 4

Input carrier
*

where Im( x ) denotes the imaginary part of x , and x
denotes the conjugate of x . In this particular implementation,

Phase shift interval
NCO parameter

the normalized input frequency is 1/512. A , K 0 and ∆K are
set to 80, 82 and 5, respectively. The OSR is 128. Simulations
confirm that both bi-level and tri-level systems can
synchronize to the input signal at steady state. The SNDRs of
the bi-level and tri-level DPLL outputs are 35.5dB and
46.7dB, respectively. Table II shows the FPGA
implementation results of the bi-level and tri-level DPLL
designs. Comparison results with a multi-bit implementation
can be found in [8].
TABLE II.

TABLE IV.

No. of LUTs
No. of FFs

Bi-level
122
79

Bi-level

Bit-stream
LPF
(C)
(S)
(L)
(R)
(X)
(Y)

Tri-level
208
91

Tri-level

Cut-off frequency

Gain

1.87x10-3
1.87x10-3
1.87x10-3
1.87x10-3
3.11x10-4
3.11x10-4

TABLE V.

IMPLEMENTATION RESULTS OF BI-LEVEL AND TRI-LEVEL
DPLL DESIGNS

SPECIFICATION OF THE BIT-STREAM LPFS

1.67
1.67
4
3
1
1

Cut-off frequency

1.87x10-3
1.87x10-3
1.87x10-3
1.87x10-3
3.11x10-4
3.11x10-4

Gain

1.33
1.33
16
3
1
1

IMPLEMENTATION RESULTS OF BI-LEVEL AND TRI-LEVEL
QPSK DEMODULATOR DESIGNS
Bi-level
539
380

No. of LUTs
No. of FFs

Tri-level
813
419

TABLE VI.
IMPLEMENTATION RESULTS OF BI-LEVEL AND TRI-LEVEL
BSSP CIRCUIT MODULES FOR THE QPSK DEMODULATOR
Bi-level

Component

No. of FFs

DSDM
LPF
NCO
Divider
SQRT

11
21
36
41
38

11
31
61
53
48

V.

Figure 13. Type-1 DPLL.

No. of LUTs

Tri-level
No. of FFs

11
21
36
47
41

No. of LUTs

13
33
86
86
73

CONCLUSION

In this paper, we have presented various tri-level BSSP
circuit modules which are the 2-bit extensions of the
conventional 1-bit designs. In general, the tri-level
implementations achieve better signal-to-noise performance
than their bi-level counterparts at the expense of higher circuit
complexity. To demonstrate the application of the proposed
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tri-level BSSP building blocks, a DPLL and a QPSK
demodulator have been implemented in FPGA and the
hardware complexity of the tri-level designs has been
contrasted with the conventional bi-level architectures.
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Abstract— In order to migrate toward 4G, studies on 3G
LTE(Long Term Evolution) have been announced recently in the
3GPP(3rd Generation Partnership Project) and standardization
is under way. Therefore, 3G LTE(Long Term Evolution) systems
have been designed and developed over many countries. We also
have been developing a 3G LTE testbed system at ETRI. 3G LTE
system is adopting OFDM (Orthogonal Frequency Division
Multiplexing) method, especially 2x2 MIMO (Multiple Input
Multiple Output) OFDM and convolutional and turbo encoder
for control channels and data channels respectively. In this paper,
we describe the structure and implementation method of control
channels and data channels of the UE decoder which is being
developed at ETRI.
Keywords-3G LTE; MIMO OFDM; Decoder;

I.

INTRODUCTION

While current wireless systems can support majority of the
emerging broadband services during the next several years, the
need for a fundamentally new and efficient systems has been
recognized. This has made several activities in standardization
forums in recent years, like the work within 3G LTE study
group. Wireless communication systems are evolving toward
providing higher quality and higher speed multi-media services.
In 3GPP, 3G LTE plan was established to overcome technical
limits of 3rd generation mobile communication system in late
2004 and have a plan to finish writing Technical Report by
June, 2006 and now standardization is under way to finish
Technical Standard by June, 2007. MIMO(Multiple Input
Multiple output) concept has been recognized as the key new
technology to achieve required bandwidth efficiencies in 3G
LTE and OFDM(orthogonal frequency division multiplexing)
technique is the main physical layer design element for 3GLTE downlink transmission scheme combined with either
FDM (frequency division multiplexing) or TDM(time division
multiplexing) as a multiple access method for the downlink
shared data traffic channels.
In the field of wireless mobile communications, many
companies and institutes are designing and developing 3G LTE
systems over many countries and ETRI is one of them.
This paper is organized as follows. In the next section, we
briefly introduce the 3G LTE testbed system which is being
developed at ETRI, especially focused in the transport channel
and control channel and data channel of UE decoder. In section

3, we introduce the structure and design method of UE decoder.
In section 4, we analyzed the implementation result and
computer simulation results of the viterbi decoder and the turbo
decoder algorithm which are applied to this design. Finally, a
summary of this article is given.

II.

3G LTE TESTBED SYSTEM

We are currently developing core technologies for a 3G
LTE mobile communication system with high speed packet
data transmission rates to take initiative on standardization and
development of the 3G LTE testbed system. With related to
these activities on standardization, ETRI is now developing the
3G LTE testbed. ETRI version of 3G LTE system is
satisfactory to the specification of 3GPP.
Transport channels are composed of following 5 channels.
PBCH(Primary Broadcast Channel) transmits information of
system and timing of cell. DBCH(Dynamic Broadcast
Channel) is used to broadcast variable SIB(System Information
Block), its transport format is included in the control channel.
PCH(Paging Channel) transmits Paging information. DLSCH(Downlink Shared Channel) transmits some logical
channels such as DCCH(Dedicated Control Channel) and
DTCH(Dedicated Traffic Channel) and information of ULSCH for random access is mapped to DL-SCH.
MCH(Multicast Channel) transmits the p-to-m type signals for
Multicast/Broadcast and logical channels of MTCH(Multicast
Traffic Channel) for MBMS traffic and MCCH(Multicast
Control Channel) for control information of MTCH are
mapped to MCH.
L1/L2 Control information contains several types following
information including downlink common control information,
power control and feedback information for H-ARQ, etc.
Downlink Common Control Information(DL-CCI) means
the information of resource allocation mode for DL-SCH,
which contains the number of resource block, MIB(Master
Information Block) change state.
Downlink Control Information(DL-CI) for PDSCH
includes AMC, H-ARQ information, ACK/NACK channel
information. This information is generated by BCCH RNTI in
case of DBCH, by PAGING RNTI in case of PCH, by RARNTI in case of DL-SCH using Message-2 of Random Access
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Procedure, by Temporary C-RNTI in case of DL-SCH using
Message-4 of Random Access Procedure, by C-RNTI in case
of other DL-SCH cases and transmitted by PDCCH(Physical
Downlink Control Channel). DL-CI has two types of transport
format(TF0, TF1), TF0 can have TYPE-1 and TF1 can have
TYPE-1, TYPE-2.
Uplink Control Information(UL-CI) for PUSCH is control
information of response for uplink data channel request,
includes resource allocation, AMC, H-ARQ information. This
is generated by using RA-RNTI in case of UL-SCH (Message3) and by using C-RNTI in case of other DL-SCH cases and is
transmitted by PDCCH. UL-CI can have one type of transport
format(TF0 TYPE-0).

Function of the Turbo Encoder is described in fig.2 .
Transfer function of this encoding is

⎡ g1 ( D ) ⎤
2
3
⎥ , where g0(D) = 1 + D + D and g1 (D)
g
(
D
)
⎣ 0 ⎦

G(D)= ⎢1,
= 1 + D + D3.

Encoded signals output with the order x1, z1, z'1, x2, z2, z'2, ...,
xK, zK, z'K . Whereas, in case of Trellis termination, next order
is applied. xK+1, zK+1, xK+2, zK+2, xK+3, zK+3, x'K+1, z'K+1, x'K+2, z'K+2,
x'K+3, z'K+3

ACK/NACK Information for UL-SCH is defined to each
UE, and is transmitted by PFBCH. One subframe can use upto
NFBmax (= 50 for 10MHz BW, 100 for 20MHz BW).
Transmit Power Control Information for Uplink is defined
to each UE, and is transmitted by PTPCH. One subframe can
use upto NTPCmax (= 16 for 10MHz BW, 32 for 20MHz BW).
Figure 3. Turbo encoder with rate=1/3 and state=8 (dotted line only for
trellis termination)

Mapping to physical channels and physical signals are as
follows.

Hybrid ARQ(Automatic Repeat ReQuest) algorithm is
performed with 8 channels. Chase combining method and
various types of IR(Incremental Redundancy) techniques are
applied. Figure below shows the algorithm of Hybrid ARQ rate
matching operation.

Figure 1. Mapping to physical channels and physical signals
Figure 4. H-ARQ rate matching functionality

III.

In downlink, De-Rate Matching Algorithms for PDSCH0 &
PDSCH1 are constructed with two stages. First stage is
dependent of IR buffer size and second stage rate matching is
relevant to the physical block size.

3G LTE UE DECODER

Following figure means the decoding procedure of each
control channel and data channels.

Figure 2. Multiplexing and coding mechanism

Convolutional code with code rate = 1/3 has following
polynomials
G0 = 557 (octal),

G0 = 663 (octal), G0 = 711 (octal)
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Figure 5. Procedure of UE Decoder

end if

ECDU_CCI_DECODER operates decoding procedure by
the reverse order of PCICH encoding. Input signals can have
two size of data according to the transmission bandwidth.
20MHz bandwidth has 288 LLR input, whereas 10MHz
transmission case has 200 LLR input data. DL-CCI can
basically have four types of fixed period(1, 2, 5, 10ms).
ECDU_CI_DECODER decodes maximum 32(or 16)
PDCCH units from EDMU. In this decoded data, transport
channel ID, control type, resource block assign information,
assign duration, modulation order, transport block size,
RV(redundancy version) parameters, new data indicator, ACK,
H-ARQ ID information are contained.

Turbo decoder implemented in this system is using
consecutive 3 memory convolutional encoders, MAP decoder
is applied to each convlutional encoder. Fig.xx shows the
structure of turbo decoder, 2 MAP decoder decodes each
convolutional encoder. Turbo decoding starts from MAP
decoder 1 and ouputs the result to MAP decoder 2. MAP
decoder 2 operates MAP decoding with the information of
channel and MAP decoder 1. Repeatedly, output of MAP
decoder 2 is input to MAP decoder 1. As there are an
interleaver and a deinterleaver before and after MAP decoder
of 2nd consitituent code, each output of MAP decoder should be
the LLR of systematic bit of the same position.

Deinterleaving is performed by the PDCCH unit, columnby-column to 25x6 size, next is inter-column permutation. Next
stage is identity de-masking, which uses encoded 72 data
allocated 16 bit RNTI. With this sequence, de-masking
algorithm is done. Afterthat, de-rate matching is performed by
the 150 LLR PDCCH unit. PDCCH is detected by blind
detection with the successive two PDCCH units. Detected
types are as follows.
TF0 with first PDCCH unit, TF0 with second PDCCH unit,
TF0 with first and second PDCCH units, TF1 with first and
second PDCCH units
ECDU_FB_DECODER receives maximum 32 PFBCH
LLR from demodulator and accumulates the received data.

Figure 6. Conceptual block diagram of Turbo decoder

CRC uses 24 CRC parity as

ECDU_TPC_DECODER detects TPC 3bits by sequence
mapping after receiving 12 PTPCH LLR from demodulator. In
the TPC information, MSB 1bit is repeated 6 times, next MSB
1bit is repeated 4 times, LSB 1bit is repeated twice.

gCRC24 (D) = D24 + D23 + D6 + D5 + D + 1

ECDU_DSCH_DECODER performs decoding operation of
PDSCH LLR from demodulator using DL-CI information.
Serial method for multiple codeword is applied to use MMSESIC. De-rate matching algorithm is as follows.
if puncturing is performed
e = eini
m=1
do while m ≤ X
e = e - eminus
if e ≤ 0
set bit xm to δ where δ ∉{0, 1}
e = e + eplus
end if
m = m+1
end do
else repetition is performed
e = eini
m=1
do while m ≤ X
e = e - eminus
do while e ≤ 0
repeat bit xm
e = e + eplus
end if
m = m+1
end do

IV.
TABLE I.

IMPLEMENTATION RESULT
SIMULATION PARAMETERS
PHY Implementation Spec.

Multiple
Access/Duplex

OFDM (OFDMA)/ FDD,FH

Channel Codec

Convolutional, Turbo coding

Modulation Level

QPSK, 16-QAM, 64-QAM

UE decoder of 3G LTE testbed system at ETRI is
composed of two FPGA(Field Programmable Gate Array) units,
first one, ECDU1, contains the functions of control channel
decoding and Hybrid ARQ and Channel De-rate matching, and
another one, ECDU2, is fully implemented with turbo decoder
that can cover 2x2 MIMO channels.
We implemented UE decoder with Xilinx Virtex2pro
VP100 FPGA. As a result of the implementation, ECDU1
FPGA uses 85%(37481/44096) of slice and 95%(422/444) of
block memory and ECDU2 FPGA uses 95%(41891/44096) of
slice and 100%(444/444) of block memory.
Figures below depict the real implementation UE system
and two FPGA UE decoder units of 3G LTE testbed system at
ETRI.
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Figure 7. UE testbed system of 3G LTE at ETRI

Figure 10. FER of Viterbi Decoder
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Figure 8. FPGA UE decoder units of 3G LTE at ETRI
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Figure 11. BER of Turbo Decoder

V.

CONCLUSIONS

In this paper, we showed how to design the algorithm and
structure of the implemented UE decoder for 3G LTE testbed
system at ETRI. Especially, we focused on the part of control
information structure and de-rate matching algorithm. Finally,
we showed the performance of the viterbi decoder and turbo
decoder which are implemented in this system. It is verified
that the implemented performance of this UE decoder satisfies
the requirement of the 3G LTE system.
"This work was supported by the IT R&D program of MIC/IITA.
[2005-S404-12, Research & development of radio
transmission technology for 3G evolution]"
Figure 9. BER of Viterbi Decoder
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Abstract— Low complexity implementation of Discrete Cosine
Transform (DCT) requires efficient reduction of multiplier
complexity. The number of adders (subtractors) needed to
implement the multiplier determines the complexity of the
DCT implementation. In this paper, we present an efficient
method to reduce the complexity of multiplication in DCT
using a binary common subexpression elimination technique.
Our algorithm chooses the maximum number of frequently
occurring common subexpressions to eliminate redundant
computations in the DCT matrix and hence reduces the
number of adders required to implement the multiplications.
Design example of an 8 x 8 DCT shows that our method offers
complexity reduction of 22% over the best known method.

Keywords — Discrete Cosine Transform, Low Complexity,
Common Subexpression Elimination, Multiplier, Adder,
Logic Depth.

I.

INTRODUCTION

Recently, there is high demand on video and image data
transmission and storage. Image compression has become a
mandatory requirement, in order to achieve high-speed data
transmission, save bandwidth and to save storage space. The
Discrete Cosine Transform (DCT) has been widely
recognized as the most effective technique among various
transform-coding methods for image and video signal
compression standards such as JPEG, MPEG, H.261 and
H.263 [1]. DCT has been extensively used due to its high
energy compaction capability, decorrelation properties and
existence of numerous fast DCT algorithms. It has become a
necessity to design a low-power and high-speed DCT chip
as these standards find applications on portable multimedia
devices, personal digital assistants and portable
communication equipments. The most power consuming
element in a DCT chip is the multiplier. In CMOS
technology, there are three sources of power dissipation –
switching (dynamic) currents, leakage currents and shortcircuit currents. Among these parameters it is found that the
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switching component of current, which is the function of the
effective capacitance, plays the most important role [2].
Transformations such as reductions in the critical path,
number of operations, and average transition activity result
in architectures that minimize the effective capacitance of
the circuit by reducing the power consumption [2].
With increasing real-time video processing requirement,
high-speed DCT implementations use efficient dedicated
hardware units but suffer from high hardware cost [3]. The
multipliers used in the systolic array based designs [4, 5]
consume a large silicon area, and hence these designs are
not power efficient. An effort to overcome the drawback of
the systolic array designs let to the development of ROM
based designs of [6, 7] in which the complexity of
multiplication is reduced by employing efficient ROM
access operations. However, the most crucial component in
low-power implementations is not considered in the designs
of [3-7] which is the optimization of the computationally
intensive multiplication of the input data (image) with the
DCT matrix. Based on the concept of Common
Subexpression Elimination (CSE) presented in [8] to
eliminate multiple constant multiplications, a CSE method
using the Canonic Signed Digit (CSD) representation of
DCT matrix has been proposed in [9]. The goal of Hartley’s
CSE [8], which was originally proposed for digital filters, is
to identify multiple occurrences of identical bit patterns
(called common subexpressions) that are present within
each filter coefficient. Since the computation of multiple
identical expressions needs to be implemented only once,
the resources necessary for these operations can be shared.
In [9], the CSE technique was reformulated in the context of
DCT. While the conventional low complexity DCT
implementation methods focus on reducing the number of
inter-structure adders, the CSE method in [9] focused on
minimizing the number of intra-structure adders, which is
the most power-consuming component in a DCT chip.
However, the CSE method in [9] does not maximize the
subexpression formation as it groups subexpressions

sequentially, i.e., subexpressions are chosen as and when
they occur and without employing a look-ahead. Therefore,
this approach would produce many unpaired nonzero bits
which require additional adders to be implemented.
In this paper, we propose a new CSE algorithm using binary
representation of the DCT matrix for reducing the number
of intra-structure adders in DCT implementation. Recently,
we proposed a CSE method in [10, 11] based on binary
representation of filter coefficients which produced better
adder reductions compared to conventional CSD-based CSE
methods in realizing digital filters. Basically, we extend the
idea in [10, 11] proposed for digital filters to implement low
complexity DCT in this paper. With the combination of
Binary Horizontal Subexpression Elimination (BHSE) and
Binary Vertical Subexpression Elimination (BVSE), our
algorithm eliminates redundant computations to implement
the DCT. Our algorithm maximizes the grouping of bits to
form subexpressions, which results in fewer ungrouped bits
and correspondingly fewer adders to implement the DCT
multipliers.
The rest of the paper is organized as follows. In Section II,
we analyze the complexity of multiplication in the DCT. In
Section III, a review of the conventional subexpression
sharing technique is given. In Section IV, the proposed BSE
procedure is presented. A design example is shown in
Section V. Section VI provides our conclusions.
II.

DCT MULTIPLIER COMPLEXITY

The adders used for computing the sum of the products,
 cii .ui to obtain the output matrix Y are called the interstructural adders whereas the adders used for computing the
products cii .ui are called intra-structural adders. For an

N  N DCT, the number of inter-structure adders, N int er ,
needed to compute  cii .ui is N ( N  1). The objective of the
DCT implementation methods [3]-[7] was to reduce the
number of inter-structure adders in DCT implementation.
However, the actual cost of DCT implementation is
dominated by the cost of multipliers required to compute the
products, cii .ui , i.e., the number of intra-structure adders.
For example, consider the example of the multiplication to
obtain the first term of (2), y1(1)  c11.u1. Assume c11 =
0.6458 = 0.101001010101. The product y1(1) can be
expressed as
y1(1)  2 1 u1  2 3 u1  26 u1  28 u1  210 u1  212 u1 (3)
The adders used to compute (3) are called intra-structure
adders. In this case, 5 intra-structure adders are required to
obtain c11.u1 as in (3), which is one less than the number of
nonzero bits in c11.
If Bij is the number of nonzero bits in the CSD (or binary)
representation of cij , the number of intra-structure adders,
N int ra , is given by
N N

The N  N DCT matrix C  c(k , n) is defined as [1]:




c ( k , n)  



1

for k  0 and 0  n  N  1

N
2
  (2n  1)k 
cos

N
2N



N int ra    ( Bij  1)
i 1 j 1

(1)

for 1  k  N  1 and
0  n  N 1

Using matrix notation, the DCT coefficients (Y) is obtained
from Y  CU :
c11 c12 c13 . .

c 21 c 22 c 23 .
Y  . . . . .

. . . . .
c
 N1 c N2 . .



. . c 2N 
. . .

. . .
. c NN 
. c1N

u1   y1 
   
u 2   y2 
.   . 
   
.  . 
u   y 
 N  N

elements, cij ) is implemented using shifts and adds by
representing the constant in CSD.

The value of N int ra is substantially larger than N int er .
Therefore, a more effective goal of reducing the number of
computations (for reducing power) in DCT implementation
is to reduce the number of intra-structural adders, i.e.,
N int ra . The CSD-based CSE method in [9] addressed the
problem of reducing the intra-structure adders in realizing
DCT. Though [9] achieved good reduction of intra-structure
adders, we note that there is still scope to further reduce the
hardware complexity.
III.

(2)

where ui is the input data matrix and cij represent the
elements of the DCT matrix. The multiplication of the
variable (image data, ui ) with the constant (DCT matrix

(4)

REVIEW OF CSE METHOD

The goal of CSE methods for digital filters is to identify
multiple occurrences of identical bit patterns (called
common subexpressions) that are present within each filter
coefficient. Since the multiplication of Common
Subexpressions (CSs) with inputs signal needs to be
implemented only once, the resources necessary for these
computations can be shared. Each CSE algorithm proposed
in literature has its own unique method of subexpression
elimination process so as to maximize the reduction of
adders used to compute the sum of partial products. The
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CSE approach proposed for digital filters has been
reformulated for DCT implementation in [9] – This is
summarized below.
The expressions for the output Y in (2) can be written as
y1  c11.u1  c12 .u 2  ...  c1N .u N

y 2  c21.u1  c 22 .u 2  ...  c 2 N .u N
. . . . . . . . . . .
y N  c N 1.u1  c N 2 .u 2  ...  c NN .u N

element using (1).
Step 2: Obtain the binary representation of the decimal
values of the cij for the desired word length.
Step 3: Let z represent the DCT matrix element and w, the bit
(the shift) analyzed. Set z = w = 1 so as to begin with the
Most Significant Bit (MSB) of the first coefficient (c11).

(5)

The objective of CSE method is to minimize N int ra
required for computing the products, cij .ui . From (5), it can
be noted that each data needs to be multiplied with several
constants. For example, the data u1 is multiplied with

c11 , c21 ,....c N 1 , which can be written as
u1 . c11 c21.......c N 1 T

Step 1: Obtain the DCT matrix elements cij for each data

(6)

Step 4: The program checks for nonzero bits at (z, w), (z+1,
w), (z, w+2) and (z+1, w+2).
Case 1: When (z, w), (z, w+1) or (z, w+2) are (z+1, w) are
nonzero, i.e., when there is a horizontal and a vertical pattern
at (z, w), then:
(a) First the VCS at (z, w) is considered. The number of CSs
and the bits that cannot form CSs are determined for the
remaining bits in the z coefficient as shown in Fig. 1 (a).

By sharing the CSs that exist in the matrix elements cij in
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(6), N int ra can be reduced. Thus, in order to obtain the
products cij .ui , the DCT computation is reformulated as [9]:

u1 . c11 c21.......c N 1 T

u 2 . c12 c22 .......c N 2 T
. . . . . . .

u N . c1N c2 N .......c NN T

(7)

The basic idea in [9] was that, using the CSs in cij , (7) can
be computed efficiently, i.e., with fewer intra-structure
adders. The CSE method [9] was based on CSD
representation of cij . In this paper, we show that the intrastructure adders can be further reduced using a CSE method
based on binary representation of cij .
IV.

PROPOSED CSE METHOD

In this section, we explain the procedure of proposed binary
representation based CSE method. We call our method,
Binary Subexpression Elimination (BSE). First, a program is
run to identify the most commonly occurring subexpressions
in binary representation of cij . We use two types of CSs: (1)
Horizontal Common Subexpressions (HCSs), i.e., bit patterns
that occur within each element of the DCT matrix and (2)
Vertical Common Subexpressions (VCSs), i.e., bit patterns
that occur across adjacent elements of the DCT matrix. Based
on statistical analysis of cij s for various DCT sizes, we found
that the most frequently occurring HCSs are [1 1], [1 0 1], [1
1 1], and VCS is [1 1]. Therefore, we use these HCSs and
VCSs in our proposed BSE algorithm. The proposed BSE
procedure is as follows.

Fig. 1(a). Grouping of subexpressions with VCS given
preference (case 1).
(b) Then the HCS at (z, w) is considered, and the same
procedure as (a) is followed as shown in Fig. 1 (b).
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Fig. 1(b). Grouping of subexpressions with HCS given
preference (case 1).
The number of CSs and ungrouped bits are compared for both
these procedures and the one with the largest number of CSs
is chosen to pair up the rest of the bits in (z) coefficient. For
example, in the case shown in Fig. 1 (a), we get four CSs
with no bits ungrouped. But in the case of Fig. 1(b), we get
three subexpressions and two ungrouped bits. Hence the VCS
method is used to pair in this case. If the number of
subexpressions and ungrouped bits are the same, then the
procedure which considers the HCS is implemented.
Depending on whether the VCS or HCS at (z, w) is chosen to
group and form subexpressions for the (z) coefficient,
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increment w correspondingly. If w  N  1, go to step 4.
Otherwise go to step 5.
Case 2: A similar procedure as illustrated above is used when
(z, w), (z+1, w) are (z+1, w+1) or (z+1, w+2) are nonzero,
i.e., when there is a HCS at (z+1, w) and a VCS at (z, w).
(a) First, the VCS at (z, w) is considered. The number of
subexpressions and the bits that cannot form CSs are
determined for the remaining bits in the (z+1) coefficient as
shown in Fig. 2 (a).
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Fig. 2(a). Grouping of subexpressions with VCS given
preference (case 2).
(b) Then the HCS at (z+1, w) is considered, and the same
procedure as (a) is followed as shown in Fig. 2 (b)
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Fig. 2 (b). Grouping of subexpressions with HCS given
preference (case 2).
The number of CSs and ungrouped bits are compared for both
these procedures and the one with the largest number of
patterns is chosen as the method to pair up the rest of that
(z+1) coefficient. For example, in the case shown in Fig. 2
(a), we get three subexpressions with no bits ungrouped. But
in the case of Fig. 2 (b), we get three subexpressions and two
ungrouped bits. Hence the VCS method is used to pair in this
case. If the number of subexpressions and ungrouped bits are
the same, then the procedure which considers the HCS is
implemented. Depending on whether the VCS at (z, w) or the
HCS at (z+1, w) is chosen to group and form CSs for the
(z+1) coefficient, increment w correspondingly. If
w  N  1, go to step 4. Otherwise go to step 5.

when there is a VCS and no HCS at (z, w), then select the
VCS. Increment w correspondingly. If w  N  1, go to step
4. Otherwise go to step 5.
Case 5: For any other combinations, w is just incremented by
one. If w  N  1, go to step 4. Otherwise go to step 5.
Step 5: When w  N  k , where k is the length of the pattern
that is checked, set w = 1 and increment z by one, go to step
4. When w  N  k and z  N , go to step 6.
Step 6: Once the HCSs and the VCSs are grouped, the
coefficients are now checked for Super-Subexpressions
(SSs), i.e., patterns that have more bits like [1 1 1 1], [1 0 1 0
1] , [1 1 0 1] , [1 0 1 1]. The SSs are implemented only if
they occur at least twice in the DCT coefficient matrix. As
and when these SSs are implemented, depending on the
pattern, increment w accordingly, and go to step 5. When
w  N  k , set w = 1 and increment z by one, and go to step
7. When w  N  k , and z  N , go to step 6.
Step 7: When the SSs are grouped, another look-ahead
method is implemented wherein a check is made as to
whether there is a better way to group the nonzero bits. This
is because the SSs tend to increase the logic depth (number of
adder-steps in a maximal path of decomposed
multiplications) of the multiplier which in turn would
increase the multiplier delay. Thus the logic depth (LD) is
kept under check as and when the patterns are selected. After
eliminating a pattern, increment w according to the size of the
pattern selected, and go to step 7. When w  N  k , set w = 1
and increment z by one, go to step 7. When w  N  k , and
z  N , terminate the program.
V.

In this section, we present the design of a 8 X 8 DCT using
our BSE procedure. Due to space constraints, we only
provide the detailed implementation of u1.ci1 for i  1 to 8
given by (6), and the same procedure is adopted to
implement other terms of (7). The first column of the DCT
matrix is [c11 c21 c31 ….. c71 c81]T . The decimal values of the
elements in first column are shown in Fig. 3.

Case 3: When only (z, w) and (z, w+1)/(z, w+2) are nonzero,
i.e., when there is a HCS only and no VCS at (z, w), then
select the HCS. Increment w correspondingly. If w  N  1,
go to step 4. Otherwise go to step 5.
Case 4: When only (z, w) and (z+1, w) are nonzero, i.e.,

DESIGN EXAMPLE

c11

0.3536

c51

0.3536

c21

0.4904

c61

0.2778

C31

0.4619

c71

0.1993

c41

0.4157

c81

0.0975

Fig. 3. DCT matrix elements for data element u1.
We then obtain the binary representation of the DCT
coefficients [c11 c21….. c71 c81 ]T which is shown in Fig. 4.
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The numerals in the first row of Fig. 4 represent the number
of bit-wise right shifts whereas the first column is the DCT
coefficients corresponding to data element u1.
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Fig. 6. Final representation of cij after
subexpression formation.

Fig. 4. Binary representation of cij.
The HCSs u2,1 = [1 0 1] , u4,1 = [1 1] , u5,1 = [1 1 1] and the
VCS u3,1 = [1 1] are indicated inside rectangles in Fig. 4. Fig.
5 is obtained from Fig. 4 by substituting the respective
pattern numbers in the respective positions where u2,1 = 2, u3,1
= 3, u4,1 = 4, and u5,1 =5. In Fig. 5, patterns like [2 0 0 2], [4 0
0 2] etc. are grouped to form the Horizontal SuperSubexpressions (HSSs). Similarly, patterns like [5 5]T, [4 4]T
etc. are grouped to form the vertical supersubexpressions
(VSSs). Fig. 5 is simplified and represented in Fig. 6 with
pattern numbers assigned to the supersubexpressions.
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Fig. 5. Representation of cij of after
taking HCSs and VCSs.

1

Fig. 6 shows the final implementation of the DCT matrix for
the input data element u1. Note that u6,1 = [4 0 0 2] = 6, u7,1
5
40
= [2 0 0 2] = 7, u8,1 =   = 8 and u9,1 =    9. It can be
5
04 
determined from Fig. 4 that a total of 31 intra-structural
adders are required to obtain (6) using the direct method
(direct method means implementation using shifts and adds
and without any subexpressions). Using the CSD-based
CSE method [9], 16 adders are required, which is a
reduction of 48%. From Fig. 6, using our BSE method, the
output y1 corresponding to the first data element u1 is
y1  22u7  29u3  22u10  25u8  28u1
 210u3  22u6  211u1  22u3  24u6

 26u5  212u3  23u8  29u10  212u1

(8)

The proposed BSE method requires only 14 intra-structural
adders (7 adders for the actual realization and 7 adders for
the subexpressions) which is 54% reduction over the direct
CSD method and 12.5% reduction over the CSE method in
[9]. Using the proposed BSE technique, the total number of
intra-structure adders required to obtain all the products of
the 8 x 8 DCT is 102, whereas the adder requirement is 130
for the previously proposed CSE method [9] and 210 in the
direct CSD implementation. Thus, the adder reduction
achieved using our BSE is 22% over the CSE method [9]
and 51% over the direct CSD method. The critical path
length and the transition activity also need to be minimized
apart from reducing the number of additions. Moreover, it
can also be seen that in the proposed method, with the
increase in the order of the DCT matrix, the scope for
subexpression formation also increases proportionately,
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thereby increasing the reductions in hardware required to
implement it. The logic depth of the multiplier implemented
using our method is 4 adder-steps, which is same as that in
[9]. Thus our BSE achieves adder reduction without
increasing the delay.
VI.

CONCLUSIONS

We have proposed an efficient look-ahead binary
representation based CSE algorithm low complexity
implementation of a DCT chip. Our implementation method
gives more importance to reduce the number of intrastructural adders, which is the most power-consuming
component in a DCT chip. As binary representation has a
higher frequency of occurrence of common subexpressions,
this concept has been efficiently used to produce better
reduction of adders and shifts without affecting the speed of
the multiplier.
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Abstract
In this paper a novel appraoch to normalising 3D
face data is proposed. The aim of this normalisation
process is to retain as much of the raw data as possible and so it is imperative that no distortion occurs
to this data, for instance no median or mean filtering
is applied. The normalisation is a multi-stage approach
and is applied to the Face Recognition Grand Challenge
v1.0 database. Experiments show that this normalisation
process results in 3D face surfaces which are significantly
more discriminable compared to those surfaces used for
the FRGC experiments, when comparing surfaces using
the Manhattan distance the Equaul Error Rate improves
from 21.65% for the FRGC normalisation procedure to
13.81% for the proposed method.

I. Introduction
Research into face recognition has blossomed in the past
decade because the face is a socially accepted biometric
that is used to identify people for drivers licences and passports. However, traditional face recognition methods which
use intesity images (2D data) have several limitations. The
2002 Face Recognition Vendor Test (FRVT) [1] found
that the performance of state of the art face recognition
systems degraded significantly in the presence of both pose
and illumination variations. To overcome these limitations
researchers have examined alternate methods of capturing
face data.
The Face Recognition Grand Challenge (FRGC) [2]
examined the use of 3D face data to perform face recognition. The 3D face data is considered to be robust to
both pose and illumination variations and so can alleviate
the limitations of the 2D face data. Robustness to pose
variation is obtained because the full set of 3D points are

available and so both in-plane and out-of-plane rotations
can be normalised; in-plane rotations are rotations that occur within the image plane of the camera (caused by tilting
the head from side to side) and out-of-plane rotations are
rotations about the image plane of the camera (tilting the
head up or down and turning the head to a profile view).
The 3D data is robust to illumination variation because
the underlying 3D strucutre is being captured. The largest
available 3D face database is the FRGC database and there
have been several methods proposed to normalise this data.
In [3], Chang et al. normalised the FRGC 3D face data
by performing a set of rotations along with median filtering
and linear interpolation; this is very similar to method used
to perform normalisation for the FRGC baseline experiments [2]. The first step in their normalisation process is
to rotate the surface using three landmark points: left eye,
right eye and center of the lower lip. The angle between
these points on the 3D face are compared to predefined
reference points so that the angle between the X- and then
Y -axes are normalised. The angle around the Z-axis is
then normalised by calculating the angle between the two
eyes. A fourth landmark point, the nose, is then used to
define the largest range value in the depth image. Invalid
data is removed by applying hole and spike removal along
with median filter and linear interpolation of valid points.
Chang et al. recently outlined another normalisation for the
FRGC 3D face data which performs normalisation by first
generating a binary mask of valid and invalid data points.
In [4] a normalisation process is described which
utilises a three step process to remove invalid data points.
The first step considers the range image as a binary image
and isolated regions are removed using a morphological
opening operator. The variance of the remaining range
values are then calculated and those points which lie
outside a threshold are removed. The underlying 3D data
is then examined by removing those points which have an
angle to the optical axis which is greater than a threshold
value.
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There are several issues with these two normalisation
methods. In [3] median filtering is applied to remove
invalid data, this results in a smoothed 3D face surface
which alters both invalid data points and valid data points.
The alternate approach in [4] uses empirically derived
threshold values (for variance and angle to the optical axis)
that are applied to every image in the database, this means
that the normalisation approach will need to be altered for
each 3D face data. Also, both methods identify invalid data
using the depth or Z values and so do not consider the full
3D face surface.
This paper examines a novel method for performing
normalisation of 3D face data using the full 3D data. The
aim of this procedure is to retain as much of the raw 3D
data as is possible and identifies invalid data using only
the statistics from the 3D face surface being normalised,
no database specific threhold values are derived. The final
output of this procedure consists of the raw 3D face data
points which are considered to be valid, no smoothing
functions are applied to this data.

the missing points and remove the invalid data, however,
this appears to be done only on the range data (using the
Z data and not the X, Y and Z data). An example of the
erroneous data around the eye is shown in Figure 2.

−1550
−1600
−1650
−1700
−1750
−1800
−1850
−1900
−1950

Fig. 2. An image of the raw 3D face surface,
highlighted are the invalid data points in the
eye region. It can also be seen that there are
invalid points at the near the cheek region.

II. 3D Data Normalisation
The 3D data for the FRGC database was captured using
a Konica Minolta Vivid 900/910 [5]. This sensor captures
the 3D using a laser light which takes approximately 2.5
seconds to capture a 3D image of size 640 × 480, an
example 3D face capture is provided in Figure 1. An
issue that has been noted by several researchers is that the
3D face data captured using the Minolta Vivid 900 often
results in erroneous data from around the eye, eyebrow and
nostril regions.

Invalid
Data
Points

III. Proposed Method
The aim of this normalisation procedure is to retain as
much of the valid 3D data as possible. This valid 3D data
is then registered so that comparisons between to 3D face
images can be easily performed. The three steps of this
procedure are:
1) cropping out a region of interest (ROI),
2) removing invaid data (noise removal), and
3) rotating and registering the data.
A flowchart of this procedure is provided in Figure 3.

Fig. 3. A flowdiagram of the normalisation
procedure.

A. ROI Cropping
Fig. 1. An example 3D face capture using the
Minolta Vivid 900.
Chang et al. [3] noted that regions such as the eyes
and eyebrows can have missing or invalid data. They
perform median filtering and linear interpolation to fill in

The first step in this normalisation procedure is to
extract the 3D face from the background. To do this two
landmark points, the left eye and the right eye, are used
to extract the face and exclude background as well as the
shoulder, torso and neck region.
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The square ROI of the 3D face is extracted using the left
eye position (xl , yl , zl ) and right eye position (xr , yr , zr ).
These eye positions are used to define the eyewidth,
p
(xl − xr )2 + (yl − yr )2 + (zl − zr )2 ,
(1)
which is then used to define a mask of dimensions
1 21 eyewidth × 1 12 eyewidth, an example of this mask
region is shown in Figure 4. This is a similar to process
to the one used in previous work by this author in [6].
eyewidth =

Fig. 5. A flow diagram showing the processes
used to remove erroneous points.

such that µcrop = (µX,crop , µY,crop , µZ,crop and σcrop =
(σX,crop , sigmaY,crop, σZ,crop ).
The statistics from each grid, µcrop and σcrop , are used
to remove invalid data from the 3D face surface. A point
on any grid which is four standard deviations from the
mean is considered to be invalid and so is removed, this
process is outline in Algorithm 1.

Cropping Dimensions
1/2 eyewidth
eyewidth
1/4 eyewidth
eyewidth

Fig. 4. An example of the cropping dimensions used to extract the ROI for the 3D face.
The cropped region is assumed to contain only 3D
face data or the face surface. This assumption is used in
the following noise removal procedure to gather statistics
about the face surface to identify invalid data points.

B. Noise Removal
The 3D data that has been captured often contains
erroneous points, particularly around the eye and eyebrow
region. The noise removal procedure aims to remove all the
erroneous points so that only valid 3D data points remain.
The noise removal procedure is conducted in three steps
and each step uses the statistics of the entire 3D surface
(and not just the range values) to identify erroneous points.
The first two steps identify erroneous points based on a
distance transform and a face shell. The final step removes
the remaining erroenous points by examining the Gaussian
surface curvatures, a flow diagram showing these steps is
provided in Figure 5.
1) Distance Transform: This step aims to simultaneously cull oultying points and refine the region of interest
(ROI). To achieve this the mean of the face surface is
calculated and those points which lie outside a statistically
reasonable boundary are removed. The mean and standard
deviation of the cropped face region by considering each
set of coordinates X,Y and Z separately and so a mean
and standard deviation value is calculated for each grid

- 181 -

Algorithm 1 Distance Transform
Require: Cropped X, Y and Z data
1: µcrop = Mean(X, Y, Z)
2: σcrop = StdDev(X, Y, Z)
3: if abs((X, Y, Z) − µcrop ) > 4 × σcrop then
4:
discard 3D point
5: end if
6: return Valid X, Y and Z data
2) Face Shell: A smooth face shell is calculated by
applying a Gaussian filter (of size 4 × 4). This face shell,
Fshell , is then used to calculate the distance at every point
to the raw data, resulting in a distance map Dshell . The
mean and standard deviation of Dshell , µshell and σshell ,
are then used to identify invalid data points by discarding
those points which lie four standard deviations from the
mean, this process is described in algorithm 2.
Algorithm 2 Face Shell
Require: Valid data for X, Y and Z data
1: Fshell = GaussianSmooth(X,Y ,Z)
2: Dshell = Fshell − (X, Y, Z)
3: µshell = Mean(Dshell )
4: σshell = StdDev(Dshell )
5: if abs(Dshell − µshell ) > 4 × σshell then
6:
discard 3D point
7: end if
8: return Valid X, Y and Z data
3) Gaussian Surface Curvatures: The Gaussian surface
curvature is an intrinsic measure of curvature. This measure can be calculated using the coefficients of the first
and second fundamental form of the surface such that,

eg − f 2
.
(2)
EG − F 2
The coefficients of the first fundamental form (E, F
and G) can be calculated by taking the dot product of the
partial derivatives,
κ=

E = Xu .Xu ,
F = Xu .Xv , and
G = Xv .Xv ,

(3)

where Xu is the partial differentation in the horizontal
direction and Xv is the partial differentiation in the vertical
direction.
The coefficients of the second fundamental form (e,
f and g) can be calculated using the dot product of the
second partial derivatives with the unit normal,
e=
f=
g=

Xuu .N,
Xuv .N, and
Xvv .N,

(4)

where Xuu is the second partial derivative in the horizontal
direction, Xuv is the partial derivative in the horizontal and
vertical direction and Xvv is the second partial derivative
in the vertical direction.
The Gaussian surface curvature κ is used to identify erroneous points by using the full 3D information available;
simultaneously incorporating information from the X-,
Y - and Z-grids. The erroneous points are highlighted by
identifying those points which lie more than four standard
deviations from the mean surface curvature. This step culls
the majority of obviously erroneous points, however, there
are often still points such as those around the eyes which
are erroneous but not detected using this procedure.
The erroneous points which are not detected using this
procedure are those which are surronded by erroneous
points. Around the eye regions there are often points which
lie in clusters well outside the obvious face boundary, or
shell. Because these points lie as a cluster the use of a
surface curvature will not detect these points. Therefore,
the next two steps in this procedure aim to overcome this
limitation with surface curvatures.

first rotation about the Y -axis ensures that the eyes lie
upon the same (x, y) plane and the second rotation about
the Z-axis ensures that the eyes lie along the same y-line.
Performing these rotation coarsely aligns the 3D face data
to the template data, to obtain more accurate registration
the Iterative Closest Point (ICP) algorithm is employed [7].
The ICP algorithm is used to perform the final registration between the input 3D face image and the template
image. The template image is chosen to be the first image
in the database and so all images are registered to this.
Before performing ICP the mean of the input data is
removed, to ensure there are minimal translations between
the 3D face and the template image.
The normalisation processes yields raw 3D face data,
however, there are often different regions of the face that
are considered to be erroneous. For example in Figure 6 (a)
most of the face region is retained whereas in Figure 6 (b)
the chin and part of the cheek region has been removed.
To overcome this issue the upper face region is extracted
and the missing points are interpolated, the upper part of
the face is chosen as previous work by these authors [8]
showed that the upper face contains the most information.
The final face region is interpolated onto a common grid,
using the template image, and consists of 108×108 pixels,
as shown in Figure 7.

C. Rotation and Registration
This process aims to bring two 3D face images into
alignment so that they can be compared using distnace
measures, such as the Euclidean distance. The 3D face
image is registered to a template image by first bringing the
two landmark eye points, left and right eye, into alignment
such that the points lie on the same y-line as well as the
same (x, y) plane.
To ensure that the left and right eye y-line as well as
the same (x, y) plane two rotations are performed. The
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Fig. 7. An example output from the normalisation and registration procedure, the two face
images are of the same ID.

IV. Analysis and Results
To analyse the performance of the proposed normlisation procedure a baseline normalisation method was

(a)

(b)

Fig. 6. In (a) a normalised face image is shown where most of the face surface has been retained,
whereas in (b) the chin and parts of the cheek region have been removed.

dL1 =

M X
N
X

x=1 y=1

and data registration, however, further analysis showed
that there are several images for which the data is not
registered.
Manhattan Distance (DET Plot)
Baseline
Proposed

40

20
Miss probability (in %)

chosen. The basline method chosen is the normalisation
process used to obtain baseline results for the FRGC,
which is very similar to the normalisation process proposed
in [3]. This method process produces full face images of
size 150 × 130 and so a cropped region, of size 108 × 108
pixels, was extracted so that there could be a direct
comparison between the baseline method and proposed
method, an example of the full face and cropped face
images is provided in Figure 8.
The normalised images should well represent each 3D
face surface. Therefore the 3D surface of the same ID
should be close to one another whereas the 3D surface
for different IDs should lie further away. To measure this
performance the Manhattan distance,

10
5

2
1

|F1 (x, y) − F2 (x, y)|,

(5)

0.5
0.2

between each 3D face surface (F (x, y)) is calculated;
each face surface is of size N = M = 108. Using
these distances a Detection Error Tradeoff (DET) plot was
generated, DET plots are often used to examine verification
performance [9].
The DET plot for the baseline and proposed normalisation procedures, Figure 9 show that proposed normalisation
procedure outperforms the baseline system. This is a
significant increase in discriminability with the Equal Error
Rate (EER) improving from 21.65% for the baseline
to 13.81% for the proposed method. This increase in
performance was attributed to improved data normalisation
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Fig. 9. A DET plot derived by using the Manahattan distance of all the data using the normalisation procedure used to derive baseline FRGC 3D results (Baseline) compared
the proposed normalisation procedure (Proposed).
The ICP algorithm is used to register the 3D face

(a)

(b)

Fig. 8. An example of full face image and cropped face image obtained by applying the normalisation
technique used to obtain initial FRGC 3D baseline results. In (a) the full face region is supplied and
in (b) the cropped face region which is used for these experiments is provided.

surface with a template image. There are several instances
when the ICP algorithm results in images which are not
registered, an example of inaccurate registration can be
seen in Figure 10. This failure to register two images is
a significant problem because in order to compare two
images a consistent basis of comparison is required. One
method for overcoming these registration errors is to have a
template image for each ID and so perform a client specific
registration.

V. Conclusions and Future Work
The normalisation procedure outlined in this work provides more accurate 3D face surfaces than the normalisation procedure used for the FRGC experiments. The
proposed normalisation procedure uses the statistics of the
available 3D face surface to identify invalid points and
performs registrations to a template image. This means
that this process can be readily applied to any 3D face
database to generate a 3D face surface consisting of only
valid data points.
Analysis of this normalisation procedure indicates that
there are several images which are not registered. This is
considered to be a significant problem and as such future
work would examine methods to derive client specific
templates, or several template images to improve the
robustness of the registration technique.
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(a)

(b)

Fig. 10. Two images of the second ID within the FRGC database. It can be seen that there is a
significant translation from the image in (a) to the image in (b).
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Abstract—In describing image features it is important to
consider the fact that the appearance of a feature depends on the
scale or resolution at which it is observed. Existing robust image
feature detectors address the issue by selecting a characteristic
scale for each detected feature and subsequently describing the
feature as it appears at its characteristic scale. A new method is
presented for the multi-scale analysis of derivative based image
features that represents a 2D image feature by its locus in scalespace. An algorithm is also presented for efficiently producing the
discrete loci representations of image features through clustering
features detected at multiple scales. This new method provides an
entry point to potential multi-scale descriptions of image features,
as well as new possibilities for feature set reduction and filtering.

I. I NTRODUCTION
In attempting to describe 2D image features for the purpose
of analyzing or describing the 3D objects of which the image
is a projection, it is important to account for the scaling and
deformation that result from 3D to 2D projection. Robust
detectors aim to locate features in a repeatable manner despite
changes in lighting, rotation, scale and projective deformation.
Local features and descriptors provide a compact means for
describing complex scenes, while partially avoiding complex
global transformations. These detectors are typically applied to
applications such as wide base-line matching and calibration,
as well as object recognition and classification.
Derivative based feature detectors such as the Difference of
Gaussian detector [1], [2], Determinant of Hessian detector
[3] and Harris detector [4] operate by producing a saliency
map of an image. The saliency map is a function of image
derivative and indicates regions of high information content.
Features are located by detecting local maxima in the saliency
map. This class of detectors is in general sensitive to the scale
or resolution of the image. A multi-scale analysis is required
to achieve robustness to scale change.
A scale-space representation of an image is obtained by
filtering the original image with Gaussian kernels of different
standard deviations. The scale space then has two spatial dimensions and a scale dimension corresponding to the standard
deviation of the applied Gaussian kernel. Discrete scale-space
representations are often referred to as scale-space pyramids.
Lindeberg presents an extensive study on scale-space in [5]

and a study specifically on gradient based image features in
[6].
Several attempts have been made to address the problem of
scale sensitivity in image feature detection. There are several
difficulties facing the existing detectors, as will be discussed
in detail in the next section. These include excessive features,
the need to select the good features from amongst the poor
features, and computational cost. This paper explores a new
method for the scale-space analysis of image features that
addresses and improves upon the listed difficulties.
Section II presents existing scale-space feature analysis
techniques. Section III presents the new feature locus representation of features, as well as an efficient method for producing
this representation for practical features. Analysis of applications using the locus representation are discussed in Section
IV. Scale selection is demonstrated as a simple application of
the new locus representation in Section IV-A and its benefits
over simple scale-space maxima are demonstrated.
II. S CALE - SPACE A NALYSIS OF F EATURES
The output of various image feature detectors is known to
be sensitive to a change in scale. In order to achieve scale
invariance, features need to be examined over a range of scales
and described using a scale invariant method. One option is
to simply detect features at multiple scales, as in [7]. The
result is a very large and dense set of features, most of which
are not likely to yield appropriate matches when matching
against a set of features from a different viewpoint. It may be
undesirable to have excessively large numbers of features for
short and medium base-line problems. In general large sets
of features that yield few correspondences present a problem
in terms of computational efficiency. Adaptation processes
applied to features in order to achieve robustness to affine
deformations (for example [8]) cause features to converge to
stable points in affine scale-space. Applying such an adaptation
process to an excessively large set of features results in a large
amount of redundant processing, as the features will converge
to a much smaller set of points. A smaller set of stable features
is desired as a starting point for adaptation.
The most common approach to addressing the scale invariance problem is to select a feature at a characteristic scale
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and describe the feature as it appears at the selected scale.
A characteristic scale is selected for a feature by selecting a
scale where an interesting and repeatable occurrence is found.
The simplest method of scale selection is to locate scalespace maxima – points that represent local maxima in the spatial and scale directions. Implementations have been published
describing scale-space maxima detection using the Laplacian
[6], Difference of Gaussians [2] and determinant of Hessian
[9] functions. These methods commonly use a 3 × 3 × 3 nonmaximum suppression window to locate scale space maxima.
One shortcoming of the method is that it does not account
for the fact that 2D maxima generated by the same structure
at multiple scales can be separated by several pixels between
successive scale levels. The result is that multiple features are
detected in some cases where it is not appropriate and hence,
scale selection fails in these cases.
Scale-space pyramids are often sub-sampled as scale increases in order to reduce the number of image pixels as the
information content is reduced. The purpose is purely to reduce processing cost. The scale-space maxima method places
constraints on how a scale-space pyramid can be sampled,
since a practical non-maximum suppression algorithm requires
that the pyramid levels be sampled with the same resolution.
The precision of detection is governed by the sampling density
of the pyramid. Three dimensional interpolation can be used to
estimate a more precise position for the detected scale-space
maxima.
The scale space maxima approach was expanded in [8] by
locating points that are local maxima of the Harris function
in the spatial dimensions and maxima of the Laplacian in
the scale dimension. Utilizing different functions for selecting
scale and for locating spatial position makes it possible to
combine the functions that are most stable in each domain.
The Harris measure produces stable maxima in the spatial
domain, but rarely produces stable maxima in scale-space –
a local maximum can be displaced a long distance over a
change in scale (depending on image structure). The Laplacian
contributes the ability to select a stable characteristic scale by
functioning like a correlation detector for structure size.
An iterative method was also presented in [8] that adapts
each of a set of multi-scale points to a characteristic scale.
For every iteration, the algorithm selects scale by searching
vertically in the scale space for a maximum in the Laplacian
function, followed by relocating the maximum of the Harris
function at the chosen scale. This technique is very accurate
in selecting scale and is a lot more effective in dealing with
unstable spatial localization functions; however it is process
intensive due to its iterative nature. The algorithm also results
in multiple features converging. Although this is an indication
of stability, it also implies that some of the processing effort
is made redundant.
III. S CALE -S PACE F EATURE L OCUS A NALYSIS BY MEANS
OF C LUSTERING
A method is sought to analyze and describe an image feature
over a range of scales, instead of only at characteristic scales.

The objective is to properly keep track of a feature as it
changes over scale and build a representation that is suited
to the dynamic nature of scale-space features with minimum
computational cost.
Denote the scale-space representation of an image I (x) as
the convolution of the image with the 2D Gaussian smoothing
function,
L (x, σ) = I (x) ∗ g (x, σ) .
Apply a detection function D (I) to the scale-space image to
produce a scale space saliency map,
D (x, σ) = D (L (x, σ)) .
Select a point in D (x, σ) that is a local maximum in the
spatial dimensions at a particular scale (it does not need to
be a maximum in the scale direction). As the scale dimension
is traversed smoothly, the location of this point will vary
smoothly. Define the locus of the maximal point in scale-space
as xσ = f (σ). The objective of the new method for scale-space
feature analysis is to extract the locus f (σ) for every image
feature using the information available in a set of multi-scale
features.
The method developed below for extracting feature loci
makes use of the typical behavior of features in scale-space to
cluster a set of multi-scale features into graphs that represent
discrete feature loci. Before the algorithm itself is described,
the typical behavior of features in scale-space is presented.
A. Feature Behavior in Scale-Space
The spatial location of image features generally changes as
scale changes. The velocity of features with respect to scale
depends entirely on the arrangement of physical structures in
an image, particularly steep gradients or edges. The behavior
of features in scale-space can be described as follows:
• Features move away from edges as scale increases.
• The distance a feature is displaced over a change in scale
is related to its proximity to edge structures in the image
and the magnitude of scale change.
• In the presence of a single straight edge, the displacement
of a maximum of the Laplacian function is in the direction
perpendicular to the edge and the velocity is linearly
related to the change in standard deviation of the Gaussian
operator. The maxima of other functions behave similarly,
though the velocity relation may not be exactly linear.
• The velocity of the feature in a corner structure depends
on the angle between the two edges forming the corner
junction.
• Features can converge as scale increases.
• A feature cannot diverge into multiple features as scale
increases, due to the characteristics of the Gaussian
function.
• Features related to different structures are by definition
separated by edges, and as such will be located a significant distance apart and will propagate in diverging
directions, at least until the separating structure is no
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•

longer dominant (affected by larger distant structures at
higher scale).
Converging features accelerate as they approach convergence.

B. The Clustering Algorithm
A pseudo code version of the clustering algorithm is included in Algorithm 1. In this section the algorithm will be
described and the relevant design decisions discussed.
Algorithm 1: Clustering Algorithm.
Input:
A set of N features with discrete scale levels [0 . . . n].
The search radius multiplier denoted k.
begin
for i = 0 → N do
(i) Get the next feature fi .
(ii) if feature has already been clustered then
go to next feature.
(iii) Create a new cluster C with fi as first feature.
(iv) Set σ = scale ( fi ) the scale of the feature.
(v) repeat
(a) Calculate the search radius r = kσi .
(b) Search for the closest feature at scale
level σ + 1 that is within radius r of the last
feature. Denote this feature fnew .
(c) if feature found within search radius then
if fnew has already been clustered then
Detected a convergence.
(1) Duplicate part of the cluster that
fnew belongs to, starting from fnew
upwards in scale and append the
duplicate section to the current cluster
C.
(2) Continue at (vi).
else
(1) Add fnew to C.
(2) Set σ = scale ( fnew ).
end
else
Cluster complete. Continue at (vi).
end
until σ = σmax
(vi) Add the completed new cluster to the set of
clusters.
end
end
Output:
A set of clusters. Each cluster lists a set of features in
order, representing the feature locus.
The first step is to detect features using a 2D detector
at multiple discrete scales. The type of detector used is
not important for the overall structure of the algorithm, as
long as a set of features detected at multiple discrete scale
levels is produced. Clustering begins by selecting any one
of the lowest scale features. Next, the area in the spatial

vicinity of the previously selected feature, but one scale level
higher, is searched for features. The choice of search radius
is discussed later. If a feature is found, it is added to the
cluster and the search continues by searching in the vicinity
of the new feature, one scale level higher. If no features are
found in the designated search area or the highest scale level
is reached, then the cluster is considered complete. The next
cluster is constructed in the same way by selecting one of the
lowest scale features and following the same procedure. This
continues until all features have been clustered.
It is possible that multiple features can be found in the
search area of one feature near a point in scale-space where
multiple features converge. In this case the closest feature is
selected to form the next feature in the cluster. There are
different possibilities for dealing with converging features.
One method is to duplicate the shared part of a cluster where
two or more features converge so that there exists a cluster
for each of the original features. This approach to dealing
with convergence has been chosen and implemented for its
simplicity and because it is suitable for the scale selection
method described in Section IV-A. Alternatively, it is also
possible to use a tree structure to represent clusters that include
converging features.
The clusters produced by this algorithm have the following
properties:
• The cluster is in the form of a simple graph with each
element (feature) relating to no more than two other
elements.
• The features in the cluster are ordered according to scale,
and are contiguous in discrete scale.
• All the features in the cluster relate to the same image
structure.
Figure 1 shows the output of the clustering algorithm.
The algorithm was applied to a set of determinant of Hessian features detected in the first image of the “Corridor”
image sequence (the full sequence is available online at
http://www.robots.ox.ac.uk/∼vgg/data/ ).
C. Choice of Search Radius
The size of the area searched for new features to add to
a cluster must be chosen large enough to include all features
from the same structure as the current cluster. At the same time
features from other structures should be avoided. The choice
of search radius depends on the behavior of the particular type
of features being clustered; however some basic principles are
generally applicable to most detectors. The given clustering
algorithm does not attempt to analyze image structures in order
to select the feature search area, but depends on knowledge
of feature behavior only. The major factors that need to be
considered are:
1) The expected feature drift velocity in terms of the
number of pixels of displacement vs. the change in scale;
2) How close together features of different structures can
be located;
3) How densely the scale-space is sampled.
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Therefore, features from opposite sides of an edge can be
located no less than two standard deviations from each other
at any particular scale. The search radius limit for clustering
determinant of Hessian features is chosen as 1.1σi , where σi is
the standard deviation of the last feature added to the cluster,
to compromise between the search area for a given feature and
the search area of a potential neighboring feature at the same
scale.
Figure 2 demonstrates the effectiveness of this method
for search radius selection. Each image shows a case where
a Determinant of Hessian detector is applied to a pyramid
with different scale sampling density. The clustering algorithm
produces consistent results in all cases.

Fig. 1. Sub-regions of the first Image of the “Corridor” sequence, with
Clustered Features. Blue circles indicate features and red lines joining circle
centers indicate clusters.

(a)

(b)

(c)

(d)

Fig. 2. An Image with Clustered Determinant of Hessian Features produced
from pyramids with different scale sampling densities: (a) 8, (b) 4, (c) 2, (d)
1 level(s) per octave of σ.

IV. A PPLICATIONS OF F EATURE C LUSTERS
A. Scale Selection using Clustered Features

Refer to Section III-A for a discussion on general feature
behavior. The velocity of features located near corners depends
on the angle of the corner, and can be very large where edges
are near parallel. Furthermore, converging features accelerate
as they approach convergence. Based on these observations,
it is desirable to maximize the search radius to improve
the likelihood of locating features that belong to the same
structure.
The dominant limiting factor in choosing a search radius is
the minimum distance that features from different structures
can be located from each other. The determinant of Hessian
detector is considered as an example; This detector produces
maxima at a distance of one standard deviation from an edge.

A characteristic scale selection method using clusters is
presented as a demonstration of the utility of the cluster representation. Scale selection is made very simple by clustering
features. The cluster represents the feature locus x = f (σ).
Denote the scale response function for the image scale-space
(e.g. the scale normalized Laplacian) as S (x, σ). For each
cluster, simply evaluate a scale response function at each node
in the cluster. This produces a 1D scale response function
S f (σ) = S ( f (σ) , σ). Selecting a characteristic scale for the
image structure described by the cluster is then simply a matter
of analyzing S f (σ). Points chosen on S f (σ) directly translate
to selected features in the cluster. Figure 3 shows an example
of the scale response function of cluster of Determinant of
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Hessian features. Characteristic scale selection simply consists
of selecting the features at the local maxima in the function.
1000
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Magnitude of Laplacian
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the scale-space maxima method and to have consistency in
the scale selection method used for all three detectors. The
cluster based detectors could easily use a different function for
scale localization in combination with using the Determinant
of Hessian function for spatial localization. All that is required
is that the scale function be evaluated at each feature location.
Similar efficient non-maximum suppression techniques were
used for 2D and 3D maximum detection. The 3D version
of the technique requires only a fraction more computation
time to scan a scale-space pyramid than the 2D version.
All implementations involved double precision floating point
arithmetic. Detectors were applied to the “graffiti” sequence
found at http://www.robots.ox.ac.uk/∼vgg/data/ and detector
times and feature counts were averaged across the sequence.

200
100

1

2

Fig. 3.

3

4
Scale (log2(s))
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Detector
Scale-space Maxima
Clustered
Clustered (sub-sampled)

7

Time (ms)
1451.33
1581.75
536.98

Features
3006.83
2781.17
2178.83

TABLE I
AVERAGED D ETECTION T IMES AND F EATURE C OUNTS FOR D ETECTORS
A PPLIED TO THE “ GRAFFITI ” S EQUENCE .

Laplacian Response of a Feature Locus

Using clusters for scale selection has several advantages
over other methods, including:
• Interpolation can be performed by interpolating the 1D
feature scale response function (for example, using a
parabolic fit) and separately interpolating the x and y
positions of the feature as 1D functions of scale. This
is somewhat simpler than interpolating a position in 3D
scale-space.
• If a very high degree of accuracy is desired, an iterative
technique could make use of the cluster information to
select a good starting position and to guide sampling of
the scale space.
• The clustering algorithm only needs to operate on features
and not necessarily on the scale-space pyramid directly.
The scale-space pyramid may therefore be sampled in any
fashion without causing practical difficulties in the scale
selection process. This has very significant implications
for accelerating both pyramid construction and multiscale peak detection.
B. Detector Processing Cost Comparison
Three Determinant of Hessian based detectors were implemented and their processing time compared to test the
performance of cluster analysis:
1) A simple scale-space maxima method using 3D nonmaximum suppression, similar to .
2) A cluster based method using 2D non-maximum suppression in the spatial dimensions, the described clustering technique and scale selection by selecting maxima
in the scale response functions derived from clusters.
3) A cluster based method using a pyramid that utilizes
progressive sub-sampling of pyramid levels to increase
efficiency.
Note that in this case the Determinant of Hessian function is
used for both spatial and scale localization, in order to simplify

Average processing times and output feature counts are
presented in Table I. It can be seen that the clustered approach
requires a relatively small amount of extra processing time
and the total time is comparable to scale-space maxima when
applied to the same image pyramid. The clustered approach
also produces approximately 10% less features than the scalespace maxima method – this is explained in the discussion
of Figure 4 in the following paragraph. The detector using
clustering as well as progressive sub-sampling of the image
pyramid completes in a much shorter time than the other
detectors. This shows that large performance gains can be
achieved by progressively sub-sampling the levels of the
pyramid without any modification to the 2D maxima detector
or the clustering algorithm. The lower number of features
detected when the pyramid is sub-sampled is a result of the
loss of information and aliasing due to sub-sampling.
C. Visual Comparison of Detectors
Figure 4 shows sections of the output of the scale-space
maxima detector and the clustering based method from Section
IV-B applied to various images. Notice that in some circumstances the scale-space maxima detector produces multiple
features for a structure where the feature translates a large
distance over a change in scale. The cluster based method does
not suffer the same problem, as it is able to track the feature
over scale and select only features that produce a maximum
scale response. The result is that fewer low quality features are
produced. The last row of images in Figure 4 show the output
of an image section with a large amount of detail. Notice
that in this case, the scale-space maxima detector does not
produce as many unwanted features, and the two detectors
produce similar output. Also notice that the clustering method
recovers more unique features in a few high detail areas, such
as the areas marked by red circles in the last line of images.
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D. Repeatability Tests
(a)

(b)

The repeatability test described in [10] was used to compare
the repeatability performance of the cluster based Hessian
detector, the scale-space maxima detector and the Hessian
Laplace detector [10] (an iterative technique using the Hessian
for spatial localization and the Laplacian for scale localization). The repeatability test projects features detected in a
test image to a base image using a ground truth homography.
The amount of overlap between each base image feature and
each projected feature is then measured and correspondences
determined according to a minimum overlap threshold. The
repeatability rate is calculated as the number of correspondences as a percentage of the minimum of the number of
features in each image. The repeatability test software, test
data and Hessian Laplace detector software were acquired
from http://www.robots.ox.ac.uk/∼vgg. The “bark” and “boat”
sequences were used for this test, as they involve scale change.
The results of the repeatability tests are presented in Figures
5 and 6. It can be seen that the clustering based method
consistently achieves higher repeatability than the the scalespace maxima method, while producing only a fraction fewer
correspondences. The more process intensive Hessian Laplace
detector still outperforms the other detectors on average in
terms of repeatability and produces more correspondences.
It is worth noting that the Hessian Laplace detector makes
no effort to eliminate duplicate features arising from the
convergence of multiple features, which may be contributing
to both repeatability and the number of correspondences. The
fact that the clustered approach achieves higher repeatability
than Hessian Laplace in certain cases indicates that it may
provide a better initial starting point for the Hessian Laplace’s
iterative method.
E. Other Potential Applications

Fig. 4. Column (a): Features produced by scale-space maxima detection.
Column (b): Features produced by clustered scale selection.

A major potential use of clustered features representation is
in reducing excessively large feature sets to a smaller set of
features that are more stable. Image features are often used
to form a compact description of the contents of an image.
If, however, a multi-scale analysis of the scene results in a
very dense set of features, the feature based representation
loses its efficiency. Even after scale selection a feature set
may still be too dense. Changing detection thresholds gives a
coarse method to control feature density; however, selecting a
threshold automatically is not always effective. Feature locus
clusters afford more powerful and relevant options in selecting
features.
The clustered feature representation’s utility for feature
selection lies in that it establishes a meaningful structure based
relation between multi-scale features. It is possible to reduce a
cluster of features to a smaller representation, for example by
performing characteristic scale selection as in Section IV-A
or by treating the entire cluster as a single feature. Other
possibilities include selecting only features based on scale
criteria, such selecting features that are stable over a minimum
number of scale levels, or that exist over a specific range of
scales.
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Fig. 5. Repeatability Test using “bark” sequence and 30% overlap error. (a)
Repeatability Measure. (b) Number of Correspondences.

Fig. 6. Repeatability Test using “boat” sequence and 30% overlap error. (a)
Repeatability Measure. (b) Number of Correspondences.

V. C ONCLUSION
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Abstract—A robust object tracking system has been developed
based on the directional edge information extracted from a
video sequence. By introducing the concept of the differential
directional-edge image (DDEI), a map of edge flags produced
from the difference of two consecutive edge images, the information from background has been effectively removed. As a
result, the algorithm is robust against the influence of cluttered
background, as well as illumination change and speed variation.
In addition, in order to enhance the robustness against the
shape transformation and partial occlusion occurring during the
object movement, adaptive algorithms have been developed and
integrated in the system. The basic operation of the algorithm is
the spatial matching of differential directional-edge histograms,
which is compatible to direct VLSI hardware implementation,
making it possible to build a real-time responding system. The
performance of the proposed object tracking system has been
demonstrated by computer simulation using video sequences
including a variety of disturbances.

I. I NTRODUCTION
Object tracking is one of the most important subjects in
video processing. It has a wide range of applications including
traffic surveillance, vehicle navigation, gesture understanding,
security camera systems, and so forth. In biological systems,
visual object tracking is quite essential and very robust and sophisticated systems are established in animals. This is because
moving objects can be either their prey, an attacking enemy or
a potential mate, it is very important for an animal’s survival
to accurately find and track moving objects and subsequently
understand their behavior. Therefore, developing electronic
system somehow mimicking the biological principle would be
quite important to build robust object tracking systems.
Provided an object in motion is localized in a scene, tracking
can be carried out by searching for the object’s image in
consecutive frames of a video sequence. However, such an
approach poses several difficulties. First of all, the object
image needs be separated from the background. Otherwise,
simple pattern matching can not work due to the disturbances
arising from the cluttered background. Illumination change
during the tracking can also confuse correct identification
of the target image. In addition, since the algorithms for
motion tracking are usually computationally very expensive,
it is desirable to develop algorithms compatible to direct
VLSI hardware implementation in order to achieve real-time
performances [1],[2].

Several algorithms have been proposed so far for object
tracking. The mean-shift method [3]-[5] utilizes the color
histogram to separate the object from the background. Since
the color histogram is a viewpoint-invariant feature, it is
stable against changes in scale, pose and shape of the target
object. However, the technique is vulnerable to variation in
illumination, whereas the human vision system is capable of
tracking objects in gray scale without difficulty. In object
tracking by active contours (”snakes”) [6]-[8], objects are
separated from the background using the energy minimizing
technique, demonstrating a good performance for non-rigid
objects. However, it needs the prior information, i.e., the object
contour has to be defined or trained before tracking, which is
not always available in practice. Also, when the object contour
is complicated, the initial target contour definition is often
laborious and difficult to generate automatically.
It is well known that the visual perception in animals
relies heavily on edge information in various orientations to
recognize not only the static image of an object but also
its motion. Being inspired by such a biological principle, a
robust image recognition system has been developed based
on the image representation algorithm using directional-edges
extracted from an input image [9],[10].
Then, the purpose of the present work is to develop a
robust object tracking system utilizing the directional edge
information to represent the shape of the object under tracking.
In order to erase the information from the background, the
concept of a differential directional-edge image has been
introduced. A differential directional-edge image is produced
from edge maps of two consecutive images in a video sequence
by taking exclusive OR of edge flags at every pixel site. As
a result, edge flags in the static background are effectively
erased and edges are only retained primarily at locations of
moving objects. Since such an image representation is based
on edge information, it is very robust against illumination
change as already verified in [11]. We have also developed
adaptive algorithms for differential edge image generation as
well as motion vector detection. As a result, the present object
tracking system have shown robust performances against shape
transformation of objects during motion, partial occlusion,
speed variation as well as the presence of confusing background sceneries. The key operation of the system is the shift
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Fig. 1. Object tracking algorithm in x direction using four frames of images taken from a video sequence. The same algorithm is employed for tracking in
y direction.

and matching of differential edge histograms to determine the
motion. Specialized VLSI hardware systems for this operation
have already been developed in [1],[2], the present algorithm is
compatible to direct VLSI hardware implementation to achieve
a real-time performance.
The paper is organized as follows. After presenting the
total system organization and the object tracking algorithm
in Section 2, experimental results are demonstrated in Section
3. Finally conclusions are given in Section 4.
II. S YSTEM O RGANIZATION
The object tracking algorithm employed in the present
system is illustrated in Fig. 1. Firstly, four grayscale images are
taken from a video sequence. We assume that the object being
tracked at time t is enclosed in the tracking window. Then
the search window is determined by extending the tracking
window by ±8 pixels at t′ , t′ +∆t′ . At the very beginning of
the tracking session, the initial location of the tracking window
is determined by some other means and is specified as the
initial condition. Then the system starts to track the object
and continues to track it autonomously.
Directional-edge flags are obtained by binarizing grayscale
images obtained with appropriate filtering kernels (see an
example shown in Fig. 2) in the tracking window as well
as in the search window. In the present system, x-direction
tracking is performed using vertical edges since they are
sensitive to horizontal motion, while horizontal edges are used
for y-direction tracking. From directional-edge images at t
and t+∆t, the differential directional-edge image (DDEI) at
t is generated by taking XOR (exclusive OR) of edge flags at
every pixel site. At this time, ∆t is determined adaptively as it

is explained in section 2.1 and 2.2. The differential directionaledge image (DDEI) at t′ is generated by the same procedure. If
we assume there is no movement in the camera position, DDEI
edge flags in the static background are effectively removed and
edges are only retained primarily at moving object locations.
To calculate the x component of a motion vector (∆x), data of
DDEI are projected onto horizontal axes. Then the shift and
match of the projected data of DDEI at t and t′ yields the
motion vector of the object as the minimum in the matching
residue. By this processing, the motion vector at t′ is obtained.
t′ starts from t+∆t, and increases as the frame advances. If
∆x reaches ±4 pixels (half the search range of ±8 pixels),
then the location of the tracking window is shifted accordingly.
When the tracking window is shifted, a new DDEI of the target
is generated from the window and utilized as the template for
tracking. Since the tracking template is regenerated each time,
the algorithm can track an object even if it changes its shape
or partial occlusion occurs.
In the present system, there are two threshold values that
are important to make the system adaptive to environmental
change. First is the threshold used in edge detection from
the original image, denoted T h edge. The second threshold
is used for generating differential directional edge images,
T h DDEI. In the next section, the two thresholds are explained.
A. Directional-Edge Detection and Differential Edge Image
Generation
Detection of directional-edges and generation of a differential edge image are illustrated in Fig. 2. Edge filtering is carried
out at every pixel site in the tracking window using a 5×5-
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Fig. 2. Thresholding for the vertical edge detection in the tracking window yielding the number of edge flags of 75%, 50%, and 25% of the total number
of pixels in the window. DDEI at 25% is also shown on the right.
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pixel kernel. The absolute value after filtering represents the
directional-edge intensity at each pixel. T h edge is determined
by observing the total number of edge flags detected in the
tracking window. The vertical edge images produced with
three different thresholds are shown in Fig. 2, where the
number of edge flags are 75%, 50%, 25% of the total number
of pixel sites in the window. In the present system, 25% was
employed as the condition for T h edge. With this threshold,
the essential features from the original image are mostly
retained in the vertical edge image.
From the two directional-edge images at t and t+∆t, DDEI
is generated by taking XOR as already explained. In generating
DDEI, the number of edge flags after XOR is counted in every
frame. And when the edge count reaches a predetermined
value, i.e., T h DDEI, the edge flag map at the moment is
accepted as the DDEI at t. In the case of a target window
size of 200×200 pixels (as shown in Fig. 2), 5% of the total
number of pixels in the window (2, 000 pixels) was adopted
as the threshold. Initially, T h DDEI is set in this way, and
then T h DDEI is controlled by feedback automatically. We
explain it further in detail in the next section.
B. Adaptation to Shape Transformation and Partial Occlusion
The procedure to determine T h DDEI adaptively in the
presence of transformation is illustrated in Fig. 3. At first, let’s
consider the case where an object is moving at a constant
speed without shape transformation. Then we can track the
object with constant values of T h DDEI and ∆t, and the
resultant ∆x would be also a constant. Now we consider
the case where a gradual shape transformation occurs during
the constant speed movement of an object. If we assume the

object’s edge flags are reduced by transformation, the edge
flag count after taking XOR would also reduce. In such a
case, the edge flag count after XOR does not reach T h DDEI
when the system waits the time interval of ∆t. This is because
T h DDEI was determined in the previous time slot where the
edge flag count is larger than in the present time slot. As a
result, the value of ∆t increases, and ∆x also increases. In
order to keep the value of ∆x at a constant value, we have
introduced an adaptive algorithm as shown in the Fig. 3. The
constant value of |∆x| was set to 1 pixel to achieve an accurate
object tracking. Namely, if |∆x| is larger than 1 pixel in the
present time slot, then the threshold T h DDEI is reduced in
the next time slot. This reduces ∆t and makes |∆x| approach
the constant value of 1 pixel. If |∆x| is smaller than 1 pixel,
then T h DDEI is increased. Since the partial occlusion of an
object can be regarded as a kind of shape transformation, the
problem can also be resolved by this adaptive algorithm.
III. E XPERIMENTAL R ESULTS
In order to evaluate the performance of the proposed system,
computer simulation was carried out for a variety of video
sequences. Samples of a person or a hand moving in a video
sequence taken with a video camera were used for tracking
experiment. Because the frame rate of an ordinary video
camera is 30 frame/sec, which is too slow for the present
algorithm to work, a target object in a scene was made to
move very slowly. However, in CMOS image sensors with
focal plane processing functions, it is practical to assume such
processing can be carried out at a frame rate of 500-1000
frame/sec. The tracking window enclosing the target object
was set by hand in the initial setting. The initial value of
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Tracking the upper part of the body of a walking person in a scene with complicated background.
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Light on
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(a) Busy background

(b) Illumination change

(c) Transformation

(d) Partial occlusion

Fig. 5. Tracking of a hand image under various disturbing conditions : (a) busy background, (b) illumination change, (c) shape transformation, (d) partial
occlusion.

T h DDEI is determined as 5% of the total pixel counts in the
tracking window.
At first, we tested the sample of a person walking on a street.
The tracking results of the upper part of the body are shown
in Fig. 4. In this experiment, the size of the tracking window
was set at 78×108 (8, 424) pixels. Although the background
is very complicated with pillars of a building (Fig. 2(b)) and
leaves moving in wind (Fig. 2(e)), the object is being tracked
correctly.
The robustness of the system against a variety of disturbing
conditions is demonstrated in Fig. 5. In Fig. 5(a), it is seen
that the hand passing through the busy background of a
decorated tree from left to right is correctly tracked. In this
sequence, the tracking window size was 182×154 (28, 028)
pixels. In Fig. 5(b), the light was turned on and off during the
sequence. The tracking window size was 158×144(22, 752)
pixels in this sequence. In Fig. 5(c), the shape of the hand

was changed during movement. The tracking window size was
176×154 (27, 104) pixels. In Fig. 5(d), the hand was hidden
partially behind the paper. The size of the tracking window
was 148×130 (19, 240) pixels. Under all these disturbing
conditions, the tracking was carried out successfully.
Fig. 6 shows the tracking results of an object moving with
speed variation. The size of tracking window was 172×154
(26, 488) pixels. The calculated speed of the object is shown
in Fig. 6(a). Despite the speed variation range as large as 46
times between the slowest and the fastest, the location of the
object is correctly detected.
Finally, the performance of the system was evaluated for
an object moving in two-dimensions with all disturbing conditions included. The size of the tracking window in this case
was 168×144 (24, 192) pixels. The results are shown in Fig.
7, also demonstrating a successful tracking.
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Object tracking under speed variation. (a) Object speed as a function of time. (b) Results showing successful tracking.

Fig. 7. Tracking of an object in two dimensional motion including all disturbing options : busy background, object transformation, illumination variation,
partial occlusion and speed variation. The object is accurately located in all trial scenes.

IV. C ONCLUSION
A robust object tracking system utilizing the differential
directional-edge image (DDEI) has been developed. DDEI
is robust against the influence of background, illumination
change, speed variation. In addition, in order to enhance
the robustness against the shape transformation and partial
occlusion, the adaptive algorithms have been employed. As
a result, the efficiency of proposed object tracking system
under a variety of disturbing conditions is proved by computer
simulation.
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Abstract Numerous studies in the elds of human vision

focus on a few preferred areas when viewing an image [1].

and electronic imaging have revealed that the human visual

Factors that have been identied to inuence visual attention

system (HVS) tends to focus on a few preferred areas for
given typical images/scenes. Subjective experiments have also
shown a strong correlation for these preferred areas among

include contrast [2], shape of objects [3], size of objects [4],
color [5], location [6], and context of a given image. It has

the involved test subjects provided that the same context is

also been shown that people in an image attract immediate

viewed. In light of the limited available and expensive resources in

attention by the human observer [7]. Furthermore, it has

technical systems such as mobile multimedia systems, it would

been observed that objects in the foreground of an image are

therefore be favorable to explore ndings about the operation
of the HVS in the design of technical communication systems.
This paper aims at stimulating such HVS driven approaches in

given preferable attention over objects in the background of
an image. As such, it is natural to exploit characteristics of

the context of preferential image coding; the region of interest

the HVS, especially ROI coding, in the design of technical

(ROI) coding and its potential application in wireless imaging.

systems. So far, applications of ROI coding have mainly been

In particular, we will elaborate on the general concepts of

focusing on source compression techniques, image quality

ROI coding, propose a framework for ROI coding for wireless
imaging, review ROI identication mechanisms, and discuss ROI
support by non-standardized techniques and ROI support in the

evaluation, image databases, and strategies for advertising.
However, the use of ROI coding for wireless imaging in mobile

JPEG2000 standard. As this paper is of conceptual nature, the

radio systems or wireless local area networks (WLAN) appears

work will be consolidated in a classication of contemporary ROI

to mainly concentrate in combination with approaches that

coding techniques including a discussion of their advantages and

deploy unequal error protection [8][12]. On the other hand,

disadvantages. As a consequence, a number of application areas
of ROI coding are identied with the major focus given to the
eld of wireless imaging.

more general approaches of using ROI coding with RRM can
be expected to perform favorable in terms of overall system
capacity over traditional RRM techniques.

I. I NTRODUCTION

Moreover, ROI coding potentially allows specied regions

The rapid growth of the third and development of future

of interest to receive preferential treatment at compression-

generation radio communication technologies has led to a

time whereby these regions can be compressed at a higher

signicant increase in the demand for multimedia commu-

quality than the rest of the image. This allows further gains

nications involving image and video services. However, the

in compression efciency to be achieved at the expense of

hostile nature of the radio channel, which is time-varying

the quality of the less important background image infor-

and susceptible to multipath fading, makes the deployment

mation while preserving the quality of the more important

of such multimedia services much more challenging as would

ROI image information. Thus, ROI coding is applicable in a

be the case in a wired system. Limitations are also imposed on

radio environment where the aim is to efciently utilize and

these services due to the constraints on the available spectrum

manage the scarce radio resources whilst at the same time

resources. Especially, image and video services require a

guarantee a satisfactory end-user quality of service (QoS).

substantial amount of bandwidth compared to speech services,

As a consequence of the high compression efciency of ROI

which in turn results in increased terminal power consumption

coding, the resulting data streams are highly susceptible to the

and potentially reduced range. Radio resource management

effects of transmission errors. Even though a number of error

(RRM) has therefore gained particular attention in the design

resilience tools have been incorporated with certain standards,

of modern mobile radio systems where high bandwidth de-

these do not guarantee that the received data is free of errors.

manding services and mixed trafc characteristics pose key

Thus, it is recommended to use advanced error control coding

challenges on the resource management. Efcient utilization

along with ROI coded multimedia services in mobile radio

of bandwidth in digital imaging and video services is achieved

applications to minimize the effect of transmission errors.

by the use of various compression techniques. In this paper,

In view of the above, this paper aims at stimulating HVS

we are interested in preferential image coding; the region of

driven signal processing approaches in terms of preferential

interest (ROI) coding and its potential application in wireless

image coding; the ROI coding and its potential application in

imaging.

wireless imaging. In particular, we elaborate on the general

The concept of ROI coding is motivated by studies in

concepts of ROI coding, present ROI denitions and identi-

the elds of human vision and electronic imaging, which

cation mechanisms, and discuss ROI support by non-standard

have revealed that the human visual system (HVS) tends to

techniques and as suggested in the JPEG2000 standard. This
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will be consolidated in a classication of contemporary ROI
coding techniques including a discussion about their advantages and disadvantages.
This paper is organized as follows. Section II describes
general concepts of ROI coding. In Section III, a framework
for use of ROI coding in wireless imaging is presented.
Subsequently, Section IV elaborates on approaches that support ROI identication as this would be a crucial function
in exploiting ROI coding in applications such as RRM in
mobile multimedia systems. In Section V, we provide a survey
of realizations of ROI coding techniques ranging from nonstandardized approaches to JPEG2000 and research focusing
Fig. 1.

on improving JPEG2000. In Section VI, advantages of ROI

Image with helicopters as ROIs [58].

coding in different applications are presented. Section VII
concludes the paper.

progressive transmission of images. In view of dening an
ROI in a technical system, different shapes may be consid-

II. G ENERAL C ONCEPTS OF ROI C ODING
The sizes of digital images and videos have been increasing
continuously in recent years, which in turn has increased
storage demands as well as bandwidth requirements for their

ered for segmentation the image/scene content into ROI and
background such as circle, rectangle, elliptical segmentation,
or even arbitrary shapes.

transmission. Source compression is the most common technique used to cope with these resource problems. These

B. Image Classes and Region of Interest

techniques may take advantage of different features of the
HVS. For example, the HVS has been shown to be more
sensitive to the luminance (brightness) of an image/scene
and less sensitive to its chrominance (color) information.
This has lead to preferential treatment of luminance over
chrominance during compression, i.e. more compression is
imposed on chrominance while less compression is applied
to the luminance. As far as imaging is concerned, the Joint
Photographic Experts Group (JPEG) and JPEG2000 standards
have used these types of HVS characteristics.

As far as implementation of ROI concepts in technical
systems is concerned, a classication of image types with
reference to their source of origin and/or application may be
useful. In the sequel, some of the prominent image classes
along with the related notion of ROI that is typically associated
with these classes are identied and explained.
1) Digital photographs: This class of images is produced
using a digital camera such as a pocket camera, professional
camera or a mobile handheld equipped with a digital camera.
Accordingly, the range of content may vary from portraits
of people, photos of groups of people, architectural buildings

A. Region of Interest
While luminance and other features are commonly applied
to whole images, additional compression gains can be obtained
by exploring spacial sensitivity of the HVS. Studies have
shown that the HVS is more sensitive to certain areas than
the rest of an image. For example, for the image shown in
Fig. 1, the majority of human observers will give preferential
attention to the two helicopters while the remainder of the
image will hardly attract the observers interest. In general,
the areas or regions of the image which attract the HVS
attention more are called ROIs while the rest of the image

and landmarks, and landscapes. As such, an ROI is naturally
related to the type of content, for example, faces of people in
a group.
2) Satellite images and aerial photographs: Satellite images include images of the Earth or other planets taken from
satellites. Arial photographs are images of the ground taken
from the air, for example, using a helicopter or aircraft.
These images can have a variety of ROIs depending on the
application. Typical examples include buildings, tanks, and
planes on military bases.

is called background. In literature, different terms are used for

3) Medical images: This class refers to images of the hu-

ROI such as preferential area, zone of interest, focus of

man body or parts of it, taken for either diagnostic and exam-

attention, object of interest [13] and targets [14]. Keeping

ination purposes for different diseases or for study purposes.

terminology with the majority of publications, we will use the

Endoscopic images, thermographic images, and retina fundus

term ROI. In this sense, ROI coding refers to image and video

images are examples of medical images. ROI in this class of

coding that gives preferential treatment to ROIs.

images can vary depending upon many factors including the

Apparently, ROIs can have arbitrary shapes and sizes and

disease under consideration.

can be different for different observers and for different image

4) Document images: These are images of different doc-

classes. Furthermore, ROIs can be static or dynamic. The

uments generated by scanning the printed documents. These

static or xed ROIs are those dened at encoding time and

documents can be of any type used in residential homes and

cannot be changed later on while the dynamic ROIs are those

ofces. The ROIs in this class of images may be printed text,

dened and/or changed interactively by the users during the

handwritten text, and stamps etc.
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probability density functions with respect to each subband
in the transmitted and received image. The attribute of being
reduced-reference relates to the fact that this metric does not
rely on the availability of the original image but requires only
information of some image properties.
2) Measure of structural similarity: A full-reference metric
has been reported in [20] requiring availability of the original
image for its operation as is the case with PSNR. Although
(a)
Fig. 2.

58.48 dB

the applicability of this metric for wireless imaging is limited

(b)

due to its full-reference nature, it may serve as a benchmark

Sample image Mandrill: (a) Original image giving PSNR=
and HIQM =

and HIQM =

24.2

24.2,

(b) Mirrored image giving PSNR =

14.59 dB

[16].

test for the reduced-reference metrics. This metric is based
on the degradation of structural information. Its outcome is a
measure of structural similarity (SSIM) between the reference
and the distorted image.

C. Quality assessment of ROI coding schemes

3) Hybrid image quality metric: The reduced-reference

Quality assessment of particular source compression or ROI

hybrid image quality metric (HIQM) as proposed in [15]

coding schemes are often based on using measures such as

focuses on extracting different features of an image. Namely, it

peak signal-to-noise ratio (PSNR) and mean squared error

considers blocking, blur, image activity, and intensity masking

(MSE). However, both measures are delity metrics that relate

each described by its own metric. The contribution of each

to pixel-by-pixel comparisons, they not necessarily correlate

feature to the overall image quality is calculated as weighted

well with human perception [17], [18]. In order to better

sum of the involved feature metrics. It is noted that these

correlate the performance of image or video processing ap-

weights were extracted by statistical analysis of subjective

proaches to the actual quality as perceived by humans, it is

experiments. The HIQM value is calculated for both the

suggested to deploy measures that incorporate aspects of the

original image and distorted image, thus, quality degradation

HVS. We will refer to these measures as objective perceptual

is indicated simply by their difference. Due to the limited

image quality measures when they are based on algorithms that

bandwidth of the radio channel, HIQM seems to be well suited

mimic characteristics of the HVS and subjective perceptual

as the overall perceptual quality measure can be represented

image quality measures when they are deduced from subjective

by a single number. This number can be concatenated with

experiments. In particular with ROI coding, which itself is

the data stream of each transmitted image without creating

based on characteristics of the HVS, it would be natural

too much overhead.

to replace delity metrics with objective perceptual quality
metrics.

4) Normalized

hybrid

image

quality

metric:

Although

HIQM uses feature value normalization, namely relevance

To further motivate this perceptual-based image quality

normalization, an extreme value normalization would be more

assessment, Fig. 2 presents the example of sample image

convenient in view of comparisons with other distance mea-

Lp -norm.

Mandrill showing (a) the original image and (b) the same

sures such as the

image but mirrored with respect to a vertical axis placed at the

been presented in [21], [22]. The normalization ensures that

center of the horizontal axis. Clearly, PSNR cannot cope with

the weights of the different feature measures fall into the same

this type of operation as pixels would not line up between

range. It is also suggested in this work to optionally clip the

unprocessed and mirrored image. In this example, it would

normalized feature values that are actually calculated in a real-

suggest a signicant reduction in image quality indicated by

time wireless imaging application to fall in the interval [0, 1].

the decrease of PSNR from

58.48 dB

to

14.59 dB.

The related NHIQM approach has

In contrast,

For example, severe signal fading due to multipath propagation

perceptual-based quality metrics such as the hybrid image

could result in signicant image impairments at certain times

quality metric (HIQM) [15], [16] can be expected to better

such that the user-perceived quality is in a region where the

align with quality as perceived by humans. For the example

HVS cannot differentiate anymore among quality degradation

shown in Fig. 2, HIQM actual gives the same value of 24.2 for

levels.

both the original image and the mirrored image as the viewing

III. F RAMEWORK OF ROI C ODING FOR W IRELESS

experience is the same.

I MAGING

In recent years, a number of metrics that are based on image

Having motivated a HVS driven system design paradigm,

features rather than image delity have been proposed such as

key functionalities with respect to wireless imaging are identi-

the following measures:
1) Reduced-reference

image

quality

assessment:

The

reduced-reference image quality assessment (RRIQA) tech-

ed in this section. Fig. 3 illustrates the associated conceptual
framework of ROI coding for wireless imaging.

nique has been proposed in [19]. It is based on the natural

At the transmitting end, source encoding and channel en-

image statistic model in the wavelet domain. In particular,

coding represent the unique processing blocks in this frame-

it calculates the distortion between received and transmit-

work that explore characteristics of the HVS for efcient

ted image using the Kullback-Leibler distance between the

image compression and enable reliable transmission of the
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Fig. 3.

A framework for ROI coded image transmission over error prone radio channel.

compressed image data over the radio channel, respectively.

depending on the source compressed image data and the

In contrast to the conventional image compression approaches

progression of the transmission conditions on the radio channel

of using spatial redundancy and psychovisual redundancy for

over time including the following options:

lossy compression, we suggest to also deploy ROI coding

• Preferential channel encoding of header and ROI infor-

for the preferential areas. This allows for another degree of

mation over other components of the bitstream.

freedom in the design of an efcient overall system supporting

• Adaptation between EEP and UEP depending on the

the following mechanisms among others:

channel conditions.

• Support of explicit link adaption by providing a range of

• High quality source encoding of ROIs over background

UEP codes.

to reduce bandwidth and storage requirements.

• Controlling of ROI and background compression rates

• Implicit link adaption with focus on the ROIs using error

subject to given QoS constraints. In other words, bit rate

detection along with automatic repeat request (ARQ) and
soft-combining techniques.

may be traded off with QoS and vice versa.

• Increasing the tool set for producing a desired bit rate

At the receiving end, the reverse operations to the ROI

budget other than by the conventional bits per pixel (bpp)

encoding and channel encoding need to be performed, given

considerations.

by the related channel decoding and ROI decoding algorithms.

• Offering additional source signicant information that can

The major challenges at the receiver, however, may be imposed

be used to advice more efcient channel coding schemes

by the calculation of suitable quality measures. As far as

for source compressed image data other than preferential

mobile multimedia systems in general and wireless imaging in

treatment of headers over payload.

particular is concerned, approaches that support objective per-

• Increasing the options for explicit link adaptation in terms

ceptual quality assessment have gained increased attention just

of ROI versus background compression to accompany

recently. Hence, especially no-reference or reduced-reference

power control, adaptive modulation, and adaptive channel

objective perceptual quality metrics are still needed as the

coding.

original image content would not be available at the receiver.

• Enabling to produce HVS based key performance indicators that may be explored for charging models.

These metrics may then be fed back to the transmitter to be
used for link adaptation purposes.

The conceptual components of ROI coding include auto-

It shall be noted that the proposed framework of ROI

matic ROI identication as a rst processing step and the

coding for wireless imaging may scale towards wireless video

subsequent encoding of the ROI area or shape. Owing the fact

services. However, spatial-temporal redundancy would need

that the contemporary image coding techniques use some form

to be considered in this case requiring to process visual

of linear block transform, ROI representation may include a

information across a sequence of frames.

transform of the ROI shape into an ROI mask with respect

IV. ROI IDENTIFICATION

to the transform coefcients. The subsequent preferential ROI
encoding may then be combined with the usual image com-

Given the important role of ROI identication within the

pression steps such as quantization, linear block transform,

framework of ROI coding in wireless imaging as shown in

encoding, and bitstream generation.

Fig. 3, some of the related identication methods are described

The bitstream released by the ROI encoder constitutes the

in this section.

input to the channel encoder. In addition to conventional

The importance of image content to viewers varies largely

bitstream compositions such as headers, markers, and payload,

with the content itself and the class of image under considera-

the additional source signicant information given by the ROIs

tion. This variation makes the task of automatic identication

calls for replacing equal error protection (EEP) by unequal

of ROIs more difcult and it becomes challenging for an

error protection (UEP) or incremental redundancy concepts.

algorithm to identify ROIs such that they correlate well with

This increases the exibility in adaptation of channel coding

the ones identied by the human observer. To increase this
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correlation, human perception and visual attention (VA) should

types of ROIs are detected differently. For FI ROIs, rst, the

be taken into account when developing algorithms to identify

document classication is done based on matching the input

ROIs. Different approaches and algorithms for automatic ROIs

document with a library of predened document models to

identication and extraction can be found in literature [13],

nd the best match. After the input document is classied, the

[23][29], some of which are discussed in the sequel. It may be

exact locations of FI ROIs are known based on the document

concluded from this overview that the area of ROI identica-

model of that category. The class of SS ROIs are detected

tion constitutes a eld which needs further work on algorithms

using connected component analysis based on color and shape

supporting efcient wireless imaging. For example, although

information and the HW ROIs are located by handwriting

two methods for ROI coding are dened in JPEG2000 [30]

identication using an incremental sher linear discriminant

[32], no procedures are given for automatic ROI identication.

classier. After merging of all the three types of ROIs, a nal
ROI mask is constructed and nally the document is encoded

A. Visual Attention Based ROI Identication

with the JPEG2000 encoder using the generated ROI mask.

An image coding scheme in conjunction with automatic ROI

The method works well in the detection of ROIs for nancial

identication is presented in [33]. In this work, rst ROIs are

documents. After some modications, the method may be used

identied using an algorithm [23], [24] that simulates VA.

for ROI detection in other types of document images but it

After rening these ROIs [34], the image is nally encoded

cannot be used for other image classes.

following JPEG2000 Part 1.
The VA simulation algorithm is based on the hypothesis
that visual attention is, to a certain extent, dependent upon
the disparities between neighborhoods in the image. Although,
the results described in [23], [24] lend some support to the
conjecture, more experiments are needed to further clarify this
hypothesis and the performance of the algorithm.

V. ROI CODING T ECHNIQUES
In this section, we consider some typical non-standard ROI
coding techniques that have been proposed as well as ROI coding in the JPEG2000 standard along with amendments to this
standard. This will reveal the tool set and existing approaches
that may be deployed in wireless imaging applications.
A. Non-Standard Techniques

B. Knowledge Based ROI Identication

Many different schemes for preferential image coding have

A knowledge based hierarchical ROI detection method is
proposed in [26]. This method comprises of three steps as
will be explained in the following paragraphs.

been proposed in the literature of which a representative
selection shall be presented in the following.
1) ROI coding scheme for digital photograpghy: A progres-

In the rst step, object grouping is performed based on

sive ROI image coding technique based on improved zerotree

their optical characteristics and then within each group proper

wavelet (IEZW) algorithm [36] has been proposed in [37].

resolutions are assigned to objects of similar sizes.

After applying a wavelet transform, the algorithm encodes the

In the next step, ROIs are detected for a given resolution

wavelet coefcients in three stages as follows. Firstly, only the

N

commencing with extracting different image features based on

ROI coefcients for

color, intensity, edges, and others. Then, some morphological

(SAQ) iterations are encoded. Then, the coefcients related to

operations are performed to split overlapping objects and to

the background region are encoded for the next N iterations.

merge different regions to form a complete description of one

Finally, encoding is performed on all wavelet coefcients of

object in one region. Finally, the detected ROIs are veried

the image until the desired bit rate is achieved. The quality

on bases of supervisory information.

of the ROI increases with the number

successive approximation quantization

N

of SAQ iterations.

In the last step, redundancy that may have been introduced

The location information of the ROI is encoded using the

in the preceding ROI detection step due to downsampled

coordinate data compression (CDC) method [38] in the lowest

versions of the input image is removed by pixel grouping. The

frequency band. The simulation results presented in [37]

small candidate ROIs are then connected to form bigger ROI

indicate that, for low bit rates, this algorithm performs better

bases on the existing knowledge of ROI sizes. A probability

for the ROI compared to conventional progressive coding in

based voting method is used for proper integration.

terms of PSNR. For high bit rates, it gives the same PSNR

The advantages of the method include its ability to detect

for the whole image as the conventional approaches.

ROIs of arbitrary shapes, applicability to images containing

Regarding applications for wireless imaging, progressive

connected or broken objects, insensitivity to contrast levels,

ROI image coding is attractive, for example, in database

and robustness to noise. This approach is useful in the sit-

searches. It allows to quickly identify the content of an image

uations where some of the information about the ROIs is

using a small area that is given by the ROI and proceed to the

available.

next image if the viewed image is not of interest. In this way,
transmission capacity and service costs can be conserved as

C. ROI Identication for Document Images

only a small amount of bits need to be transmitted over the

An approach for ROI detection for the nancial document

radio link. Progressive ROI image coding can also be used

images is presented in [25]. In this method, the ROIs are

to adopt to a given bit rate budget by trading off the quality

dened and classied into three types; lled information (FI),

of ROI and background such that a given quality measure is

stamps and seals (SS), and handwritings (HW). All three

fullled.
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2) ROI coding scheme for satellite and aerial images:

JPEG2000 is a wavelet-based coding system drawing mainly

Another example of ROI coding can be found in [14] aiming

on ideas of embedded block-based coding with optimized trun-

at very low bit rates. This scheme advocates an object-

cation (EBCOT). In brief, wavelet coefcients are calculated

based wavelet technique for encoding the ROI. In the rst

to reveal the redundancy contained in the image content, the

step, contour masks are generated for all ROIs indicating the

resulting coefcients are quantized and subsequently entropy

shapes of the targets. For this purpose, the automatic target

encoded. The information in the wavelet domain is organized

recognition (ATR) system described in [39] is used. To reduce

within bitplanes with each bitplane relating to a particular

the size of information, these contour masks are downsampled

compression rate and image quality with respect to the recon-

and then coded using a differential chain code (DCC). The

struction. While the lower bitplanes relate to large compression

signicant mask in the wavelet domain is constructed by using

rates and lowest quality, the higher bitplanes relate to small

the upsampled versions of the downsampled masks. In this

compression rates and highest quality. The bitstream released

step, the image is decomposed into 22 subbands using a 5-

by the encoder is organized accordingly, commencing with the

3 biorthogonal 2-D discrete wavelet transform (DWT). Then,

highest bitplane followed by the underlying bitplanes.

two normalized sequences are produced for each subband; one

Preferential encoding of the ROI is one of the unique

consisting of wavelet coefcients related to the ROI and the

features of JPEG2000 [30], [45] that makes it suitable for

other to the coefcients of the background. In the next step,

applications such as imaging over error prone channels. In

these normalized subband coefcients are encoded using a

the sequel, the two methods for ROI coding dened in the

xed rate trellis code quantizer (TCQ) [14]. Finally, the bits

standard, general scaling based (GSB) and maximum shift

are allocated optimally in the MSE sense as suggested in [40].

(MAXShift) method [30][32], are presented.

In view of wireless imaging, one advantage of the above

1) General scaling based method: In GSB [30], [32] the

algorithm and similar schemes is its ability to scale the quality

quantized wavelet coefcients associated with the ROI are

of the regions of interest. In addition, the potential of operating

scaled up by a given value, so that the corresponding bits

with very low bit rates, such as related to compression ratios of

are placed in higher bitplanes compared to the background as

320:1, would be a benecial feature for wireless applications.

shown in Fig. 4. For this purpose, the ROI shape needs to be

3) ROI coding scheme for medical images: A detailed

dened, encoded, and included in the bitstream. This shape is

survey on ROI coding for the class of medical images can

represented by the so-called ROI mask, a bitplane indicating

be found in [41]. In the sequel, we will discuss the method

those quantized transform coefcients that are sufcient for the

presented in [42] as an example of this class.

decoder to reconstruct the ROI. In order to reduce processing

In particular, the image compression algorithm proposed
in [42] aims at reducing storage data with lossless ROI but

complexity and overhead, only rectangular and elliptical ROI
shapes are allowed.

lossy background compression. The algorithm is based on

Advantages of GSB include simple means of adjusting

the hierarchical subband decomposition called S+P transform

the preferential treatment of ROI compared to background

(Sequential transform + Prediction) [43], which is an integer

by choosing the scaling value and the potential of dening

wavelet transform. The algorithm is organized in the following

multiple ROIs with different priorities.

steps. Firstly, normalization of coefcients is done after taking
S+P transform. Then, the ROI mask is calculated following
the same steps as the forward S+P transform. Subsequently,
a progressive quantization of the calculated coefcients is
performed using a modied version of the set partitioning in
hierarchical trees (SPIHT) algorithm [44]. The results are kept
in order of importance. Finally, the symbol stream is encoded
using entropy encoder.

2) Maximum shift method: In MAXShift, the quantized
wavelet coefcients associated with the ROI are scaled up by
an amount such that ROI and background coefcient bitplanes
do not overlap. In this way, the ROI coefcients are elevated to
bitplanes above those for the background coefcients as shown
in Fig. 4. As a consequence, ROI information is placed rst
in the bitstream and hence no background can be processed
before the whole ROI is decoded. Clearly, all coefcients
above a distinct bitplane belonging to the ROI while those

B. ROI Coding in the JPEG2000 Standard
As far as imaging is concerned, JPEG2000 is the latest version of a series of standards for image compression developed
by the Joint Photographic Experts Group (JPEG). JPEG2000
is thought to provide superior performance and overcome
limitations of the existing JPEG image compression standard,
which suffers from blocking and ringing artifacts, especially
at high compression rates. The rich feature set of JPEG2000
include superior compression performance, multiple resolution
representation, bitstream organization mechanisms to facilitate
progressive decoding by quality and/or by spatial resolu-

coefcients below that bitplane relate to the background. As
a result, neither overhead nor complexity has to be spend for
ROI mask features.
The advantages of MAXShift include the fact that no ROI
shape needs to be encoded and transmitted, which reduces bit
rate and processing complexity at encoder and decoder. Also,
arbitrary ROI shapes are supported and different subbands can
be treated differently [32].
C. Amendments to ROI coding in JPEG2000

tion, single architecture for both lossless and lossy compression, ROI coding and error resilience tools. Conceptually,

Despite all benets, JPEG2000 has certain limitations.
MAXShift has limitations including those listed below:
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Fig. 4.

ROI coding in JPEG2000 [47], [51].

• Relative importance between ROIs and background cannot be controlled.

Fig. 5.

• No more than one ROI out of several ROIs can be

ROI coding using BbBShift and GBbBShift as in [47] [48].

encoded with different priority.

• No background information can be processed until all

of ROI coefcients, the second category comprises of the
subsequent

ROI coefcients are fully decoded.

• Large bit shifts for ROI coding may cause bit overows.
GSB overcomes some of the above listed limitations but has
its own shortcomings, such as those listed below:

2s2

and unassigned

bitplanes containing

s2

s2

MSBs of background

bits of ROI coefcients alternately, while

the third category contains the remaining least signicant
bitplanes of the background. Here the sum

s1 + s2

is equal

to the largest number of bitplanes for ROI coefcients. This

• ROI shape information needs to be encoded, which

bit assignment scheme is illustrated in Fig. 5a.

increases overhead and complexity.

• Arbitrary shaped ROIs other than rectangular and elliptical cannot be encoded with GSB.

The so-called generalized bitplane-by-bitplane shift (GBbBShift) method proposed in [48] expands on BbBShift. Specifically, after arbitrary non-overlapping ROI and background

Suggestions have been given to overcome these limitations

bitplane shifting, a binary bitplane (BP) mask is created that

and to improve ROI coding in the existing JPEG2000 standard.

locates the shifted ROI and background bitplanes. Each bit of

These approaches fall into two main categories i.e. coef-

the BP mask represents one bitplane as shown in Fig. 5b. The

cient scaling based methods and packet rearrangement based

BP mask is encoded and transmitted which assists the decoder

methods. Some of the approaches covering above mentioned

in shifting the bitplanes back to their original order.

categories are demonstrated below and a comparison is made
at the end of this section.

The BbBShift/GBbBShift methods allow early decoding of
signicant bitplanes of the background once sufcient ROI

1) MAXShift-like method: An improvement for MAXShift

quality is achieved. Clearly, more exible control of ROI

and GSB is proposed in [46]. Suggestions are given on how

and background is supported by BbBShift/GBbBShift which

to choose the optimal scaling value for MAXShift and the

would operate favorable within the considered framework for

padding of the extra bits appearing during the shift operation.

wireless imaging. Moreover, the ROI shape does not to be

Also a new ROI coding algorithm called MAXShift-like

encoded while arbitrary scaling values are allowed.

algorithm is presented. The MAXShift-like algorithm uses a
smaller scaling value compared to MAXShift.

3) Most/partial signicant bitplane shift method: In the
most signicant bitplane shift (MSBShift) method [49], also

The MAXShift-like algorithm reduces the bit rate compared

known as partial signicant bitplane shift (PSBShift) [50], only

s

to MAXShift at the cost of a slightly decrease in ROI and

the

background qualities. MAXShift-like improves over GSB by

other bitplanes at their original places (Fig. 6).

most signicant ROI bitplanes are shifted keeping the

removing the need for encoding and transmitting ROI shape

The advantages of the method include that relative impor-

information. The generated codestreams can be handled by

tance of ROI and background can be adjusted, multiple ROIs

any JPEG2000 decoder.

can be handled using different priorities, and arbitrary shaped

2) Bitplane-by-bitplane

shift/Generalized

bitplane-by-

ROIs can be handled without shape encoding.
4) Hybrid bitplane shift method:

bitplane shift method: A bitplane-by-bitplane shift (BbBShift)

Another ROI coding

based ROI coding method is presented in [47]. Instead of

method called hybrid bitplane shift (HBShift) method is pre-

scaling all the bitplanes of ROI coefcients with the same

sented in [51], which is actually a combination of the BbBShift

amount as in JPEG2000, the scaling is done differently

and MSBShift methods. Here, the coefcient bitplanes are

for different bitplanes. The resulting bitplanes after scaling

divided into three parts; the most signicant bitplanes of

can be divided into three categories; the rst and most

ROI (MSR), the general signicant bitplanes of ROI and BG

signicant category contains

s1

most signicant bits (MSBs)

(GSRB), and the least signicant bitplanes of ROI and BG
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dynamic ROI encoding and supports regular polygonal-shaped
ROIs.
6) Multi-level-priority based packet rearrangement method:
This method allows for gradual priority change between
ROIs and background [10], [11]. Instead of dening two
priority levels, one for ROIs and the other for background,
multiple priority levels are introduced between ROIs and the
background. The highest priority level is assigned to ROI
packets while for the background packets, the priority drops
following a Gaussian distribution. After priority assignment,
the packets are rearranged among the layers regarding their
level of priorities. The main header of the nal codestream is
modied to accommodate the new generated layers and empty
packets are created where necessary.
Controlling relative importance between ROIs and backFig. 6.

ROI coding using MSBShift/PSBShift.

ground in each decomposition level and handling multiple
ROIs with different priorities are among the benets of this
method.
7) Low priority packet supersession based packet rearrangement method: Another approach of ROI coding based
on packet rearrangement is proposed in [53], which is similar
to the demand driven method discussed above. The only
difference is that no new layers are created and the packets
with priorities lower than certain values are suppressed instead
and therefore there is no need to update the main header.
As such, this method is simple and fast. Also, re-encoding
of the image, i.e. updating the main header, is not needed.
D. Comparison of ROI Coding Methods
A comparison among different approaches of scaling based
ROI coding is given here and summarized in Table I. The

Fig. 7.

ROI coding using HBShift.

features used for classication of these methods are:

• Support of multiple ROIs with different priorities.
(LSRB). The MSR and GSRB bitplanes are shifted in a way

• Relative preference control for ROI and background.

similar to the BbBShift method while the encoding of LSRB

• Support of arbitrary shaped ROIs without need for shape

bitplanes is done without any shift like in MSBShift method

encoding and transmission.

(see Fig. 7).

• Compatibility with JPEG2000 standard.

The advantages of the method include; arbitrary ROI shapes
can be encoded and for this purpose no ROI shape information
is needed to be encoded and transmitted, the relative importance of ROI and background can be controlled and multiple
ROIs can be encoded with different priorities.
5) Demand driven packet rearrangement method: A dynamic ROI coding scheme based on the rearrangement of the
packets in the encoded JPEG2000 data stream is proposed in

A more comprehensive comparison may be given if some
more features/parameters such as complexity and memory
requirements for all the methods could be measured accurately.
However, this is outside the scope of this conceptual paper as
the presented methods serve only as indication for potential
amendments in contemporary image compression techniques
towards wireless imaging.

[52]. The main idea is to place packets associated with ROI

VI. A DVANTAGES OF ROI C ODING IN D IFFERENT

rst and those belonging to background afterwards in the data

A PPLICATIONS

stream so that the ROI can be received and decoded before

It is important to understand the effects of preferential ROI

the background. The packets linked to the user-dened ROIs

image coding on perceptual quality in order to eventually

are selected after the computation of associated precincts. The

benet over non-ROI coding. As JPEG2000 is the only stan-

remaining packets in the data stream are rearranged in such

dard that supports ROI coding, preliminary research has been

a way that these selected packets are sent prior to the non-

focusing on this standard and its ROI coding approach.

demanded packets, now considered as background for the rest
of the transmission or until a change in the user demands

A. General Performance Characteristics of ROI Coding

occurs.

1) Subjective experiment: The work presented in [33] in-

The demand driven packet rearrangement method allows for

vestigates on perceptual quality of ROI coding versus non-ROI
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TABLE I
C OMPARISON
Name

BETWEEN DIFFERENT

Support of multiple ROIs encoding
with different priorities

ROI

CODING METHODS.

ROIs and background

Arbitrary shaped ROIs

relative preference control without shape encoding

Compatibility with
JPEG2000 standard

MAXShift

-

-

X

Included in the standard

GSB

X

X

-

Included in the standard

MAXShift-Like

-

X

X

X

BbBShift/GBbBShift

-

X

X

-

MSBShift/PSBShift

X

X

X

-

HBShift

X

X

X

-

coding. Detection of the primary ROIs was done using a VA

rather than advancing ROI coding. As for the ROI coding using

algorithm [23], [24], [54]. Images were ROI encoded using

different code block sizes, it was observed that the selection

the MAXShift method of JPEG2000. A subjective experiment

highly dependents on bit rate, ROI size and priority of ROI

was conducted involving ten subjects (8 male and 2 female

compared to the background. For high bit rates, large ROI or

viewers) to reveal the relationship between encoding/decoding

nearly equal important ROI and background, a block size of

mechanisms and perceptual quality. It was concluded that ROI

32 × 32

coding performs well for image content that comprises of a

be used when ROI size is small compared to image size, bit

distinguished ROI over background of little relevance. The

rate is low or when ROI has high priority over background.

favorable operation of ROI coding seems to decrease with

In addition, it is also suggested to use code block selection

an increase of contextual detail in the background. It was

where arbitrarily shaped ROI is expected to be extracted from

also concluded that the benets of ROI coding over non-ROI

the coded bitstream. Finally, the coefcient scaling based ROI

coding increases with the decrease of bit rate in terms of bits

coding seems to perform best in scenarios where arbitrary

per pixel. Specically, it was suggested that coefcient scaling

shaped ROIs are needed and ROI accounts for less than 25%

based ROI coding is best in situations where arbitrary shaped

of the image.

ROI needs to be encoded in the bitstream and where ROI size
is less than

25%

of the image size.

was suggested while a

16 × 16

block size should

B. Exploring ROI Coding for Wireless Imaging

Although this experimental work indicates benets of ROI

Combining ROI coding with channel coding, in particular

coding in certain scenarios over non-ROI coding, larger sub-

using UEP over EEP, is a natural choice for exploring spatial

jective test campaigns would need to be conducted. In order

detail. Three UEP schemes for ROI coding are reported in the

to produce statistically more relevant results, a methodology

sequel. They all support the favorable operation of ROI coding

following ITU-R Rec. BT.500-11 [55] is recommended. This

in conjunction with UEP for wireless imaging.

would involve a group of at least 20 test subjects and the exper-

1) UEP and ROI Coding: The scheme proposed in [56]

iment to be conducted in two independent visual laboratories.

takes advantage of the hierarchical nature of the ROI coding

In view of applications in wireless imaging, it would also be

of JPEG2000. It uses MAXSHift for ROI coefcient scaling

interesting to investigate whether the benets of ROI coding

and applies two levels of error protection. Strong protection

are more pronounced once impairments to the JPEG2000

is given to the ROI packets using the (24,12) extended Golay

compressed image are imposed by the error prone radio

code and relatively weak protection is given to the background

channel as an ultimate test of its applicability. Furthermore,

packets using the (8,4) extended Hamming code. Conventional

ROI coefcient scaling methods other than MAXShift may

EEP was considered for comparison. The average PSNR of the

perform differently and should be analyzed for comparision.

ROI and the background information over 100 tansmissions of

2) Mechanisms of processing spatial detail: In [54], an in-

the image under test and number of openable images (openable

Kakadu

vestigation about the impact of the three different mechanisms

with the

provided in JPEG2000 for encoding/decoding of spatial detail

schemes. The results show that the images protected by UEP

on the perceptual image quality is provided. In particular,

offer higher PSNR compared to those protected by EEP. For

tiling of ROI and background, code block size selection,

the scenario considered in this work, it has also been observed

and scaling of ROI coefcients are considered. Performance

that none of the received images was decodable at a signal-to-

assessment was done using the delity metric PSNR and was

noise ratio of

not linked to a perceptual metric or a subjective experiment.

received images were decoded when UEP was utilized.

6dB

software [57]) were compared for both

when EEP was used whereas

42%

of the

The numerical results produced in this work support the

2) Adaptive UEP and ROI Coding: In [12], the priori-

following conclusions. ROI coding using tiling was not found

tized adaptive unequal channel protection (PAUCP) scheme is

to be efcient. This is thought to be due to the primary purpose

presented. It assigns protection to each JPEG2000 packet by

of tiling being a mechanism to reduce memory requirements

making use of adaptive unequal channel protection (AUCP)
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[8], [9] and the priority of the packet based on its distance

UEP of headers and ROI over background information in

from the center of the ROI as presented in [10]. Simulation

the codestream. Eventually, advantages of ROI coding and

results for Rayleigh fading channel showed an improvement

some related work that explores ROI coding is reported and

in the visual quality of the reconstructed images compared

discussed. Although ROI coding has been shown to operate

to different channel protection techniques at different channel

favorable over non-ROI coding, the related work appears to be

conditions and bit rates.

inconclusive. It may be recommended to perform larger scale

3) JPEG2000 Wireless: In April 2007, the JPEG2000 im-

subjective experiments as well as expanding towards studying

age coding system Part 11: Wireless, also referred to as JPWL,

the effects of the error prone channel on the perceptual quality

has became a published standard [59]. JPWL employs error de-

and not solely concentrate on the ROI coding algorithms

tection and error correction techniques to the codestream in or-

in isolation. Similar scope appears to exist when it comes

der to facilitate transmission of JPEG2000 encoded image data

to exploiting the ROI feature as only a few UEP coding

over error prone wireless channels and networks. It basically

approaches have been suggested so far while efcient link

addresses the fact that the error protection technique advised

adaption schemes could further strengthen the benets of ROI

in the JPEG2000 core standard operates on the premise of

coding in wireless imaging. The work presented in this paper

error-free headers, which in many applications such as wireless

can support the understand of the relationship between the

imaging over radio channels may not be fullled. In particular,

fundamental components of ROI coding for wireless imaging

JPWL species two cyclic redundancy check (CRC) codes, the

and stimulate the consolidation of those elds that may still be

16-bit CRC-CCITT (X25) and 32-bit Ethernet CRC to be used

considered as underdeveloped. It can also seen as a platform to

in the common way for error detection. Alternatively, a set of

expand HVS based methodologies towards cross-layer design

Reed-Solomon (RS) codes for a variety of block lengths and

techniques for wireless multimedia systems and general RRM

error correction capabilities are specied. The set of RS codes

strategies other than explicit and implicit link adaptation.

is used for forward error correction and enables to perform
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ABSTRACT
Formulating and processing of multimedia queries using
mobile devices presents many challenges. This is due to
the limitations of the devices themselves and the cost of
the bandwidth involved in transmitting multimedia data
between servers and devices. In this paper we propose a
novel approach: “query streaming” which uses Reverse
Polish Notation to perform multimedia query-by-example
on a mobile device and server. An important advantage of
query streaming is the ability to perform a query within the
previous result set. To solve the problem of limited
resources, the concept of result set examination using
Fragment Request Units and Fragment Update Units is
also explored. MPEG BiM compression is performed on
the communication messages to further minimize
transmission requirements.

1. INTRODUCTION
The area of multimedia query has received considerable
attention lately, as a result of the phenomenal growth of
user created multimedia content. This explosion in user
generated content is visible in the popularity of
multimedia sharing sites such as YouTube [1], VideoJug
[2] and Flickr [3]. Predictably, searching those multimedia
items is a non-trivial task that requires metadata to be
attached to the multimedia items in question. Examples are
the low-level descriptions of MPEG-7 [4] and higherlevel, semantic metadata such as Dublin Core [5].
Attaching the correct description to the multimedia items
remains a major problem to be solved today, due to the
volume of source data to be described. Requiring a human
to sift through all the data he/she created is non-optimal
due to the intensive nature of the task and subjectivity
involved. Some automatic and semi-automatic description
generation have been developed (such as IBM’s
MARVEL [6]) but these remains experimental.
While description generation has been partially
addressed, one basic problem remains: a standard
communication language between clients and database
solutions such as MARVEL, Google Image and others.
Some research has been done in this area, notably MRML

Figure 1. Multimedia query using mobile devices.

[7], MOQL [8] and the author’s Multimedia Query Format
(MQF) [9]. However, these approaches did not
specifically consider the restrictions imposed by mobile
devices. In this paper, we investigate the use of a mobile
device to perform multimedia query (as depicted in Fig.
1).
In today’s increasingly mobile environment, it is
inevitable that multimedia queries will be performed on
mobile devices. Compared to desktop PCs, such devices
have specific limitations such as small screen size, limited
memory and processing power and high bandwidth cost.
The hardware limitations of mobile devices are outside the
scope of this paper; here the focus is exclusively on
bandwidth usage and the cost associated.
Specifically, this paper addresses two areas:
• Bandwidth: Performing multimedia queries is
obviously a bandwidth-intensive operation; hence
some measures must be taken to minimize data
transmitted from the mobile devices to the server
because of the cost involved. Therefore, any
reduction in bandwidth usage would be helpful in
this case.
• Physical limitations: Size limitations of mobile
devices makes typing inconvenient, at best. A
method to refine a multimedia query based on an
existing query without having to perform another
query is therefore desirable. Hence, the aim would
be to search within a previous query result set with
minimal effort and overhead.
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Figure 2. Application scenario using query streaming.

One of the fundamental difficulties with query streaming is
the need to progressively construct the query and
corresponding responses. In [9], the authors proposed
MQF as a Reverse Polish Notation (RPN) based query
format. In Section 2 of this paper we discuss RPN and its
application to query streaming before briefly overviewing
MQF. The foregoing Sections then consider combining
MQF query streaming with fragment approaches to XML
retrieval. This results in efficient querying and results set
treatment in mobile scenarios.
2. QUERY STREAMING: APPLICATIONS, RPN
AND MQF
2.1 QUERY STREAMING APPLICATIONS
Two potential application scenarios using query streaming
are now considered:
1.
This scenario is illustrated in Fig. 2. Using a
mobile device, a user would like to search for a
particular song but he/she only has a portion of the
song. The server has 100 similar matches to the song
in question, and the user would like to refine the
search while avoiding the need to listen to each
potential match due to the bandwidth limitations of
mobile devices. The user might also further refine the
query by sending additional restrictions, thus
reducing the number of potential matches to a
manageable number (preferably just one).
2.
In a second scenario, a user is lost (or wishes to
identify e.g. a building) in an unfamiliar city. The user
takes pictures of the surrounding environment and
sends a query-by-example to a server. The server
returns a message saying that the image sent by the
user is too general and it has 50 sites that look similar
to the picture. The client then takes another picture to
further refine the search.

Figure 3. Example of a communication sequence
between a mobile device and a server using query
streaming. There is only one updateable result set
residing in the server at all times.

2.2 USE OF REVERSE POLISH NOTATION
Reverse Polish Notation (RPN) [10], also known as the
postfix notation, is a method of arranging an equation
whereby the operators follow the operands. This contrasts
with infix notation, where the operators are between the
operands. The advantage of RPN is that the order of
operations is implicit in the equation; hence special
operators denoting that order are not required (as with
infix notation). Another advantage is that the equation can
be processed in-order using a stack.
By using a stack, a multimedia query using RPN can
effectively be streamed to a server. This results in a query
format for mobile devices that has minimal overhead. At
one level this allows simple refinement of queries for
query-by-example. However at another level the main
advantage of this technique is the ability to perform a
search within the previous set of results, as shown in Fig.
3. In Fig. 3, there is one result set at the server and this is
updateable by the client. This requires that the client and
server have an open communication port for the duration
of the query so that the server can send intermediate
results to the mobile client. By virtue of RPN, the
intermediate results will be correct, even if the client adds
complex multiple new terms, since the server does not
need to receive the whole query to begin processing. We
call this method “query streaming”.
Query streaming can be thought of as performing a
search using e.g. the iTunes search box, where adding
another letter to the search term further refines the query
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without performing a new query. This is unlike a Google
search; where adding or removing a term in a search
requires a new search to be performed. For query
streaming, however, instead of querying a local database
(as in the case of iTunes), the refinement process is
performed over the network.

<mqf>
Modification to enable
<queryId>id_123</queryId> query streaming for the
<from>client.uri</from>
initial query.
<query stream=”true”>
<replyType>image/jpeg</replyType>
<item queryLevel=”example”>
<mpeg7:MediaData64>
AaBbCc/==
</mpeg7:MediaData64>
</item>
</query>
</mqf>

2.3 MQF – A GENERAL PURPOSE MULTIMEDIA
QUERY FORMAT
Our previous work in the area of multimedia query
resulted in a general purpose multimedia query format
called MQF [9]. MQF was designed as a simple container
format for use in multimedia query influenced by SOAP
[11]. Key strengths of MQF includes the use of RPN
notation, the concept of query levels to remove ambiguity
regarding the meaning of a query term sent by a client,
free-form operators and a simple design to provide
extensibility for the future.
In MQF, a query term can take one out of four
possible forms:
1. Exact: the term is to be matched exactly by the
server (e.g. an MPEG-7 description)
2. Example: the term is an example, where the
server is to match it as close as possible to its
database.
3. Semantic: the term is a semantic description of a
multimedia data. Semantic information means
that the information is higher level information
and cannot be extracted from the actual
multimedia data itself (e.g. creator information,
title, etc).
4. Free text: the query term is a natural language
based query with no predetermined structure.
MQF uses SOAP-like containers to act as terms in the
query and these are then stacked in an RPN sequence to be
processed by the server.
2.4 MODIFICATION TO MQF TO ENABLE QUERY
STREAMING
To achieve “query streaming” from mobile devices, a new
query format with built-in RPN capabilities is required.
Existing solutions based on the SQL [12] such as
SQL/MM [13] cannot be used for this purpose due to the
fact that SQL was designed for textual databases with a
rigid, known structure, and each SQL statement must be a
complete query. Hence, using SQL, a new query would
need to be formulated and cannot be streamed to the
server. In contrast, to achieve effective query streaming,
the query format must handle data with an unknown
structure. MQF [9] is a good candidate for performing
query streaming due to its built-in support of RPN and its
open format. However MQF was not originally designed
for query streaming, therefore some modifications are
required to enable query streaming using MQF.
A required modification to MQF is the inclusion of a
query streaming flag in the first query. All the proceeding
messages from the client (following the first query) must

Figure 4. Initial communication from the client.
<mqf>
<queryId>id_123</queryId>
<from>server.uri</from>
<replies>
<reply>
<item>
http://server/image1.jpg
</item>
<index>1</index>
</reply>
<reply>
<item>
http://server/image2.jpg
</item>
<index>2</index>
</reply>
</replies>
</mqf>

Figure 5. Server reply.

Modification
to enable
subsequent
queries.

<query streamId=”id_123”>
<item queryLevel=”exact”>
<dc:Creator>John Doe</dc:Creator>
</item>
</query>

Figure 6. Client refinement: adding a term to the query.

also include information signifying that they are part of a
query stream. An example is shown in Figures 4, 5 and 6.
In Fig. 4, the client initially sends a normal MQF query
with the added attribute of stream=true in the <query>
element, signaling the server to expect an XML fragment
for the next packet of communication. In Fig. 5, the server
then replies as per MQF specification [9]. In Fig. 6, the
client then sends a refinement of the query. In this case,
the client would like an image created by John Doe based
on the server replies in Fig. 5. Note that the client sends
only the <query> element, with the query identification
number as an attribute to let the server know that this
packet is part of the specific numbered query stream. This
identification number enables a device to potentially open
multiple query streams to the server.
By using RPN, the communication sequence shown in
Figures 4, 5 and 6 is possible and efficient since the server
can process the terms as they arrive on the server in
sequence.
3. QUERY STREAMING USING FRAGMENT
REQUESTS
3. 1 FRAGMENT REQUEST AND UPDATE UNITS
Fragment Request Units (FRUs) [14], which is part of
the MPEG-B standard [15], are created by the users to
request fragments of XML from a remote XML document.
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Mobile device

<mqf>
<queryId>id_123</queryId>
<from>server.uri</from>
<replies>
<reply>
<item>
<mpeg7:MediaUri>
http://server/1.mp3
</mpeg7:MediaUri>
</item>
<description>
<mpeg7:Genre>Rock</mpeg7:Genre>
</description>
<index>1</index>
</reply>
...
<reply>
<item>
<mpeg7:MediaUri>
http://server/100.mp3
</mpeg7:MediaUri>
</item>
<description>
<mpeg7:Genre>Country</mpeg7:Genre>
</description>
<index>100</index>
</reply>
</replies>
</mqf>

Content server

1

Search for a
song similar
to this given
example

Initial query

2

100 matching
results found
on the server

Server reply

3

What are the
genres in the
matches?

FRU request

4

Result set genres
are Rock,
Country,
Classical

FUU reply

5

Genre is
country

Refine query

Result set
2a

Figure 10. Result set residing in the server (Fig. 7-step 2a).
Updated
Result set

6

1 match sent
to the device

<FRU>
<Query>//mpeg7:Genre</Query >
</FRU>

Server reply

Figure 11. FRU request asking the server to specify the
genres in the result set (Fig. 7-step 3).
Figure 7. Query refinement using FRU.
<FragmentUpdateUnit>
<FUCommand>addNode</FUCommand>
<FUContext>
/mqf/replies/reply/description
</FUContext>
<FUPayload>
<mpeg7:Genre>Rock</mpeg7:Genre>
<mpeg7:Genre>Classical</mpeg7:Genre>
<mpeg7:Genre>Country</mpeg7:Genre>
</FUPayload>
</FragmentUpdateUnit>

<mqf>
<queryId>id_123</queryId>
<from>client.uri</from>
<query stream=”true”>
<replyType>audio/mpeg</replyType>
<item queryLevel=”example”>
<mpeg7:MediaData64>
AaBbCc/==
</mpeg7:MediaData64>
</item>
</query>
</mqf>

Figure 12. FUU reply showing the genres in the result set
(Fig. 7-step 4).

Figure 8. Initial query: Search for a song similar to this given
example (Fig. 7–step 1).
<query streamId=”id_123”>
<item queryLevel=”exact”>
<mpeg7:Genre>Country</mpeg7:Genre>
</item>
</query>

<mqf>
<queryId>id_123</queryId>
<from>server.uri</from>
<replies>
<text>100 results matched</text>
</replies>
</mqf>

Figure 13. Client sends query refinement, specifying the
server to consider only music from the Country genre and
updates the result set (Fig. 7-step 5).

Figure 9. Server reply: 100 matching results (Fig. 7–step 2).

The FRUs are created in XML (valid to the FRU schema)
from a selection of commands (known as RXEP [16]
commands). Briefly, basic FRU commands are as follows:
Src, Query, XMLPull and Stream. These commands allow

a client to select a document, query a document, issue
XML Pull commands on a document and stream subbranches of a document (for further details see [14]).
FRUs are capable of requesting any fragment of the
XML document (based on fragment size and location),
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<mqf>
<queryId>id_123</queryId>
<from>server.uri</from>
<replies>
<reply>
<item>
<mpeg7:MediaData64>
DdEeFfGg1234//==
</mpeg7:MediaData64>
</item>
<index>1</index>
</reply>
</replies>
</mqf>

Figure 14. The server sends the one matching result to the
client (Fig. 7-step 6).

thus providing clients with random access. This allows a
client to jump into any node in an XML document, or to
simply, “navigate backwards” (such an operation may be
entirely client side if previous XML fragments have been
cached locally). An example of FRU instantiation is
shown in Fig. 11. FRU provides the request mechanism
and the responses to FRUs are provided as Fragment
Update Units (FUU). These FUUs are specified in MPEG7 Part 1 [17].
MPEG-7 Part 1 specifies a textual delivery method for
delivering multimedia descriptors that are described in
XML. This method is known as Textual Encoding format
for MPEG-7 (TeM). TeM relies on the principle that an
XML document can be divided into smaller XML
fragments, which can be reassembled at the client. The
local version of the XML document on the client side is
manipulated through TeM specific commands [17] sent by
the server. TeM is capable of fragmenting an XML
document and delivering these XML fragments to a client
to recreate the original XML document structure. The
fragments are encapsulated in XML using Fragment
Update Unit (FUU) elements.
FRU and FUU can therefore work together, with the
client sending a FRU request using XPath [18] and
receiving the requested XML fragment via a FUU. The
client is then able to reconstruct a partial XML
instantiation of interest using only relevant information
provided by the FUU, instead of receiving the whole XML
document from the server (which would be prohibitive for
mobile devices).

3.2 COMBINING QUERY STREAMING,
FRAGMENT REQUEST UNIT AND FRAGMENT
UPDATE UNIT
There is a problem inherent in the scenario 1 described in
Section 2.1. What if the user received 100 matches and
does not know the genre associated with the song? The

user then could not formulate the correct query request
update without guessing. Since the mobile user cannot
view all 100 results due to the many limitations of mobile
devices, querying the result set itself (server side) to
formulate a query update became an important feature
requirement. By combining query streaming and FRUs, a
search could be easily refined on the server using FRUs
without actually changing the intermediate result set
generated by the query.
Thus a different version of scenario 1 in Section 2.1
could then be: Instead of sending another refinement to the
query, the client specifies, using FRUs, that the song in
question is part of the “Country” genre. The user can then
explore the result set in the server by sending FRU request
specifying that only music in the country genre be
considered, and instructing the server to check how many
songs matches that specification. Consequently, the user
performs a secondary search in the server’s result set
before performing a query refinement. This FRU
capability (to browse an XML tree without knowing the
underlying schema) is useful in the case of queries to a
server with an unknown metadata description scheme.
An example of the updated use case scenario is shown
in Fig. 7, with the associated example XML instantiation
shown in Fig. 8-14. The client is a mobile device with
limited hardware capability and high bandwidth cost, and
the user has no idea of the genre associated with the
example given (Fig. 8), and the server specified that it has
100 matches (Fig. 9). The client subsequently sends an
FRU request to the server asking it to specify what genres
are available in the result set (Fig. 11) and the server
replies accordingly using FUU (Fig. 12). The client is
certain that what he/she wanted is from the country genre,
and thus sends the query update (Fig. 13). The server is
left with only one match after the update, and sends the
data to the client directly (Fig. 14). The client, as a result,
does not waste bandwidth sifting through all the matches
returned by the server (which is an inherent problem with
query-by-example applications).

4. COMPRESSING QUERY COMMUNICATIONS
While FRUs and FUUs provide an efficient XML solution
for query streaming, a weakness of XML is its verbosity
size. The size of XML is obviously a problem when
dealing with mobile devices with expensive bandwidth,
especially considering that any binary data embedded
within an XML document must be converted into its
ASCII equivalent, thus expanding its size by 33%. MPEG
recognized this limitation and MPEG-7 overcomes this
limitation by providing a tool to convert XML to a smaller
binary format during transport over a network(this is
called BiM [17]).
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Table 1. MQF compression result using BiM.
Example file

Figure 8 – initial query with
embedded binary
Figure 9 – initial server reply
Figure 13 – query refinement
Figure 14 – final server reply with
embedded binary

Original XML size (Bytes)
Total size
Binary
MQF size
attachment
size (text
format)
5181
3828
1353

BiM compressed (Bytes)
Total size
Binary
MQF size
attachment
size (binary
format)
2835
2794
41

375
378
5690

40
136
3051

3828

375
378
1862

BiM is a tree-based compression technique that
utilizes knowledge that schema information should be
common to all users and, hence, can be regarded as a
priori information [19]. The consequence is that all XML
files conformant to that schema can be significantly
compressed through binary encoding of the tags [20]. BiM
operates on the principle that every child node of the
schema tree can be assigned a binary code [17]. This
allows the binary rather then the textual transmission of
the XML tag. BiM also applies datatype specific
compression based on the information provided by the
XML Schema. If the XML document contains embedded
binary data encoded in ASCII, the data is converted to its
original binary representation by BiM.
For transport purposes, we compressed the examples
in Fig. 8, 9, 13 and 14 using BiM. The results are shown in
Table 1. The embedded binary data size in the experiment
is 3828 bytes in text format and 2794 bytes in binary
format.
The results in Table 1 show that on average, the size
of the MQF is 992 bytes. These MQF sizes are
compressed by BiM to an average size 118 bytes. Hence,
for the four example messages, BiM offers a 46%
reduction in data transmission and 86% saving for MQF.
However, for longer query and responses, significantly
higher savings can be made.
5. CONCLUSION
This paper proposed a new method for performing
multimedia query-by-example using the concept of query
streaming in combination with FRUs for use in mobile
devices with limited bandwidth resources. It is shown that
using MQF compressed with BiM, the overhead could be
compressed by more than 50%, thus saving expensive
mobile bandwidth. MQF, combined with FRUs and FUUs,
also provides a flexible multimedia query by content
method for mobile devices with limited hardware
resources via query streaming and result set examination.
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Abstract— A challenging problem faced by researchers of distributed real-time systems like Video-on-Demand (VoD), is devising and implementing adaptive resource management strategies.
The traditional resource management model such as hierarchical
model does not address the ever-growing resource requirement of
a VoD system. This paper examines the hypercube approach and
designs a scalable architecture which addresses the heterogeneous
requirements of the clients. This work also attempts to reduce
the search space as each node in the hypercube has only log N 
neighbors where N is the total number of nodes. However, for
simulation studies we have considered hypercube with N=8.
The analytical and simulation results confirm that HARM :
Hypercube Architecture for Resource Management is scalable as
storage and delivery capacity grows with the number of clients in
the system and is cost effective as the videos are not replicated.
HARM increases system performance with less rejection ratio
and the bandwidth utilization is 85 % compared to hierarchical
scheme. The result indicate that the resources are appropriately
allocated within the network.

Index Terms: Bandwidth, Cluster, Hypercube, Resource
Management, Video-on-Demand.
I. INTRODUCTION
In this era of digital information the emergence of the
Internet as a pervasive communication media has enabled the
convergence of voice, video and data. This convergence has
enabled a wide spectrum of multimedia applications including
distance learning, entertainment and information services to
be incessantly used on the Internet. These multimedia applications require a sizable quantity of multimedia data to be moved
to and fro. Multimedia data contains an enormous amount of
embedded information. They have the potential to convey an
infinite amount of derived or associated information.
Compared to traditional data multimedia data incorporates
two distinct characteristics: delay sensitivity and network
bandwidth. Delay Sensitivity is the timing constraint associated with multimedia data. Timing in delivering multimedia
data is of the essence. The delayed arrival of the data may be of
little or no use. Delivering multimedia data to users consumes
large amount of network bandwidth as multimedia systems
need to transfer enormous amount of data within a short span
of time thus, requiring a large quantity of bandwidth from the
underlying network.
The Video-on-Demand (VoD) system takes the basic television concept of providing instant entertainment to a level

that can cater to the individual selection of the viewer. The
VoD system either streams the content, enabling viewing while
the video is being downloaded, or download the program
entirely to a set-top box before the viewing starts. VoD systems
operating in cable networks will see significant change in
usage patterns and demand over the next five years. The peak
usage of VoD system is likely to increase from the current 5%
to approximately 30% as a result of larger deployments and
the introduction of new and innovative applications [1]. Such
a system maintains large quantity of resources needed to be
harnessed to develop a reliable architecture.
A resource can be defined as an available supply that can be
drawn from when it is needed. The parameters to be addressed
in resource management in a VoD system are content management, delay, reliability, operating costs, bandwidth, buffer and
storage capacity. Resource management include efficient and
effective managing, handling, supervising and controlling of
these resources. Content management deals with managing the
content (video) that is streamed to the client from the video
server. The content which is streamed should be delivered with
the highest quality that can be achieved. The content should
be reliable in the sense that the quality of the video should not
vary while streaming. To achieve this, a sufficient bandwidth
should be allotted by the video server to each client or for
each request made. The bandwidth for a video server is fixed
and therefore an efficient mechanism is made to utilize the
entire bandwidth effectively.
To handle the incoming stream the client should have a
sufficient buffer to store the streaming content as they are
being processed. The buffer should be utilized in a manner
that would maintain a balance that would not effect the speed
of the video server and the processing ability of the client. The
streaming cannot be faster than the processing ability of the
client as number of frames would be lost. The speed should not
be too slow as this would create a jitter that would affect the
client viewing the video. Therefore the buffer should maintain
this balance efficiently.
Resource management is a process of guaranteeing the
availability of resources for the admitted requests in the
VoD system. Distributed continuous media application are
expected to provide service to a large number of clients
often geographically dispersed. The challenging task of these
type of application is how efficiently resource allocation are
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implemented in a cost effective manner. The bandwidth is
arguably the most important resource in a video server and
therefore the most expensive resource. The bandwidth is
inexplicably linked to all other resources and therefore should
be handled delicately. To address this problem researchers have
focused on various techniques to reduce the overall bandwidth
requirements.
A. Our Contribution
The enlarging market in networking and multimedia technology is focused on the development of distributed multimedia applications with suitable resource management schemes.
In this paper, we propose a hypercube architecture in order to
optimize resources requirements and to efficiently allocate the
resources. The hypercube architecture enhances scalability and
robustness of the VoD system. The advantage of the proposed
scheme is that the clients experience less delay when compared
to hierarchical scheme which attracts more number of clients
thereby increasing the profit of the VoD system. The algorithm
ensures maximum system throughput with 85% bandwidth
utilization.
B. Organization
The reminder of this paper is organized as follows. Section
II presents literature survey. The model for providing efficient
resource management is discussed in Section III. The hypercube architecture for resource management is explained in
Section IV. The analytical approach along with cost calculation
for hypercube is discussed in section Section V. The algorithm
along with the illustrated example is discussed in Section
VI. We elucidate the usefulness of our algorithm through
simulation in Section VII. Finally, we provide concluding
remarks in Section VIII.
II. LITERATURE SURVEY
In [2] a new architecture for server-side communication
which supports the concept of Quality-of-Service (QoS)
contracts is suggested. A QoS contract which specifies
an acceptable QoS levels along with their utility function
was proposed and the results were compared with simple
reservation-based solutions. In [3] a overview of the recent
developments in the area of QoS support for multimedia
applications is explored. Time-dependent multimedia data
types are saved with various formats and the support of
operating system in system resource management, scheduling
and adaptation as per real time requirements is studied. This
paper only concentrates on OS issues overview but does not
do a detailed survey.
In [4] the benefits of chaining is discussed and an optimal
chaining scheme that utilizes not only the backward and
forward buffers, but also all the available client buffer in a
collaborative network is analyzed. This method reduces the
server load and avoids the network bottleneck at the server.
However, this method does not discuss the QoS issue while
video streaming. Determining the proper amount of resources
to be allocated is crucial for optimizing the performance of

VoD systems, so as to maintain the benefits of data sharing
technique.
In [5] segmentation and multicast techniques for VoD
system is evaluated and their impact on performance of
the system is studied. In this method multicast technique is
adapted assuming all the videos have equal popularity which
is not possible in real time and and does take unpopular video
into account. Orallo et al. [6] deals with transmission of VoD
service over the Internet. The scheme introduce a fast method
to optimize network resources which is based on generating
envelope points from empirical envelope. This process is
done off-line using the stored video. This method is not
checked for larger real-time application. Shahabi et al. [7]
deals with distributed resource management for decentralized
media server and minimizes the communication storage cost.
To achieve this objective, Redundant Hierarchy (RedHi)
topology was proposed with the following goals: (i) to reduce
start-up latency and reduce resource management overhead.
Yu et al. [8] addresses the resource management problem
in VoD system. In order to manage resources efficiently
allocation, video server selection, replication, cache
management are considered by making use of video
title characteristics and to efficiently utilize system resource
and minimize waiting time. However, this scheme does not
address admission control. Raman et al. [9] proposed a
scheme developed and implemented the classified (classads)
matchmaking framework for resource management in a
distributed environment with decentralized ownership of
resources. The framework include a semi-structured data
model that combines schema, data and query in a simple
but specification language and a separation of matching and
claiming phases of resource allocation. The technique of
aggregating classadds so that matches can be performed in
groups is not considered.
Cahill et al. [10] examines issues of resource management
and content placement within a Video Content Distribution
Network. A placement heuristic is proposed which reduces
the search space. The placement algorithm uses cost model
to determine best proxy for each cluster and the proxy is
the potential location for replica requested by the cluster.
Golubchik et al. [11] have considered as K-server thresholdbased queuing system with hysteresis and is governed by
forward and reverse threshold vector. The use of hysteresis
was to control the cost during workload fluctuation. The
time required to add server is negligible which needs to be
calculated accurately for many real time applications.
Leung et al. [12] propose a combination of data sharing
techniques (batching with static partitioning) which result in
efficient resource management and system sizing for a large
scale VoD system. The problem of achieving fairness in the
allocation of the bandwidth when a link is shared by multiple
flows of traffic has been extensively study in [13] and arrive
at a solution defining fairness. This method assumes that
each flow has a unique weight which determines its relative
rightful share of each of the resources.
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III. MODEL

=3

A. BACKGROUND

=3∗1
= 3 log2 2

[log2 2 = 1]

=log2 23
= log2 8
= log2 N

[From assumption N=8].

This proves that each and every node in a Hypercube
has only [log N ] neighbors.
Theorem 2. The longest route in the Hypercube is log N 
where N is the total number of nodes.
Proof.
Fig. 1.

Let us consider a Hypercube with 8
nodes (i.e. Hexahedron N=8) and each
node is numbered from node a to node
h. Consider all the paths from node a
to node h of all possible length.
Path of length 1 are : a −→ b, a −→
c, a −→ d.

Elements of Hypercube

A hypercube of dimension n has 2n sides. The number of
vertices (points) of a hypercube is 2 n (a cube has 2 3 vertices,
for instance). The number of m-dimensional hypercubes on
the boundary of an n-cube is 2 n−m (nm ). The advantages of
hypercube is that each node has only log N  neighbors
and also the longest route in the hypercube is log N .
However Hypercube construction must be done sequentially
i.e. one node at a time and also physical network structure is
completely ignored.

Path of length 2 are :
a −→ c −→ e, a −→ d −→ e, a −→ e −→ g,
a −→ b −→ g, a −→ d −→ f, a −→ b −→ f.

DEFINITION : The logical Hypercube overlay network
topology organizes the applications with a logical ndimensional Hypercube. Each node is identified by the label
(e.g. 010) which indicates the position of the node in a
logical Hypercube.

Path of length 3 are :

Theorem 1. Each and every node in a Hypercube has
only log N  neighbors where N is the total number of nodes.

This shows that maximum path length is 3.

a −→ c −→ g −→ h, a −→ c −→ e −→ h,
a −→ d −→ e −→ h, a −→ b −→ f −→ h,
a −→ b −→ g −→ h.

=3
Proof.

=3∗1
Let us consider a Hypercube with 8 nodes
(i.e. Hexahedron N=8) and each node is
numbered from node 1 to node 8. Now,
let us take node 1 its adjacent nodes are
node 2, node 3 and node 4 respectively i.e.

3 nodes. Similarly consider node 8, its adjacent nodes are
node 5, node 6 and node 7 respectively i.e. 3 nodes. In the
same manner if we consider node N, then its adjacent nodes
are N-1, N-2 and N-3 respectively i.e. 3 nodes.

= 3 log2 2

log2 2 = 1

= log2 23
= log2 8
= log2 N

[From assumption N=8].

This proves that longest route is log N .
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management server is used to grant or revoke access to
content.
Root Server is used to provide the requested videos to
the client which are in the Hypercube cluster. The root server
which is directly attached with the cluster is known as local
server. Initially, the requested video is searched in the local
server if it is found it is streamed to the client else if it is
not found it will send request to neighboring root server and
continues till the requested video is found.
Cluster is a group of clients who are situated in close
proximity within a specific network. The usage of clusters
decreases content placement decisions. For an average sized
cluster optimal placement of videos for the cluster is optimal
for all the clients within the cluster. Here, we are arranging
all the clients in the form of Hypercube so that, latter
the Hypercube can grow dynamically which enhance the
scalability of the architecture.
V. ANALYTICAL APPROACH

Fig. 2.

Overview of Hypercube Architecture.

IV. ARCHITECTURE
A. PROBLEM FORMULATION
Given a physical network HC = (V, L) consisting of a finite
set of nodes V = {v0 , v1 , v2 , . . . , vN −1 } and a finite set of
links L ⊆ {(ni , nj ) /ni , nj ∈ n ∧ ni = nj }. The objectives
of resource management is to guarantee steady flow of
continuous media data for each session, minimize the system
overhead and maximize the total number of concurrent
streams. It also eliminates client side storage, efficiently
manages system resources such as storage and bandwidth.
Fig. 2, depict Hypercube Architecture for resource
management in VoD system. It consists of a database,
management server, root server and cluster.
Database is an information repository that maintains
state of the network such as the list of management servers,
root server and clients and the location of video in the
architecture and all the meta data that is associated with
the video. The meta data will be used to facilitate client
searching and browsing of archived videos. It also stores all
the complete videos which need to be streamed to clients on
request.
Management Server is used to monitor the entire network.
The functions of management server include collecting
statistical data to check video popularity, accounting details
help in billing the videos watched. It also helps in performing
content control. In the proposed hypercube architecture the

Fig. 3.

Coordinate Representation of Hypercube Architecture.

Fig. 3 depicts the coordinate representation of Hypercube
architecture. Let us consider two position vectors Vs : (is , 
js
,
ks ), Vd : (id , 
jd , 
kd ) and the magnitude or resultant of the
length of the path between the two position vectors Vs and
Vd can be calculated as:


      
ks + 
kd )
(1)
Vs Vd  = (is + id , js + jd , 

- 218 -

TABLE I
M ODULUS TABLE (+2 ).
+2

0

1

0

0

1

1

1

0

where f {x} which is a function of x which calculates
the length of path from source node V s to destination node
Vd . The state transition diagram for N=8 is shown in Fig. 4.
B. Path Matrix Geometric Approach

(1) is obtained by using (Z 2 , +2 ) operation (Refer Table 1.)

The path matrix P represents all the values which
represents path from one node to another node. The element
of path matrix P [i, j] can be expressed mathematically as

0
when i = j
P [i, j] =
li,j
when i = j.
where 0 ≤ i ≤ N − 1 and 0 ≤ j ≤ N − 1 and l i,j
value can be calculated by using (1). The length of path from

A. State Transition Diagram For Hypercube Architecture

Fig. 5.
Fig. 4.

State Transition Diagram for N=8.

In this subsection, we describe our model which is
illustrated in Fig. 2. There are N servers with N/2 management
servers and N/2 root servers in the system, where N is
unrestricted, each with service rate µ and the client request
for video process is with rate λ. Formally the transition
structure of N homogeneous servers, where N is unrestricted
is specified as follows:

Path Matrix

node Vi to Vj is given in Fig. Path matrix.
l0,1 represents transition rates from l 0 to states l1 . After
calculating all the values of l i,j and matrix representation of
Hypercube is shown in Fig.6.

(0,0,0) → (1,1,1)
λ
js , 
ks ) → (id, 
jd , 
kd )
(is , 


js + 
jd , 
ks + 
kd [See Table 1]
λf is + id , 
(id , 
jd , 
kd ) → (id , 
jd , 
kd )


jd + 
js , 
ks , +
ks [See Table 1]
λf id + id , 
(1,1,1) → (0,0,0)
µ

Fig. 6.

Matrix Representation of Hypercube

C. Cost Function for Hypercube
The storage space and link efficiency are the two important
resources which influences high-quality video over shared
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TABLE II
T HE PARAMETERS USED IN C OST FUNCTION C ALCULATION .
Sl. No.

Symbol

Definition

1.

Ls

Local server.

2.

S(m)

Video title of size m bytes.

3.

Bc

Remaining part of video (in bytes) to be delivered to cluster c.

4.

αLs ,c

Bulk delivery cost is the cost associated with bulk delivery of i bytes between the local server Ls and the cluster c.

5.

βLs ,c

Stream delivery cost is the cost associated with the streaming i bytes on the link between local server Ls and a cluster c.

6.

ξLs

Storage cost is the cost for storing i bytes between the local server Ls and the cluster c.

7.

Tc

The time when the last client within the cluster will reach the end of video stream.

TABLE III

infrastructure. These days the clients request for high quality
video with optimal cost. Hence video placements in the
network has an immense impact on the required resources
to deliver the objects with optimum cost. A cost function
is proposed which calculates the resource requirements
for delivering content from any server to the cluster. The
Parameters used in cost function calculation is shown in
Table II.
The cost of delivering an object from any server to cluster
is comprised of following costs:
(i) Storage cost−SCLs ,m is the cost of storing the video m
on local server L s and is a function of time. It is represented
by (2).
(ii) Delivery cost − DCLs ,c is the cost of streaming
contents from L s to the clusters and is shown in (3).
The total cost of serving all the clients in the cluster is given
by (4).
The cost of using local server L s to N clients in a cluster,
all viewing the video m is given by the following equations.
SCLs ,m,c = ξLs * S(m) * Tc
N


Found = false
Request(Video,Node)
begin
found=search(VideoId, Node)
if(found)
if(buffer not full)
move the video block by block to buffer and stream the
video block to client
else
VideoPlacement(VideoId, Node)
else
GenerateRequest(VideoId)
end

(2)

(αLs ,c * βLs ,c * Bc )

(3)

CostLs ,m,c = SCLs ,m,c + DCLs ,c

(4)

DCLs ,c =

HARM M AIN ROUTINE

c=1

VI. ALGORITHM.
The HARM algorithm (Refer Table III) is called when the
client requests for a video. The request for the video is routed
to the root server N. The root server would initiate a search
for that particular video in its information repository. If the
search is successful, the root server would then check its
buffer for sufficient space. If the buffer has sufficient space,
then move the video block by block to the buffer and then
stream it to the client. If sufficient space in the buffer is not

available then the Video Replacement algorithm (Refer Table
V) is called. If the search is not successful then the Generate
Request algorithm (Refer Table IV) is called.
The Generate Request algorithm is called when the video
i.e. requested by the client is not found in the root server. The
algorithm would initiate a search for the video in the rest of
the video servers. The search for the video starts from the log
N neighbors. If the requested video is not found, then it will
increment the distance by 1 and initiate a new search for the
video. When the requested video is found in the root server
it will be moved to the buffer of the requested node and then
streamed to client. If video is not found amongst the peers,
then the request is forwarded to the root node of the cluster.
Video Placement algorithm examines the storage space
available to place the video. If storage space is available, it
stores the video at the respective node otherwise it will search
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TABLE VI
I NSERT R OUTINE :

TABLE IV
G ENERATE R EQUEST ROUTINE :

insertNode(N)
begin

GenerateRequest(VideoId)

coord = v(000)

begin
for( distance 0 to n*a)

while(Node < N)

begin

increment coord

for(log N neighbors)

assign coord to node N

begin

for(i=0 to Node N)

search video in node N

begin

if video is found

for(j=0 to Node N)

found = true

begin

end

sum = 0;

if video found

for(each vertex k in coord)

Move the video blocks to requesting video server

begin

Else

sumK = (coord of N odei +coord of N odej ) % 2

Increment distance

sum = sum + sumk

end

end

if video found

Node.distance[i][j] = sum;

stream video to client

end

else

end

GenerateRequest(RootNode)

end

end

TABLE V
V IDEO P LACEMENT R OUTINE :

VideoPlacement(VideoId,Node)
begin
if(videoSize < storage space)

the least popular video in the video array and then replaces
that least popular video with the new video.
The search in our architecture requires to be done in
constant time i.e. O(1). Ideally it may not be possible to
achieve this but we can achieve a performance very close to
it as we use a data structure called Hash Table. Searching
using open hashing techniques requires less amount of time.
An item can be searched using the hash address found by the
hash function h as given by:

store video with VideoId at Node

h(k) = k mod m

else
begin
search least popular video
Replace least popular video with VideoId at Node
end
end

The key k is to be mapped into one of the m slots
in the hash table. It is divided by m and the remainder is
taken as index for the hash table. Since it requires only one
operation hashing is fast.
The algorithm isertNode (Refer Table VI) inserts a node
into the cluster and assigns coordinates to that node which
is joined to the hypercube cluster. It also stores the distance
between the new node and all the other nodes. The distance
is found by calculating the path length from the new node to
all the other nodes in the cluster to enable efficient search for
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Zipf distribution with the parameter θ = 0.271.
Fig. 7, plots a graph of the requests serviced and the number

TABLE VII
TABLE I NDICATING N UMBER OF V IDEOS AT E ACH N ODE .
Node-id

Number of Videos

0

500

1

800

2

600

3

900

4

1200

5

500

6

700

7

1500

600

Request Serviced

500

HARM
Expected Output

400
300
200
100
100

200

300

400

500

600

Number of Requests

video, by traversing a minimum distance.

Fig. 7.

Consider a cluster with 8 nodes indicating number of videos
at each node is as given in Table VII. At any instant of time
requests arrive at nodes or video server randomly. Considering
arrival of requests R = {R 1 , R2 , R3 , R4 , R5 } at node-1. The
requested video might be present in the same node or in other
nodes in the cluster. Table VIII illustrates the video requested
and the characteristics of the video and the node in which the
corresponding video is located.
If the requested video is present in node-1, request is served
immediately and the video frames are streamed to the client.
If the video is not found in node-1 video search packets are
forwarded to servers at distance-1 that are nodes 0, 5 and 6.
If the video is found the video is streamed from the node
in which the video was found to node-1 and then streamed
to the client requesting the video. If the video is not found
at distance-1 the search process is continued with distance2 to nodes 2, 3, 7 and then at distance-3 to node 4. The
reneging time is considered to be 8 ms. Request is rejected
if it is not serviced within this time. Table IX illustrates the
search process, bandwidth consumption and delay incurred for
requests.

of requests. As depicted in the graph, throughput which is the
number of requests serviced to the total number of requests increases with the increase in the number of requests. The graph
depicting throughput of a realistic system should be a straight
line i.e.y = x with gradient of 1 indicated as Expected Output
in the Fig. 7. As seen in the graph, the difference between
simulated value of throughput for hypercube architecture and
expected value for throughput is almost the same.
The bandwidth utilization for HARM is indicated in Fig.
500 HARM
Average Bandwidth Utilization

A. Illustrated Example

Throughput

VII. SIMULATION AND PERFORMANCE
EVALUATION

400

300

200

100

0
10

A number of experiments were carried out using OMNeT++ in order to determine the performance of the proposed
algorithm. Experiments were conducted using various sized
Internet topologies. These topologies were generated using the
BRITE topology generator. The topologies comprised of 20 to
100 servers (management/root). A small set videos of video
length ranging from 30 minutes to 150 minutes was used. The
requests for the particular video were distributed following the

20

30

40

50

Time (min)
Fig. 8.

Bandwidth Utilization

8. Up to 25 requests, bandwidth utilization keeps increasing
and later it gets saturated. As our interest is in the area of
high load HARM utilizes 95% of bandwidth under high load
as shown in the graph.
The number of video requests/sec vs average delay (sec) is
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TABLE VIII
S AMPLE V IDEOS FOR S IMULATION E XPERIMENT.
Req.id.

Node where Video is Present

Requested Video Title

Length(min)

Frame Rate/ms

BW(Mbps)

Video Size(MB)

R1

1

Benhur

120

30

20

800

R2

6

Demo

50

30

9

300

R3

7

Blade2

100

30

17

650

R4

1

Jurassic Park

150

30

24

900

R5

2

Rambo

90

30

16

600

TABLE IX
TABLE D EPICTING A LLOTMENT OF B ANDWIDTH AND C ALCULATION OF D ELAY.
Request-id

Video Search Process

Total Bandwidth Utilized (Mbps)

Delay (ms)

R1

Video found at node-1

20

0

(node-1)
R2

Video not found at node-1

9+9=18

Search packet to nodes 0,5,6

(node1+node6)

1

Video found at node-6
R3

Video not found at node-1

17+17+17=51

Search packet to nodes 0,5,6 - Not found

(node1+node6+node7)

3

Search packets to nodes 2,3,7
Video found at node-7
R4

Video found at node-1

24

0

(node-1)
R5

Video not found in node-1

16+16+16=48

Search packet to nodes 0,5,6 - Not found

(node1+node0+node2)

3

Search packets to nodes 2,3,7
Video found at node-2

shown if Fig 9. It is clearly seen from the graph that HARM
shows average delay of 5 seconds compared to the hierarchical
model which has a average delay of 10 seconds. The average
delay is reasonably low because HARM adopts the hypercube
architecture which has log N  neighbors where N is the total
number of nodes compared to hierarchical model which has
N − 1 neighbors. The search space is also reduced because
the open hashing technique is adopted.
Fig. 10, depicts the rejection ratio for both HARM and the
hierarchical scheme. As seen in the graph there is a wide gap
in terms of rejection ratio in both the schemes. The rejection

ratio is 2% which is negligible. In HARM most of the requests
are serviced as in each of the server when the buffer is full,
video replacement algorithm is used in order to replace least
popular video with the requested video.
VIII. CONCLUDING REMARKS
The proposed Hypercube architecture has been simulated
and tested with analytical methods. The results of the simulation indicate that a service provider using the hypercube
architecture will be able to utilize the bandwidth up to 95%
under heavy load. The characteristics of the scheme are as
follows:
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to design a fully decentralized resource management
system that guarantees scalability, robustness as well
negligible delay of 5 seconds to the clients.
maximize the total number of concurrent streams with
high throughput.
to provide improved system resource utilization - storage
and bandwidth.
eliminate the necessity of client side storage.
Our future work is to evaluate how the proposed architecture can be used in real time applications considering
heterogeneous nature of the network.
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Abstract—Recently, a new timing synchronization
method for optical wireless systems using asymmetrically
clipped optical OFDM (ACO-OFDM) has been proposed.
The synchronization method makes use of a novel training
symbol and its autocorrelation properties for timing offset
estimation via a timing metric. In this paper, we will
discuss the effect of the length of cyclic prefix (CP) on the
detection of the maximum and minimum of the timing
metric. We show that the performance of the timing offset
estimation scheme based on maximum detection is
affected by the length of the CP while the scheme based on
minimum detection of the metric is less sensitive to the CP
length. Simulation results are presented to demonstrate
the effect of the CP in both detection criteria.
I.

INTRODUCTION

Orthogonal frequency division multiplexing (OFDM) has
been used in many radio frequency (RF) based
communication applications because of its high spectral
efficiency and simple hardware implementation. OFDM has
also been considered for optical systems as a candidate for
future short range high data rate communication systems [1,
2] as optical wireless systems are low cost and have no
spectrum restrictions.
The signals used in optical wireless links are intensity
modulated (IM) and hence the transmitted signals must be
non-negative. However, normal OFDM (RF-Based) signals
are bipolar, and until recently all IM optical-OFDM systems
have used a DC bias to move bipolar signals to be all positive
[3]. DC biased optical OFDM (DCO-OFDM) requires a high
optical power and is not suited to typical applications where
the transmitted optical power is limited by eye safety
considerations. Recent work [1, 4] has led to the development
of a new power efficient form of optical OFDM, called the
asymmetrically clipped optical OFDM (ACO-OFDM) that
clips particular classes of bipolar OFDM signals. ACOOFDM retains all of the other attractive properties of OFDM
systems.
Due to the sensitivity of OFDM based systems to
synchronization errors, ACO-OFDM needs effective
synchronization techniques. This paper focuses on the issue of

timing synchronization based on specially designed training
symbols. The objective of timing synchronization methods is
to find the start of transmitted OFDM symbols so that they
can be demodulated with FFT at the receiver without any
intersymbol interference (ISI). A large number of timing
synchronization methods have been proposed in the literature
for RF-based OFDM systems, see [5-7] and references therein.
However, these methods cannot be applied directly to ACOOFDM systems where signals have to satisfy a number of
properties. These properties will be included in Section II.
Recently, a synchronization method based on a novel training
symbol has been proposed for ACO-OFDM [8]. In this paper,
we will discuss the effect of the cyclic prefix (CP) length on
the performance of this method. It will be shown that the
performance of the synchronization method based on the
detection of the maximum of the timing metric is affected by
the choice of the CP length whereas that of minimum is not.
Simulation results are included to show the performance of
maximum and minimum detection schemes in ACO-OFDM
systems.
The rest of the paper is organized as follows. In Section II
an ACO-OFDM system is introduced. Section III describes
the new synchronization method proposed in [8] for ACOOFDM systems. Section IV discusses the effect of CP length
on two different detection schemes that can be used for timing
offset estimation. Simulation results comparing the
performance of different estimators in terms of the mean and
variance are included in Section V. Finally some concluding
remarks are made in Section VI.
II.

AN ACO-OFDM SYSTEM

Fig. 1 shows the block diagram of an optical wireless
communication system using ACO-OFDM. The data to be
transmitted is first mapped onto complex numbers from the
constellation being used, e.g. 4-QAM or 16-QAM. These
complex numbers are then mapped onto S, where

S  S  0  S  N  1 is the vector of length N which is input
to the inverse fast Fourier transform (IFFT). S has Hermitian
symmetry so that data, s  s (0)  s ( N  1) , at the output of
the IFFT is real. At the IFFT output, the CP is then inserted
and the data is parallel-to-serial converted. The resulting
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signal is clipped at zero to give unipolar samples x(n) which
are converted to analog, filtered and used to intensity
modulate the optical source. The optical signal that is
transmitted is x(t ) . In the form of ACO-OFDM which is
considered here, only odd frequency subcarriers are used to
carry data, i.e. S  k   0 for k even. The Hermitian
constraint and the use of only odd subcarriers to carry data
mean that there are only N 4 independent complex inputs to
the IFFT in each ACO-OFDM symbol. This would be
extremely inefficient in an RF-OFDM system. However,
ACO-OFDM has been shown to be a very efficient optical
modulation technique given the unipolar constraint on the
transmitted signal and the fact that optical power depends on
E  x(n) rather than E  x 2 (n)  in intensity modulated
systems [10]. The ACO-OFDM signal is then transmitted via
an optical channel and received by a photodetector. The rest
of the receiver structure for ACO-OFDM is similar to that of
a conventional RF-OFDM system [4, 5].
The received serial baseband samples r (n) are given by [9]

r (n)  x(n)  h(n)  w(n)

where d is a time index and d  0 represents the start point
of the training symbol. The start of the training symbol is then
used to find the start of OFDM symbol frames so that FFT
window can be applied across them.
The existing methods give satisfactory timing performance
in RF-OFDM. However, they cannot be used directly in
ACO-OFDM, because the training symbols they require are
bipolar and complex; in addition, some of these methods use
only the even subcarriers and some use both even and odd
subcarriers to build training symbols. Such training symbols
do not satisfy the constraints of the ACO-OFDM symbols.
Therefore, a training symbol and timing metric which are
tailored to ACO-OFDM have been proposed in [8] and are
summarized below. Moreover, in this section, two detection
schemes, Maximum and Minimum Detection are considered
for the purpose of timing offset estimation; and the effect of
the length of the CP on the performance of these schemes is
discussed.
A.

(1)

Training Symbol
The training symbol (before clipping) has the form
s   s0

where “  ” denotes convolution, h(n) is the sampled

0 CNmirror
/ 4 1

C N / 4 1

 s0

CN / 4 1

 (2)
0 CNmirror
/ 4 1 

where CN / 4 1 is a real-valued sequence of length N 4  1 and

impulse response of the optical channel, w(n) is additive
white Gaussian noise (AWGN).

C Nmirror
/ 4 1 is the mirror image of C N / 4 1 . This training symbol
has three important properties: it is real, it has Hermitian
symmetry and s  n  N 2    s  n  . To generate a time
domain symbol with each of these three properties using an
IFFT, the frequency domain vector S at the IFFT input must
have Hermitian symmetry; it must be real and S  k   0 for

k even. In this paper we consider the case where S is a real
binary sequence; in other words the training symbol uses
BPSK modulation. There is no constraint on the constellations
for data symbols for example 4-QAM or 16-QAM could be
used.
The training symbol is the IFFT output of a BPSK PN
sequence. To simplify the analysis, we assume s0  0 . The
training symbol after clipping is given by

Fig. 1 Block diagram of an ACO-OFDM system.

III.

TIMING SYNCHRONIZATION IN ACO-OFDM

Most existing timing synchronization techniques are based
on the autocorrelation properties of special training symbols
which are embedded in the OFDM signals; and the aim of the
timing synchronization methods is to find the start position of
the training symbol [5-7], as shown in Fig. 2,

xtrain  0 Cclip


0

 C

mirror



clip

0

 C clip

0

C

mirror



clip




(3)

where, for simplicity the subscript N 4  1 has been omitted
and where Cclip is the sequence which is the result of clipping

CN / 4 1 to zero. Note that Cclip   C clip . It should also be

Fig. 2 Time domain OFDM symbol.

noted that the training symbol is a special format of an ACOOFDM data symbol and hence can also be used for channel
estimation and be generated using the same hardware as the
ACO-OFDM data symbols.
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B.

Timing Metric
Given the training symbol of (3), the timing metric used to
detect the start of the training symbol is defined as
M (d ) 

1
K

1 N 4 1

  r d  N

4  l  N 2  m  r  d  N 4  l  N 2  m

l  0 m 1

(4)
where K is a normalization factor related to the length of CP,
r (d ) is the received signal. Fig. 3 shows this timing metric as
a function of timing offset for the case of no additive white
Gaussian noise (AWGN) and no multipath distortion. We
consider N  1024 and no CP. The graph is the result of an
average over 50 randomly selected training symbols. These
parameters are also used in Fig. 4. The graph shows two
maximum values at d   N / 4 and a minimum at d  0 .
To calculate the average, minimum and maximum values of
the timing metric shown in Fig. 3, we assume that the average
transmitted optical power is unity, i.e. E  x  n   1 . Since

x  n  has a ‘clipped Gaussian’ distribution: it is zero with
probability 0.5 and otherwise has a positive half Gaussian
distribution. So E  x 2  n    [10]. For no noise and no
multipath distortion, the received signal is equal to the
transmitted signal and the timing metric in (4) becomes
M (d ) 

1
K

1 N 41

  x d  N

Fig. 3 Proposed timing metric with no AWGN and no multipath conditions
(1024 subcarriers and zero CP length).

C. Impact of CP
One effect of the CP is to make two values of the timing
metric at d   N 4 unequal. Another effect is to cause an
extra maximum at d   3N 4 . To explain these effects,
consider the case where the CP length is N 4 , the time
'
is now given by
domain training symbol vector xtrain
'
xtrain
 0 (C mirror )clip


4  l  N 2  m  x d  N 4  l  N 2  m

(5)
Equation (5) has the form of an inner summation of
N 4  1 products of signal sample pairs and an outer
summation over two values. The value of the metric depends
on the total value of these summations which in turn depend
on whether all, or a part of, the training symbol falls within
the timing window. The maximum and minimum values of
the timing metric as well as its average value are calculated in
Appendix I. The normalized results are summarized below
(given CP  0 )

N

 1, when d   4

 0, when d  0

E  M  d     1
N
   1 , when d   2

 2 , otherwise
   1

0

 C

mirror



0

clip

 C clip

0 (C mirror )clip 


(7)
Since d  0 is the start point of the useful training symbol
'
. The
given in (3), d   N 4 is the start point of xtrain
maximum timing metric value at d   N 4 includes
0 (C mirror )clip

l  0 m 1

0 Cclip

0 Cclip 

and 0


 C

mirror



clip

0

 C clip  . Because

the length of the correlated area is doubled, the maximum
value is also increased. However, the correlated area does not
change at d  N 4 and the timing metric value is therefore
smaller than that at d   N 4 .

(6)

Fig. 4 Proposed timing metric (a) with N/8 CP lengh; and (b) with N/4 CP
lengh (no AWGN and no multipath).
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Fig. 4 (a) and (b) show the values of the timing metric,
M (d ) with CP  N 8 and N 4 . The peak at d   N 4 is
larger than that at d  N 4 . The longer the CP, the greater
the difference between these two peaks becomes. Fig. 4 also
shows another maximum at d   3N 4 . However, the length
of the CP does not affect the positions of minimum values.
D.

Two Detection Schemes
Using the timing metric shown in Fig. 4, the start of the
training symbol can be located by either detecting the position
of the minimum of the timing metric value located at d  0
(Minimum Detection) or by detecting the position of the
maximum value at d   N 4 and then delaying it by N 4
samples (Maximum Detection). Both detection methods
would suffer the interference from other sub-peaks. In [8], a
combination of peaks has been used to find the timing offset.

IV.

SIMULATION RESULTS AND DISCUSSION

An OFDM system with 1024 subcarriers was simulated.
Two channel models were used: line-of-sight (LOS) and a
diffuse shadowed channel from [11]. It is assumed that there
is one path in the LOS and three paths in the diffuse
shadowed channel. The values of the taps hi are given by

hi 

ei
L 1

e

of the CP  N 8 and N 4 , for LOS channel against signalto-noise ratio (SNR). As the SNR increases, the mean of the
timing offset in each case approaches the optimum value, and
the variance decreases. The Maximum Detection with
CP  N 8 has the worst performance. As the CP length
increases to N 4 , both the mean and variance improve
significantly, attaining the best performance over all SNRs.
For Minimum Detection, changing the length of the CP does
not influence the results of mean and variance. When the CP
is short, the Minimum Detection outperforms the Maximum
Detection in terms of mean and variance of the timing offset.
However, the performance of the Maximum Detection is
better when a longer CP is used.
Fig. 6 shows the mean and variance of the Maximum and
Minimum Detection in a diffuse shadowed channel. Again,
Minimum Detection gives smaller mean and variance for
when CP  N 8 . The variance of the Minimum Detection is
smaller than that of the Maximum Detection for SNRs higher
than 5dB. However when CP  N 4 , the performance of the
Maximum detection improves significantly. The plots also
show that, the change of the length of the CP has very small
impact on the mean and the variance of the Minimum
Detection.

(8)
i

i 0

In all cases, 50,000 monte carlo runs with the same training
symbol were carried out to obtained the average of the mean
and variance.

Fig. 6 Mean and variance of timing offset with different detection methods
and different CP length in diffuse shadowed channel.

V.

Fig. 5 Mean and variance of timing offset with different detection methods
and different CP length in LOS channel.

Fig. 5 shows plots of the mean and variance of the timing
offset for Maximum and Minimum Detection, with the length

CONCLUSIONS

In this paper, we discuss the effect of CP length on the
performance of a new synchronization method proposed for
the ACO-OFDM systems. In particular, the effect of the CP
on two detection criteria, Maximum and Minimum Detection,
has been discussed. Simulation results were presented for
these detection criteria in both a LOS and diffuse channel. It
has been shown that timing offset estimation based on the
Minimum Detection is less sensitive to the length of the CP
employed than the one based on the Maximum Detection.
While the timing offset detection scheme based on the
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Maximum Detection with a longer CP gives a better
performance, the system transmission efficiency will be
decreased due to the longer length of the CP

E M (d ) 
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The metric also has this value when the training symbol is
within the timing window, but neither summation is centered
about N 4 , N 2 or 3N 4 . That is

N 41

1  N 41
  x  N 4  m  x  N 4  m   x  N 4  N 2  m  x  N 4  N 2  m 
K  m1
m1


(11)
To simplify this further it is necessary to use the properties
of the training symbol xtrain . The first summation in (17) is
over the first half of the training symbol which has the
structure 0 Cclip 0  C mirror clip  . Since  C mirror clip is first




negated and mirrored image of C before being clipped below
zero, either x  N 4  m   0 or x  N 4  m   0 . Thus each
term in the first summation is zero. Using an identical
argument this can also be shown to be true for the second
summation in (11), so
(12)
M  0  0
Using a similar approach the values of the timing metric at
d   N 4 can be calculated. Consider the case for

d   N 4 . Then
1
K

M   N / 4 

1 N 4 1

  x  l  N
l  0 m 1

2  m   x  l  N 2  m 

N 4 1

1  N 41
  x   m   x  m    x   N 2  m   x   N 2  m  
K  m 1
m 1




(13)
In this case the metric is the sum of two terms, one between
the first quarter of the training symbol and the uncorrelated
data which belongs to the last quarter of the preceding symbol
and one over the center part of the training symbol which has
structure 0  C mirror clip 0  C clip  . Again, using the




properties of mirroring and clipping, it can be shown that
x   N 2  m   x   N 2  m  and that x  m   0 with





probability 0.5 and that E x  m  x  m   0  2 . Thus
E M   N / 4  

1

K

2

N 4 1

N 4 1

m 1

m 1

 E  x  m   x  m    E  x   N


2  m   x   N 2  m  


1
  N 4  1   N 4  1  
K
1
    1 N 4  1
K


(14)
This is consistent with Fig. 3 which shows a maxima at
d   N 4 . Let K    1 N 4  1 , the average level is

2   1 . It can be derived similarly that the values at

l  0 m 1

d   N 2 are 1   1 .

2  N 4  1
K

(9)
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Abstract
In this paper we assume multi-antenna communication systems which are able to transmit and receive signal in a
same or very near frequency bounds. Our goal is to improve the system performance by using weighting matrices at transmitter and receiver. We propose and study a
cooperative algorithm in order to find the proper transmit
beamforming and receive combining matrices for increasing the system performance without direct channel measurement and additional computations for beamforming.

posed to directly compute the beamforming matrix at transmit and receive stations. Thus, it is possible to compute a
proper beamforming matrices at transmitter and receiver
without direct channel knowledge.
Throughout this paper E{.}, k.k, (.)T , (.)∗ , (.)H denote
the expected value, Frobenius norm, transpose, conjugate
and hermitian of matrix, respectively. Notation [A]ij shows
the element which lays in the ith row and jth column of
matrix A. Ik shows k-dimensional identity matrix. Cm×n
is used to show the set of m × n dimensional complex matrices and Cm shows the set of m dimensional complex
vectors.

1. INTRODUCTION
Using multiple antennas at both transmitter and receiver
is an attractive method to combat the destructive effect of
channel fading and significantly increase the spectral efficiency in wireless systems [1][2]. Multiple-input multipleoutput (MIMO) systems can provide a diversity gain in
proportion to the product of the number of transmit and receive antennas. One method for exploiting the significant
diversity gain and simplifying the detection in a MIMO
communication system is to use some proper set of transmit beamforming vectors and some proper set of receive
combining vectors (through this manuscript they are called
the transmit beamforming matrix and receive combining
matrix, respectively) [2]. Such a transmit/receive scheme
can result in considerable improvement in signal to noise
ratio [3].
Gaining all of the advantages related to beamforming,
requires knowledge about the channel matrix or knowledge of proper beamforming matrices at both transmitter
and receiver.
Channel training is an important way to extract the
channel information at the receiver side[4]. It is also possible that receiver inform the transmitter about channel for
proper beamforming with some sort of feedback through a
low bandwidth feedback channel [5][6].
We assume multi-antenna communication systems which
are able to both transmit and receive data. Our goal is to
improve the system performance by using weighting matrices at both sides. Here, a cooperative scheme is pro-

2. SYSTEM MODEL
We consider two transmit/receive systems where one is
equipped with MA antennas and the other has MB antennas. Here, these two systems are called node A and node
B, respectively. Node A has the ability to transmit signal
at carrier frequency fA for B via channel matrix HAB and
to receive the transmit signal from B at carrier frequency
fB via channel matrix HBA and vice versa.
In a general case, HAB and HBA may differ from each
other, but in the case that fA and fB are the same (like
in a time division duplex system) or when these two frequencies are close to each other, because of the reciprocity
principle, it is logical to assume that,
def

HAB = HTBA = H
We also assume that the channel is stationary during a sufficiently long period of time. Additionally, the elements of
MB × MA channel matrix H are considered to be identically independent with complex Gaussian distribution and
unity variance. Such a distribution for the elements of
channel is a proper model in full scattering environments.
In such a scenario, when the baseband vector at =
[at,1 , . . . , at,MA ]T is transmitted from node A, the baseband signal vector br = [br,1 , . . . , br,MB ]T received by
node B can be expressed as,
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br = Hat + nB

(1)

Here, nB ∈ CMB is a zero mean, circularly symmetric complex Gaussian noise vector with covariance matrix
2
E{nB nH
B } = σ B I MB .
In a similar way, if bt = [bt,1 , . . . , bt,MB ]T is the
baseband transmitted signal from node B the baseband received signal vector ar = [ar,1 , . . . , ar,MA ]T by A can be
written as,
ar = H T b t + n A
(2)

kWA sA k2 = P . mA is equal to the nonzero diagonal ele+
ments of matrix D , and the columns of UmA ∈ CMA ×mA
are the first mA principle eigenvectors of HH H.
To simplify the detection of transmitted symbols, it can
be readily shown that the receive combining matrix has to
be computed from,

where nA ∈ CMA is the additive Gaussian noisev with
2
covariance matrix E{nA nH
A } = σ A I MA .

where the columns of VmB contains the first mB principle
eigenvectors of HHH . Interestingly, mB is not required
to be more than mA . That is because for i > (mB − mA ),
[xB ]i is just a signal free noisy term which bear no information about the transmitted data. Additionally, it can be
shown that mB has not to be less than mA .
Therefore, for optimal beamforming and proper combining the transmitter has to know the eigenvectors and
eigenvalues of HH H and the receiver has to have the eigenvectors of HHH .

3. BEAMFORMING AND COMBINING FOR
MAXIMUM CHANNEL CAPACITY
As shown in Fig. 1a, we would like to use some MA ×mA
mapping matrix WA at node A, in order to transmit the
mapped signal at = WA sA where sA = [sA,1 , . . . , sA,mA ]T
is the desired transmit vector. Also, at node B, we use an
MB × mB combining matrix ZB as shown in Fig. 1b before further processing for transmit signal detection (here,
we also call ZB as the receive beamforming matrix).
In this way, the received signal xB at the output of
combiner can be expressed as,
replacements

(3)

H
xB = Z H
B HWA sA + ZB nB

br,1

at,1
sA,1
sA,2

sA,mA

.
.
.

WA

.
.
.

.
.
.

at,MA

ZB

br,MB

(a)

.
.
.

xB,mB

Figure 1. (a) Multi-antenna transmit system with beamforming matrix WA , (b) multi-antenna receive system
with combining matrix ZB .
For the case that mA ≤ MA , to maximize the achievable data rate when the total transmit power is bounded to
value P , it can be shown that the transmit beamforming
matrix WA has to be computed as [1],
+

(4)

+

where D is obtained from water-filling (also known as
water pouring) as,
+

D = diag

p

D1 , . . . ,

p

D MA



(5)

(6)

4. COOPERATIVE METHOD FOR
TRANSMIT/RECEIVE BEAMFORMING
4.1. Finding the desired eigenvectors
Let us assume that A sends an arbitrary normalized vector a1t . Due to this transmission, node B receives b1r and
transmits back b1t = N (b1r ) to A, where
N (x) =

xB,1
xB,2

(b)

W A = D U mA

Z B = V mB

x∗
kxk

For transmit signal b1t , A receives a1r and transmits a2t =
N (a1r ) in turn. This procedure is repeated and can be
k
stopped at kth loop of iteration whenever kakt − ak−1
t
is less than ε, where ε is some sufficiently small positive
value.
Using the above procedure, at kth iteration the transmit
signal akt at node A and the received signal bkr at node B,
can be expressed in terms of a1t as,
(HH H)(k−1)
a1
k(HH H)(k−1) a1t k t

(7)

(HHH )(k−1)
Ha1t
k(HH H)(k−1) Ha1t k

(8)

akt =
bkr =

It is interesting to note that the above relations are similar
to the so called power method that is widely used for obtaining the principal eigenvector of a square matrix[7, 8].
Using the same principle, it is straight to show that akt and
bkr converge to the principal eigenvectors of HH H and
HHH , respectively.
Now, let us assume that the eigenvectors q1 , . . . , qi
for HH H are known at node A. Thus, node A is able to
compute the projection matrix Pi as,

2
/λi , 0} where λi is the ith eigenHere, Di = max{µ − σB
H
value of H H (we assume that λ1 ≥ λ2 ≥ λ3 ≥ · · · )
and µ is a constant adjusted to satisfy the power constraint
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Pi =

i 
Y

k=1

I MA −


qk qH
k
kqk k2

(9)

Then, A sends N (Pi a1t ) where a1t is an arbitrary vector.
Node B receives b1r and transmits back b1t = N (b1r ) to
A. For transmit signal b1t , A receives a1r and transmits
a2t = N (Pi a1r ). This procedure is repeated and can be
stopped whenever kakt − ak−1
k < ε for some sufficiently
t
small positive value ε.
Using this procedure, in a similar way as before, it can
be shown that akt converges to qi+1 and bkr converges to
the (i + 1)th eigenvector of HHH .
As a result, knowing the principal eigenvectors of HH H
and HHH , with the above mentioned cooperative method,
the transmitter and receiver are able to find the second
principal eigenvectors required for their transmit and receive beamforming matrices. The same procedure can be
applied to compute all columns of matrices UmA and ZB .
4.2. Finding the desired eigenvalues
The eigenvalues of matrix HH H has to be known at the
+
transmitter in order to compute D and calculate WA from
(4).
Consider that we want to estimate the principal eigenvalue λn . At the kth iteration of the proposed method for
finding the nth column of UmA and ZB , A sends akt =
N (Pn−1 ak−1
) and B receives bkr . Then B transmits the
r
k
vector bt = N (bkr ) and A receives akr for it.
With such a procedure, it is easy to show the following
relation between akr and akt .
akr

HH Hakt
=
kHakt k

∗

(10)

Whenever akt is converged to qn , (10) becomes,
akr

HH Hqn
=
kHqn k

∗

(11)

From singular value decomposition, we know that,
H=

r p
X
i=1

λi

Hqi qH
i
kHqi k

(12)

where r = Rank(H). Thus we have,
Hqn =

p

λn

Hqn
kHqn k

→

kHqn k =

p

λn

(13)

Putting (13) back into (11) and using the fact that HH Hqn =
λn qn we have,
p
(14)
akr = λn q∗n
As a result, the nth eigenvalue of HH H can be approximated from the norm of received signal vector at node A,
cn = kak k2 .
i.e. λ
r
Thus, in conjunction with the algorithm of previous
subsection, the nth eigenvector and eigenvalue can be found
at node A, simultaneously.

It is interesting to note that the advantage of the above
method for finding the required eigenvectors and their corresponding eigenvalues, is that it can be used to avoid extra transmission for finding the eigenpairs that are not required for transmit/receive beamforming.
Our proposed procedure is briefly described in following steps,
+

Initialization: i = 1, D = 0MA .
Step 1: Find the ith eigenvector and eigenvalue of HH H
at node A and the ith eigenvector of HHH at node
B with the proposed cooperative method.
Step 2: Using (5) to compute the Dj for 1 ≤ j ≤ i
+

Step 3: If Di ≤ 0 : go to step 4. If Di > 0 : [D ]jj =
Dj , jth column of UmA = jth eigenvector of HH H
and jth column of VmB = jth eigenvector of HHH
for 1 ≤ j ≤ i, i = i + 1; go to Step 1.
+

Step 4: mA = i − 1, WA = D UmA and ZB = VmB

Using this procedure, mA , WA and ZB are computed at
nodes A and B, respectively.
5. COMPUTER SIMULATIONS
For the first simulation, we have assumed that MA = 6,
MB = 6 and ε = 10−4 for checking the algorithm conestimation of each
vergence. Also, the initial vector a1t for√
eigenvector is selected as [1, 1, ..., 1]T / MA .
The Ferobenus norm kqi − q̂i k, for i = 1, 2, 3, is plotted in Fig. 2 as a function of the number of iterations in a
noise free scenario. Here, qi is the exact ith eigenvector
of HH H and q̂i is its estimated value using our proposed
method. As this figure shows the error decreasing with the
number of iterations.
Relative error in the eigenvalues estimation is plotted
in Fig. 3. Here, the additive noise is considered in our simulations assuming that the noise power is the same at both
nodes and the training SNR is the system SNR during our
proposed cooperative method for eigenpairs and eigenvalues estimation. In this simulation, the eigenvectors are the
output of our algorithm at 5th iteration. The relative error
in estimation of λi increases with index i as shown in this
simulation.
For the next simulation we have assumed that MA = 2
and MB = 2. Fig. 4 compares the Shannon capacity of
a system which uses proper beamforming matrices computed from
C=

log2 |ImB +

1
H
H H
σ 2 ZB HWA WA H ZB |

(15)

with the capacity of the other one which uses estimated
weight matrices with our method. These estimation results
are plotted for training SNRs= 5, 10, 20dB. From this figure it is easily seen that the capacity of our system with estimated beamforming matrices has a trivial difference with
the capacity of the system when the exact weight matrices
are used for transmit and receive beamforming.
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Abstract— Frequency-Invariant (FI) beamformer is a type of
beamformer that has flat spatial response over a wide range of
frequency. In most of the algorithms presented today, this FI
characteristic is true for all angles including both main lobe and
side lobe. In this paper, a novel uniform circular broadband
beamformer with frequency-invariant characteristic is proposed.
It attempts to optimize the FI beampattern solely for the main
lobe where the signal of interest is from and relax the FI
requirement on the side lobe. As a result, the beamformer
achieves better FI response for the desired region and it is
completed in one single step. In order to achieve this goal, a new
objective function with a quadratic constraint is designed. In
addition, the constraint function allows the FI character to be
accurately controlled over the specified bandwidth at the
expense of other parts of the spectrum which are not of concern
to the designer. State-of-the-art optimization method such as
Second Order Cone Programming (SOCP) is used to solve this
complex optimization problem with high efficiency and accuracy.
Simulation result shows that the proposed beamformer can
obtain better performance in achieving FI for the main lobe.

I.

INTRODUCTION

Systems that employ microphone arrays are very often
involved in processing broadband signals, such as speech
signal. In the literature presented today, there are several ways
of designing a broadband beamformer [3] [5] [6]. One
approach is to use narrowband decomposition [2]. In this
technique, the signal received at each sensor is transformed
into the frequency domain, and each frequency band is then
treated as an independent narrowband beamformer. This
approach is computational intensive. Alternatively, adaptive
broadband beamformer is used for broadband signal [4]. It
employs tapped-delay lines or linear transversal filters with
adaptive coefficients to generate appropriate beampattern so
as to suppress undesirable interference, one example is Frost
beamformer. An adaptive array with K sensors can produce
K-1 constraints on the beam pattern of the array at a single
frequency. If each sensors have L-tap FIR filter, then the same
constraints can be applied at L different frequencies. In order
to have identical beampattern over a continuous range of
frequencies, for adaptive beamformer, large number of

sensors and taps are required. Hence high computational
complexity is expected. The third approach of designing
broadband beamformer is to design a beamformer with
frequency-invariant beampattern (FIB). In FIB, the array has
constant spatial response over a wide range of frequency
bands. One advantage of them is that they are able to
attenuate broadband interference with fewer number of
adaptive filter coefficients, hence resulting in lower
computational complexity. Among the existing available
techniques, they can be classified into three categories. One is
the FIB optimization based on FIR or IIR coefficients [7]-[10].
This technique employs some analytical relations between
frequency responses of filters located on different sensor array
elements of the FIB, with utilization of a differentiation filter
at the beamformer output and with or without utilization of
multi-rate techniques. A limitation pertaining to this group is
that it restricts to only linear array configuration. Being linear
array, the resolution at broadsight is better than that at its endfire position. The second category is beampattern
optimization for single frequency [13]. In this approach, some
desired beamformer response over angle and frequency is first
defined, then the vector of the beamformer coefficients are
optimized in order to minimize the error between the desired
and real pattern. One weakness for this approach is the choice
of the desired pattern has to be decided skillfully. The third
type is FIB optimization based on array configuration. This
type of beamformer makes use of array geometry specialty to
remove the frequency dependency of the received signal [14].
One example is the uniform circular array with frequencyinvariant characteristic proposed recently. Being a circular
array, it receives signal from all direction with equal
resolution. Hence it resolves the problem created by linear
array. In paper [1], by exploiting the geometric advantage of
the circular array, a frequency compensation network is
designed to remove the frequency dependency of the received
signal and the outcome are summed to produce a FI
beampattern. To do so, the array snapshot is first transformed
to phase modes via an Inverse Discrete Fourier Transform
(IDFT), followed by applying spatial weights. The spatial

- 270 -

weights, which govern the far field pattern of the array, can be
designed by conventional 1-D digital filter design techniques
such as Parks-McClellan Algorithm. In this method, the FI
beampattern is optimized for the entire band including main
lobe and side lobes in two separate steps. Ideally, the
compensation filter and the beam weight which determine the
array beampattern can be optimized jointly. However, using
the method presented in [1], large number of variables and
constraints for this direct approach make it difficult to solve.
As a result, in this paper, a novel algorithm with new
objective function and a quadratic constraint is proposed. It
aims to achieve an FI beampattern for the main lobe where
the signal of interest is from and relax the FI requirement at
the side lobes. In doing so, it is able to achieve FI
characteristic in one single step optimization. Furthermore,
the constraint function accurately controls the FI character
over a specified bandwidth which may be an interest to the
designer. By focusing the FI characteristic along the desired
direction only, and relaxing the FI requirement at other
direction, the free degrees of freedom make it possible to
design an FIB array in single step procedure. This novel
beamformer may find its application in vehicular environment,
where the desired signal and the noise are both broadband. In
such case, the spectrum of noise is much broader than that of
speech, the proposed beamformer focuses on the spectrum of
the desired speech signal at the desired direction, while
attenuate the broadband noise coming from other direction
and the undesired portion of the spectrum.
The remaining paper is organized in the following
way: In section II, problem formulation is discussed. In
section III, the design of the beamforming weight using SOCP
is presented. Numerical results are given in section IV and
finally, conclusions are drawn in section V.

II.

PROBLEM FORMULATION

In Fig 1, a layer of K microphones are distributed
uniformly in a circle. Each omni-directional sensor is located
at { r cos φk , r sin φk } where r is the radius of the circle,
φk = 2π k / K and k = 0, … , K − 1 . In this configuration, the
inter-sensor spacing is fixed at λ / 2 , where λ is the smallest
wavelength of the array to be operated and is denoted as λmin .
Half wavelength is chosen because it is widely used in linear
array to avoid spatial aliasing. Hence the radius is given by
[1]:
r=

λmin

4sin(π / K )
Assuming the circular array is on a horizontal plane, the
steering vector is

⎡ j 2π fr cos (φ −φ0 ) j 2π fr cos (φ −φ1 )
c
c
,e
,
a ( f , φ ) = ⎢e
⎣⎢

j 2π fr cos (φ −φK −1 )

,e

c

⎤
⎥
⎦⎥

T

Fig. 1. Uniform Circular Array Configuration

For notation convenience, let ω denote the digital frequency,
2π f
, ε denote the ratio of the sampling frequency to
i.e. ω =
fs
f
the maximum frequency, i.e. ε = s
, and r denotes the
f max
normalized radius, i.e. r = r / λmin , the steering vector can be
represented as
a (ω , φ ) = ⎡⎣e

jω r ε cos (φ −φ0 )

, e jω rε cos(φ −φ1 ) ,

, e jω rε cos(φ −φK −1 ) ⎤⎦

T

Fig 2 shows the system structure of the proposed uniform
circular array beamformer. Assuming the sampled signal after
the
sensor
is
given
by
the
vector X [ n ] = ⎡⎣ x0 ( n ) , x1 ( n ) , xk −1 ( n ) ⎤⎦ , where n is the
sampling instance and k is the number of sensor, this signal is
first transformed into phase mode via Inverse Digital Fourier
Transform (IDFT). A compensation filter network which is
characterized by the filter coefficient bm [ n ] is then designed
to remove the frequency dependency of the received signal
X[n]. hm is the spatial weighting coefficient which governs
the far field beampattern of the beamformer. L is defined as
(M-1)/2, where M is the number of phase mode and it is
assumed to be an odd number. The detailed derivation of the
spatial response of the beamformer can be found in [1]. In this
paper, the proposed beamformer consists of single layer,
hence the spatial response of the beamformer is:
G (ω , φ ) =

L

∑h

m =− L

m

⋅ e jmφ ⋅ K ⋅ j m J m (ω r ) ⋅ Bm (ω )

(1)

Where h is the spatial weighting, and bm [ n ] is the
coefficients of the frequency compensation filter and J m ( β )
is the Bessel function of the first kind of order m. Bm (ω ) and
bm [ n ] are a Fourier Transform pair which satisfied the
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Nn

following relationship: Bm (ω ) = ∑ bm [ n ] e − jnω

(2), where

n=0

Nn is the order of the compensation filter.

III.

PROPOSED NOVEL BEAMFORMER

In order to achieve our goal, the following objective
function is formulated for the proposed beamformer:
v = ∫ ∫ G (ω , φ ) d ω dφ
2

min
Subject to

ωφ

(3)

G (ω , φ0 ) − 1 ≤ δ , ω ∈ [ωl , ωu ]

Fig. 2. The system structure of a uniform circular array beamformer

Where G (ω , φ ) is the spatial response of the beamformer as
shown in equation (1),

ωl and ωu

matrices; and u

are the lower and upper

limit of the desired frequency range.

φ0

u

is the desired

direction.
In this objective function, the square of the overall
beampattern across all frequency and all angles is minimized,
while the beampattern pertaining to the specific angle is
constrained to be approximately one. The main novelty is that
it only restricts the FI character of the beampattern along the
desired direction for a range of frequency band instead of
across all directions. It is done by optimizing the coefficient
of the compensation filter and the beam weight together.
Cholesky factorization is later used to transform further the
objective function into SeDuMi solvable min-max
optimization problem. Simulation shows that as the angle
deviates from the desired direction, the FI character becomes
less obvious for different frequencies. The physical
interpretation of the above objective function for being able to
achieve FI in single step is that by focusing the FI
characteristic at the desired direction for a range of frequency
band only and relaxing the FI at other directions, more
degrees of freedom are freed. Comparing to UCCA, it has
strict FI characteristic at all directions for a wide selection of
frequency range. Hence the free degrees of freedom make the
proposed beamformer possible to achieve FI in single step. In
the next section, the numerical results also points out that with
the same array configuration, the proposed beamformer can
also yield better performance on achieving frequency
invariant beampattern at the desired direction for a wide range
of frequency.
In this optimization problem, Second Order Cone
Programming (SOCP) is used to solve the above objective
function due to the quadratic constraint [12]. SOCP is a
convex programming problem and the global optimal solution
is guaranteed if it exists. A standard form of SOCP can be
written as follows:
min bT x
(4)
T
Subject to di x + qi ≥ A i x + ci 2 , i = 1, … , N
Where x ∈ R m is the variable vector; b, di ∈ R m ,

2

denotes the Euclidean norm of the vector u,

1
2

2

= ( uT u ) .

To convert to the standard form, the objective function has
to be suitably modified. To start with, substitute (2) into (1),
L
⎡ Nn
⎤
(5)
G (ω , φ ) = ∑ hm ⋅ e jmφ ⋅ K ⋅ j m J m (ω r ) ⎢ ∑ bm [n]e − jnω ⎥
m =− L
⎣ n=0
⎦

Using the identity e − jnω = cos(nω ) − j sin(nω ) , equation (5)
becomes:
G (ω , φ ) =

L

∑h

m

m =− L

⋅ e jmφ ⋅ K ⋅ j m J m (ω r )

⎡ Nn
⎤
⋅ ⎢ ∑ bm [n] ( cos(nω ) − j sin(nω ) ) ⎥
⎣ n=0
⎦
=K

L

∑h

⋅ e jmφ ⋅ j m J m (ω r )

m

m =− L

⎡ Nn
⎤
⋅ ⎢ ∑ bm [n]cos(nω ) − jbm [n]sin(nω ) ⎥
⎣ n=0
⎦
=K

L

∑h

⋅ e jmφ ⋅ j m J m (ω r )

m

m =− L

Nn
⎡ Nn
⎤
⋅ ⎢ ∑ bm [n]cos(nω ) − j ∑ bm [n]sin(nω ) ⎥
n=0
⎣ n=0
⎦

=K

L

∑h

⋅ e jmφ ⋅ j m J m (ω r )

m

m =− L

⋅ ⎡⎣c m bm − js m b m ⎤⎦

where
b m = [bm [0], bm [1],

, bm [ Nn]]T

cm = [cos(0), cos(ω ),
s m = [sin(0),sin(ω ),
G (ω , φ ) = K

ci ∈ R m , and

qi ∈ R ni × m are constant vectors; A i ∈ R ni × m are constant
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L

∑h

m

m =− L

− j⋅K

,sin( Nn ⋅ ω )]

⋅ e jmφ ⋅ j m J m (ω r ) ⋅c m bm

L

∑h

m =− L

, cos( Nn ⋅ ω )]

m

⋅ e jmφ ⋅ j m J m (ω r ) ⋅ s m b m

Finally, (6) can be written in a matrix form as follows:
Let xm = hm ⋅ j ⋅ b m
m

G (ω , φ ) = K

L

∑

m =− L

e jmφ J m (ω r ) ⋅c m xm − j ⋅ K

L

∑

m =− L

min t
chol ( M ) ⋅ X ≤ t

e jmφ J m (ω r ) ⋅ s m xm

Subject to

= CX − jSX

where
C (ω , φ ) = [ Ke j ( − L )φ J − L (ω r ) c− L ,
X = [ x− L , x− L +1 ,
S (ω , φ ) = [ Ke

, Ke j ( L )φ J L (ω r ) c L ]

T

, xL ]

j ( − L )φ

J − L (ω r ) s − L ,

, Ke j ( L )φ J L (ω r ) s L ]

By stacking C (ω , φ ) and S (ω , φ ) together, the above

⎛1 ⎞
H
A (ω , φ0 ) X − ⎜ ⎟ ≤ δ
⎝0⎠

for ω ∈ [ωl , ωu ]

By dividing ω uniformly within the frequency range with
a sufficient number of points, says P=64, each continuous
constraint above for each angle will yield P different
constraints. The resulting problem is now in the form of a
standard SOCP problem, which can be solved efficiently
using optimization toolbox such as SeDuMi [11].

equation can be rewritten in the following form:

IV. NUMERICAL RESULTS

⎛ C (ω , φ ) ⎞
G (ω , φ ) = ⎜
⎟ X = AH X
⎜ − jS ( ω , φ ) ⎟
⎝
⎠
Hence,

G (ω , φ ) = G H G = ( A H X )
2

H

( A X ) = X A (ω , φ ) A (ω , φ )
H

H

H

X

since the objective function is v = ∫ ∫ G (ω , φ ) d ω dφ , and X
2

ωφ

is independent of all the frequency and angles,

(

)

v = ∫ ∫ X H A ( ω , φ ) A (ω , φ ) X d ω dφ
ωφ

H

⎛
⎞
H
= X H ⎜ ∫ ∫ A (ω , φ ) A (ω , φ ) d ω d φ ⎟ X
⎜
⎟
⎝ω φ
⎠
= X H MX

where M = ∫ ∫ A (ω , φ ) A (ω , φ ) d ω dφ
H

ωφ

Hence, the objective function can finally be written as:
min X H MX
⎛1 ⎞
Subject to A H X − ⎜ ⎟ ≤ δ for ω ∈ [ωl , ωu ]
⎝0⎠

Consider a single layer of circular array of 20 elements that
are arranged as shown in Fig 1. The number of phase mode M
is 17. Therefore we have 17 spatial weighting coefficients.
We assume that the orders of the compensation filter are the
same for all phases which is 16 in this experiment. The
desired angle of direction of arrival is set to be at broadside.
The range of frequency which achieves frequency invariant is
from 0.3 π to 0.95 π . δ is set to be 0.1. Due to the reason that
the proposed beamformer adapts the same structure as UCCA,
in this section, the performance of the two beamformers for
the same array setting are compared.
The simulated array beampattern for the proposed
beamformer is shown in Fig 3. By dividing the frequency
range from 0.3 π to 0.95 π uniformly with 10 points, each
frequency point corresponds to one blue curve. In Fig 3, it is
shown clearly that at broadside, there is little frequency
variance in the spatial response. The proposed beamformer is
able to achieve frequency invariant at the desired direction.
As the angle deviates from broadside direction, the frequency
invariant characteristic relaxes for different frequencies. As
shown in the figure, the blue curves are no longer overlapping.
The sidelobe level is approximately -10 dB.
In Fig 4, the normalized spatial response of UCCA

(6)

Since in the standard SeDuMi form, the objective function
must be a linear equation, hence to transform it into (4),
Cholesky factorization is used. By definition, Cholesky
factorization decomposes symmetric positive definite matrix
into transpose of upper triangular matrix and the upper
triangular matrix. M = U H U , if M is hermitian and positive
definite. Substitute the above relationship into (6),
X H MX = X H (U H U ) X = (UX )

H

(UX ) ,

where U=chol(M) is

the cholesky factorization in Matlab function. Defining t as
the maximum value of UX , min-max criterion is skillfully
applied so as to convert the minimization of a quadratic term
into minimization of a linear term.
Fig.3. The normalized spatial response of the proposed beamformer for
ω = [ 0.3π , 0.95π ]
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beamformer is presented. In this experiment, instead of using
concentric array, single layer of circular array is used. By
dividing the frequency range from 0.3 π to 0.95 π uniformly
with 10 points again, each frequency point corresponds to one
red curve. From the beampattern, we could see that for UCCA
beamformer, at the broadside, there is some degree of
frequency variance. It is not as smooth as the proposed
beamformer. As the angle gets further from the desired
direction, the beampattern differ more for different
frequencies. The sidelobe level is approximately -15 dB.
From here, we could see that for the same frequency range as
stated in [1], the proposed beamformer achieves better
frequency-invariant characteristic than UCCA beamformer
for the same circular array setting.
In Fig 5, comparison between the proposed beamformer
and the UCCA beamformer on FI characteristic across all
frequency is presented. The blue line represents the proposed
beamformer, while the red line represents the UCCA
beamformer. It clearly shows that at the desired direction, the
proposed beamformer obtain better performance on FI
characteristic than UCCA beamformer.
When the frequency range is modified from [0.3 π , 0.95 π ]
to [0.2 π , 0.3 π ], the proposed beamformer achieves FI at the
desired direction with narrower main beam but higher
sidelobe as compared to UCCA beamformer.

V.

Fig.4. The normalized spatial response of the UCCA beamformer for
ω = [ 0.3π , 0.95π ]

CONCLUSIONS

In this paper, a novel beamformer that achieves frequencyinvariant characteristic for uniform circular array in single
step is proposed. Simulations results show that the proposed
beamformer performs well for both short range of frequency
and wide range of frequency. More importantly, the
optimization is done in single step. This is useful in many
real-time applications, especially for speech capturing in
vehicular environment.
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Abstract— Sinusoidal parameter estimation is a
computationally-intensive task, which can pose problems for real-time implementations. In this paper,
we propose a low-complexity iterative method for
estimating sinusoidal parameters that is based on the
linearisation of the model around an initial frequency
estimate. We show that for N sinusoids in a frame of
length L, the proposed method has a complexity of
O (LN ), which is significantly less than the matching
pursuits method. Furthermore, the proposed method
is shown to be more accurate than the matching
pursuits and time frequency reassignment methods in
our experiments.

I. I NTRODUCTION

approximate a signal x̃ (t) as:

Z t
N
X
ωk (t) dt + φk , (1)
x̃ (t) =
Ak (t) cos
0

k=1

where Ak (t) is the time-varying amplitude, ωk (t)
is the time-varying frequency and φk is the initial
phase. The model in (1) has limited practical use
because it is very complex and has an infinite number
of ways to approximate x (t). Using discrete time n
and normalised frequencies θk over a finite window
h (n) yields a simpler model:
N 

X
′
Ak + Ak n cos (θk n + φk ) ,
x̃ (n) = h (n)
k=1

The sinusoidal model is increasingly being used
in signal processing applications such as speech synthesis [1], speech coding [2], and audio coding [3].
Estimating the model parameters often represents a
significant fraction of the overall complexity of these
applications. However, many real-time applications
require a very low-complexity estimation algorithm.
This paper proposes a new procedure based on the
linearisation of the model around an initial frequency
estimate. Parameters are optimised using an iterative
method with fast convergence. We show that for typical configurations, it is over 20 times less complex
than matching pursuits [4].
We start by introducing sinusoidal modelling and
prior art in Section II. Section III discusses frequency
estimation and our proposed linearisation. In Section
IV, we present a low-complexity iterative solver for
estimating sinusoidal parameters. Results are presented in Section V with a discussion and Section
VI concludes this paper.
II. S INUSOIDAL PARAMETER E STIMATION
A general sinusoidal model that considers both
amplitude and frequency modulation can be used to

(2)
′
where A is the first time derivative of the amplitude,
or even
N
X
x (n) = h (n)
Ak cos (θk n + φk )
(3)
k=1

if we do not want to model amplitude variation within
a frame. Although simpler, the models in (2) and (3)
are still difficult to estimate because they involve a
non-linear optimisation problem.
Several methods exist for estimating sinusoidal
parameters. The standard DFT over a rectangular
window is limited by both frequency leaking (sidelobes from the rectangular window) and its poor
frequency resolution equal to π/L rad/s for a frame
of length L.
By defining an over-complete dictionary of sinusoidal bases, matching pursuits methods [4] make it
possible to increase the resolution arbitrarily, while
allowing for a window in its basis functions. However, being a greedy algorithm, matching pursuits
behaves sub-optimally when the basis functions used
are not orthogonal [5], which is usually the case for
sinusoids of arbitrary frequency over a finite window length. The orthogonality problem of matching
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pursuits can be mainly overcome by further nonlinear optimisation as in [5]. However this requires
a significant increase in complexity (such as O N 4
terms).
Another approach is the time frequency (TF) reassignment method, which can be used to improve estimates of frequency localisation within various forms
of TF representations [6], including spectrograms [6],
[7]. In the case of the spectrogram, phase information
from the short time Fourier transform (STFT) is
exploited to move energy away from the centre of the
frequency bin (t, w) to the centre of gravity of the
spectral distribution [6]. Hence, this approach can be
used to reduce the inaccuracy of frequency estimation
in a quantised TF representation that is reliant upon
the temporal resolution of the window. A drawback
to this approach is that it is not well suited to noisy
signal conditions, as energy becomes concentrated in
noise dominated regions [7].
Other work, such as [1], [8] focuses on the estimation of sinusoidal partials in harmonic signals. While
these methods generally have a low complexity, they
are not applicable to non-harmonic signals.
III. L INEARISED M ODEL
As another way of obtaining accurate frequency
estimation, we propose rewriting the sinusoidal
model in (2) as
x̃ (n) = h (n)

N 
X
k=1


′
Ak + nAk ·

and italic symbols (ai,j ) denote the elements of the
matrix. We can express (5) in matrix form as
x̃ =Aw ,
i
h
A = Ac , A s , A d , A t ,
w = [c, s, d, t]T .

x̃ (n) = h (n)

N
X

ck cos θk n + sk sin θk n

k=1

+ dk n cos θk n + tk n sin θk n , (5)

with
ck =Ak cos φk ,

(6)

sk = − Ak sin φk ,

(7)

′

dk =Ak cos φk − Ak ∆θk sin φk ,
′

tk = − Ak sin φk − Ak ∆θk cos φk .

(8)
(9)

From now on, unless otherwise noted, bold uppercase symbols (A) denote matrices, bold lower
case symbols (ai ) denote the columns of the matrix

(11)
(12)

where the basis components Ac , As , As and At are
defined as
acn,k =h (n) cos θk n ,

(13)

asn,k
adn,k
atn,k

=h (n) sin θk n ,

(14)

=h (n) n cos θk n ,

(15)

=h (n) n sin θk n .

(16)

The best fit can then be obtained through a leastsquare optimisation, by posing
∂
kAw − xh k2 = 0 ,
∂w

(17)

where xh is the windowed input signal. This leads
to the well known solution
−1 T
A xh .
(18)
w = AT A
Once all linear parameters in (5) are found, the real
sinusoidal parameters can be retrieved by solving the
system (6)-(9):
q
Ak = c2k + s2k ,
(19)
φk = arg (ck − sk ) ,
dk ck + sk tk
′
,
Ak =
Ak
dk sk − tk ck
.
∆θk =
A2k

cos ((θk + ∆θk ) n + φk ) , (4)

where θk is an initial estimate of the frequencies and
∆θk is an unknown correction to the initial estimate.
′
When both the amplitude modulation parameter Ak
and the frequency correction ∆θk are small, we show
in Appendix I that (4) can be linearised as the sum
of four basis functions

(10)

(20)

(21)
(22)

IV. I TERATIVE S OLVER
Though it is far less computationally demanding
than a classic non-linear solver, solving the linear
system (18) still requires a great amount of computation. In [8], a method was
 proposed to reduce that
2
complexity from O LN to O (N log N ), but only
for harmonic signals. In this paper, we propose an
O (LN ) solution without the restriction to harmonic
signals.
Our method uses an iterative solution based on the
assumption that matrix A is close to orthogonal, so
that


−1
1
1
T
≈ diag
A A
,..., T
=Φ.
aT1 a1
aN aN
(23)
That way, an initial estimate can be computed as
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w(0) = Φ−1 AT xh

(24)

and then refined as
w(i+1)



= w(i) + Φ−1 AT xh − x̃(i)


= w(i) + Φ−1 AT xh − Aw(i) .

(25)

It turns out that the iterative method described in
(24)-(25) is strictly equivalent to the Jacobi iterative
method. The complexity of the algorithm is reduced
to O(LM N ), where M is the number of iterations
required for acceptable convergence. Unfortunately,
while the Jacobi method is generally stable for most
matrices A obtained in practice, convergence is not
guaranteed and depends on the actual frequencies θk .
A. Gauss-Seidel Method
An alternate to the Jacobi method is the GaussSeidel method, which has the main advantage that
it is guaranteed to converge in this case because the
matrix AT A is a symmetric, positive definite matrix
[9]. Because the columns of A are usually nearly
orthogonal, AT A is strongly diagonally dominant
and the Gauss-Seidel method converges quickly. The
linear system can be expressed as
Rw = b ,

(26)

R = AT A ,

(27)

b = AT xh .

(28)

where

If we assume that matrix A has been pre-normalised
(aTk ak = 1, ∀k), the Gauss-Seidel algorithm is expressed as
X
X
(i+1)
(i+1)
(i)
=bk −
wk
rk,j wj
−
rk,j wj
j<k

=aTk xh
(i)
=wk

−

−

+

X

X
j<k

aTk xh

j>k
(i+1)
T
−
ak aj wj

−

X

X

(i)

aTk aj wj

j>k
(i+1)
T
ak aj wj

j<k

(i)
aTk aj wj

j≥k



+ aTk xh − aTk Aw̃k (i+1)


(i)
=wk + aTk xh − Aw̃k (i+1) ,
(i)
=wk

where

h
(i+1)
(i+1)
w̃k (i+1) = w0
, . . . , wk−1 ,

(i)

(i)

wk , . . . , wN −1

iT

(29)

. (30)

We can further simplify the computation of (29) by
noting that only one element of w̃k (i+1) changes for
each step. We thus have
(i+1)

wk

(i)

(i+1)

= wk + aTk ek

,

(31)

Algorithm 1 Iterative linear optimisation
Compute basis functions (13)-(16).
w(0) ← 0
e ← xh
for all iteration i=1. . . M do
for all sinusoid component k = 1 . . . 4N do
(i)
∆wk ← aTk e
(i)
e ← e − ak ∆wk
(i)
(i−1)
(i)
+ ∆wk
wk ← wk
end for
end for
for all sinusoid
k = 1 . . . N do
q
2
Ak ← ck + s2k
φk ← arg (ck − sk )
′
k tk
Ak ← dk ckA+s
k
dk sk −tk ck
∆θk ←
A2k
end for
(i+1)

is the current error on the approximation
where ek
and is computed recursively as
 (i+1)

e
−

 k−1


, k 6= 0
(i+1)
(i)
(i+1)
.
ek
=
−
w
w
k−1 ak−1
k−1


 (i)
, k=0
eN
(32)
The resulting computation is summarised in Algorithm 1. If there is only one iteration, then algorithm
1 is equivalent to a simplified version of the matching
pursuits algorithm where the atoms (frequency of the
sinusoids) have been pre-defined before the search.
From this point of view, the proposed method relaxes
the orthogonality assumption made by the matching
pursuits method.
The main difference with the Jacobi method is
the Gauss-Seidel method includes partial updates of
the error term after each extracted sinusoid. The
convergence also follows intuitively from the fact
that each individual step is an exact projection that
is guaranteed to decrease the current error e — or
at worst leave it constant if the optimal solution has
been reached. Also, because the error term is updated
after each component k, placing the highest-energy
terms first speeds up the optimisation. For this reason,
we first include the cos θk n and the sin θk n terms,
followed by the n cos θk n and the n sin θk n terms.
We have found that this usually reduces the number
of iterations required for convergence. The resulting
algorithm typically converges in half as many iterations as alternative conjugate gradient techniques,
such as LSQR [10], which cannot take advantage of
the diagonal dominance of the system.
If in (13)-(16) we (arbitrarily) choose n = 0 to lie
in the centre of the frame (between sample L/2 and
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sample L/2 + 1 if L is even), the ack and atk vectors
all have even symmetry, while ask and adk all have odd
symmetry. This leads to the following orthogonality
properties:
hac , as i = 0 ,
D k kE
ack , adk = 0 ,

D

atk , ask = 0 ,
E
atk , adk = 0 .

(33)
(34)
(35)
(36)

Because the even and odd bases are orthogonal to
each other, we can optimise them separately as
−1 evenT
A
x,
(37)
[c, t]T = AevenT Aeven
−1

[d, s]T = AoddT Aodd
AoddT x ,
(38)


Aeven = Ac , At ,
(39)
i
h
(40)
Aodd = Ad , As .

Not only does the orthogonality accelerate convergence, but it allows us to split the error e into
half-length even and odd components, reducing the
complexity of each iteration by half.
B. Non-Linear Optimisation

If the initial frequency estimates θk0 are close to
the real frequency of the sinusoids θk , then the error
caused by the linearisation (5) is very small. In
this case, Algorithm 1 should result in a value of
θk0 + ∆θk that is even closer to the real frequencies.
However, if the initial estimates deviate significantly
from the real values, then it may be useful to restart
the optimisation from the new frequency estimates.
Repeating the operation several times, we obtain a
′
non-linear iterative solver for Ak , θk , Ak and φk .
We have found that it is not necessary to wait
for Algorithm 1 to converge before updating the
frequencies θk . We can let both the linear part and
the non-linear part of the solution run simultaneously.
To do that, we must first subtract the solution of
the previous iteration before restarting the linear
optimisation.
The non-linear method we propose is detailed
in Algorithm 2 and shares some similarities with
the Gauss-Newton method [11]. However, because
the reparametrisation in (6)-(9) allows updates to
′
Ak , A and φk to be incorporated into the linear
model immediately when solving the normal equations, convergence is greatly improved compared to
a standard Gauss-Newton iteration in the original
parameters. Just like Algorithm 1, it is possible to
reduce the complexity of Algorithm 2 by half by
taking advantage of the even-odd symmetry of the
basis functions.

Algorithm 2 Non-linear iterative optimisation
∀k, θk = initial f requency estimate
′
∀k, [Ak , φk , Ak ] ← 0
w(0) ← 0
e ← xh
for all non-linear iteration i=1. . . M do
for all sinusoid k do
ck ← Ak cos φk
sk ← −Ak sin φk
′
dk ← Ak cos φk
′
tk ← −Ak sin φk
end for
e ← x − Aw(i−1) (result of the last iteration
with updated frequency)
for all sinusoid component k = 1 . . . 4N do
(i)
∆wk ← aTk e
(i)
e ← e − ak ∆wk
(i)
(i−1)
(i)
wk ← wk
+ ∆wk
end for
for all sinusoid
k = 1 . . . N do
q
Ak ← c2k + s2k
φk ← arg (ck − sk )
′
k tk
Ak ← dk ckA+s
k
k ck
θk ← θk + dk skA−t
2
k
end for
end for

V. R ESULTS A ND D ISCUSSION
In this section, we characterise the proposed algorithm and compare it to other sinusoidal parameter estimation algorithms. We attempt to make the
comparison as fair as possible despite the fact that
the methods we are comparing do not have exactly
the same assumptions or output. Both the linear and
the non-linear versions of the proposed algorithm are
evaluated. For all algorithms, we use a sine window
n − (L + 1) /2
,
(41)
L
so that the result of applying the window to both
the input signal x and the basis functions ak is
equivalent to a Hanning analysis window. Unless
otherwise noted, we use a frame length L = 256.
h(n) = cos π

A. Convergence
We first consider the case of a single amplitudemodulated sinusoid of normalised angular frequency
θ = 0.1π . We start with an initial frequency estimate of θ = 0.095π , which corresponds to an
error of slightly more than one period over the 256sample frames we use. The non-linear optimisation
Algorithm 2 is applied with different values of α.
The convergence speed in Figure 1 shows that for
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Fig. 1. Convergence of the non-linear optimisation procedure
for various values of α. For α = 1, convergence is achieved in
only 3 iterations. The floor at 2 × 10−8 rad/s is due to the finite
machine precision.

Fig. 2. Reconstruction RMS error as a function of the number
of iterations in clean conditions (linear vs. non-linear)

α = 1, convergence becomes much faster than for
other values of α. This provides a strong indication
that the convergence of the algorithm is super-linear,
although we give no formal proof.

B. Chirps
We measure the frequency estimation accuracy
and the energy of the residual signal for known
signals. We use a synthetic signal that is the sum
of five chirps with white Gaussian noise. The
chirps have linear frequency variations starting at
0.05, 0.1, 0.15, 0.2, 0.25 rad/s and ending at
2.0, 2.2, 2.4, 2.6, 2.8rad/s, respectively. The relative
amplitudes of the chirps are 0 dB, -3 dB, -6 dB,
-9 dB, and -12 dB. The following algorithms are
considered:
• Time frequency reassignment (TFR),
• Matching pursuits (32x over-sampled dictionary) (MP),
• Proposed algorithm with linear optimisation
(linear), and
• Proposed algorithm with non-linear optimisation
(non-linear).
The time frequency reassignment method is implemented as in [6]. The matching pursuits algorithm
uses a dictionary of non-modulated sinusoids with a
resolution of π/8192. We also compare to the theoretical resolution obtained from the picking the highest peaks in the DFT. To make sure that algorithms
are compared fairly, all algorithms are constrained to
frequencies within one DFT bin of the real frequency,
i.e. there are no outliers.
Fig. 2 shows the RMS energy of the residual
(x̃ − xh ) as a function of the number of iterations
for both the linear optimisation and the non-linear
optimisation. The linear version converges after only

Frequency estimation RMS error (rad/s)
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Fig. 3.
SNR.

Frequency RMS estimation error as a function of the

2 iterations, while the non-linear version requires 3
iterations. We use 3 iterations for both methods in
the experiments that follow.
Fig.3 shows the frequency RMS estimation error
as a function of the SNR for each of the four
algorithms. At very low SNR, all algorithms perform
similarly. However, as the SNR increases above 20
dB, matching pursuits stops improving. This is likely
due to the fact that the frequencies are not orthogonal, which makes its greedy approach sub-optimal.
Both the proposed linear and non-linear approaches
provide roughly the same accuracy up to 30 dB,
after which the non-linear approach provides superior
performance. For this scenario, the only limitation of
the non-linear algorithm at infinite SNR is the fact
that it does not account for frequency modulation
within a frame.
The amplitude estimation error is shown in Fig.
4. Although the behaviour of the amplitude error
is similar to that of the frequency estimation error,
the difference between the linear and the non-linear
optimisation algorithms is accentuated. The time fre-
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Fig. 6. Reduction in residual energy as a function of the number
of iterations.

performs both matching pursuits and time frequency
reassignment. The linear version has overall slightly
better performance than the other methods, although
it does not perform as well as non-linear optimisation. In all cases (Fig. 3 to Fig. 5), all the algorithms
compared behave similarly. Their error at low SNR
is similar and the slope of the improvement is the
same. What differentiates the algorithms is how far
they improve with SNR before reaching a plateau.
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Fig. 5. Reconstruction RMS error as a function of the SNR
(the input noise is not considered in the error).

quency reassignment algorithm is not included in the
comparison because it does not estimate amplitude.
Fig. 5 compares the reconstruction error for all
algorithms, except the time frequency reassignment
method, which cannot estimate the amplitude and
thus cannot provide a reconstructed signal. The reconstruction error is computed based on the nonnoisy version of the chirps. We observe performances
similar to the ones in Fig. 3, with the notable
exception that when it comes to reconstruction, the
non-linear optimisation is able to fit the data much
more efficiently than the linear optimisation at high
SNR.
We also observe that the performance of our
algorithm is slightly worse than that of matching
pursuits at low SNR. This can be explained by some
slight over-fitting due to the fact that the proposed
algorithm also includes an amplitude modulation
term. The difference disappears if the amplitude
modulation term is forced to zero.
Overall, we observe from the experiment on chirps
that our proposed non-linear algorithm clearly out-

We apply our proposed algorithm to a 90-second
collage of diverse music clips sampled at 48 kHz,
including percussive, musical, and amusical content.
In this case, we cannot compare to the matching
pursuits algorithm because the lack of ground truth
prevents us from forcing a common set of initial
sinusoid frequencies. We select the initial frequency
estimates required for the proposed algorithm using
peaks in the standard DFT.
The energy of the residual is plotted as a function
of the number of iterations in Fig. 6. Both algorithms
converge quickly and we can see that the linear
optimisation only requires 2 iterations, while the nonlinear optimisation requires 3 iterations.
D. Algorithm complexity
In this section, we compare the complexity of the
proposed algorithms to that of other similar algorithms. For the sake of simplicity, we discard some
terms that are deemed negligible,
e.g., we discard

2
O (LN ) terms when O LN terms are present.
In Algorithm 1, we can see that each iteration
requires 8LN multiplications and 8LN additions.
Additionally, computation of the 4N basis functions
ak prior to the optimisation requires LN additions
and 3LN multiplications. It is possible to further
reduce the complexity of each iteration by taking advantage of the fact that all of our basis functions have
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either even or odd symmetry. By decomposing the
residual into half-length even and odd components,
only one of these components needs to be updated for
a given basis function. This reduces the complexity
of each iteration in Algorithm 1 by half without
changing the result. The complexity of each iteration
is thus 4LN multiplications and 4LN additions. For
M iterations, this amounts to a total of (8M + 5) LN
operations per frame.
The complexity of the proposed non-linear optimisation algorithm (Algorithm 2) is similar to that of
the linear version, with two notable exceptions. First,
because the frequency is changing for every iteration,
the basis functions need to be re-computed for every
iteration. Second, when starting a new iteration, the
residual must be updated using the new basis functions. The total complexity is thus (17M − 4) LN
operations per frame (for a single iteration, the linear
and non-linear versions are strictly equivalent).
As a comparison a simple matching pursuits algorithm that does not consider modulation requires
4LN 2 P operations per frame, where P is the oversampling factor (i.e. increase over the standard DFT
resolution). If a fast (FFT-based) implementation of
the matching pursuits algorithm [5] is used, then the
complexity is reduced to 5/2LN P log2 LP .
Table I summarises the complexity of several algorithms. Because the algorithms have different dependencies on all the parameters, we also consider the
total complexity in Mflops for real-time estimation
of sinusoids in a typical scenario, where we have
• frame length: L = 256,
• number of sinusoids: N = 20,
• oversampling: P = 32 (matching pursuits only),
• number of iterations: M = 2 (linear), M = 3
(non-linear),
• sampling rate: 48 kHz,
• frame offset: 192 samples (25% overlap).
It is clear from Table I that the proposed algorithms,
both linear and nonlinear, reduce the complexity by
more than an order of magnitude when compared
to matching pursuits algorithms. One must of course
take into account that while matching pursuits can
estimate the sinusoidal parameters directly from the
input signal, the proposed method requires initial
frequency estimates.

Algorithm
MP (slow)
MP (FFT)
linear (18)
non-linear ([5])
linear (proposed)
non-linear (prop.)

C OMPLEXITY COMPARISON OF VARIOUS PARAMETER
∗
T HE TYPICAL COMPLEXITY OF
[5] IS NOT GIVEN , BUT WE ESTIMATE IT TO BE GREATER
THAN 500 M FLOPS .

ESTIMATION ALGORITHMS .

3 iterations for the non-linear optimisation. It was
also shown that the frequency estimation of the nonlinear version of our algorithm is more accurate than
the matching pursuits and time frequency reassignment methods for the experiment. In addition, we
calculated that the complexities of our algorithms
were considerably lower than the matching pursuits
algorithms.
Like other non-linear optimisation methods, the
method we propose requires a good initial estimate of the sinusoids’ frequencies. Therefore, lowcomplexity sinusoid selection is another important
problem to investigate for improving sinusoidal parameter estimation. Also, for applications that require
it, the proposed algorithm could easily be extended
to estimate the frequency modulation within a frame.

L INEARISATION

A PPENDIX I
OF THE S INUSOIDAL M ODEL

Let us consider a sinusoidal model with piecewise
linear amplitude modulation and a frequency offset
(from an initial estimate):

N 
X
k=1

We have presented a method for estimating sinusoidal parameters with very low complexity. Our
proposed method is based on a linearisation of the sinusoidal model, followed by an iterative optimisation
of the parameters. The algorithm converges quickly,
in only 2 iterations for the linear optimisation and

Typical (Mflops)
3,300
1,300
900
>500∗
27
60

TABLE I

x̃ (n) =

VI. C ONCLUSION

Complexity
4LN 2 P
5
LN P log2 LP
2
3
2
64N
` + 32LN ´
O N 4 + LN 2
(8M + 5) LN
(17M − 4) LN


′
Ak + nAk ·

cos ((θk + ∆θk ) n + φk ) , (42)

where θk is known in advance and ∆θk is considered
small. Using trigonometric identities, we can expand
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formulation:

the sum in the cosine term as

x̃ (n) =

N 

X
′
x̃ (n) =
Ak + nAk cos φk cos (θk + ∆θk ) n

−

k=1

N 

X
′
Ak + nAk sin φk sin (θk + ∆θk ) n
−

(43)

−
−
−


′
Ak + nAk cos φk cos ∆θk n cos θk n

N 
X

k=1
N 
X

−


′
Ak + nAk cos φk sin ∆θk n sin θk n

k=1
N 
X


′
Ak + nAk sin φk cos ∆θk n sin θk n

k=1
N 
X
k=1


′
Ak + nAk sin φk sin ∆θk n cos θk n .

sin ∆θk n ≈ ∆θk n ,

′

cos ∆θk n ≈ 1 ,

nAk sin ∆θk n ≈ 0 .

(45)
(46)
(47)

When substituting the above approximations into
(44), we obtain:

x̃ (n) =

N 

X
′
Ak + nAk cos φk cos θk n
k=1

−
−
−

N
X

Ak cos φk ∆θk n sin θk n

k=1
N 
X
k=1

N
X


′
Ak + nAk sin φk sin θk n

Ak sin φk ∆θk n cos θk n .

(48)

k=1

Ak cos φk cos θk n
Ak sin φk sin θk n

k=1

k=1
N 
X
k=1


′
Ak sin φk + Ak ∆θk cos φk n sin θk n ,

(49)

which is a linear combination of four functions.
The result in (49) is in fact equivalent to a firstorder Taylor expansion. Keeping second order terms
would allow us to model both the first derivative of
the frequency with respect to time and the second
derivative of the amplitude.
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Abstract
Artifacts in bioelectric signals can make bioelectric signals
unreliable. Spectral and temporal overlap can make the removal of artifact or separation of different bioelectric signals
extremely difficult. Often, the sources of the bioelectric signals
may be considered as independent at the local level and this
makes an argument for separating the signals using independent component analysis (ICA). This paper reports research
conducted to evaluate the use of ICA for the separation
of bioelectric signals when the number of sources exceed
number of sensors. The paper proposes the use of value of
the determinant of the global matrix generated using subband ICA for identifying the number of active sources. The
results indicate that the technique is successful in identifying
the number of active muscles for complex hand gestures.
The results support the applications such as human computer
interface.
1. I NTRODUCTION
Independent component analysis (ICA) [1],[15] has been a
widely accepted technique to solve the BSS problem. Although
the BSS problem involves two implications: source number
estimation and source separation, for conceptual and computational simplicity, most ICA algorithms employ the linear
instantaneous mixture model and assume that the number
of sources equals to the number of observations (so that
the mixing/un mixing matrix is square and can be easily
estimated). However, this equality assumption is in general not
the case in bio signal processing applications where number
of muscles can be activated for a simple hand gesture and the
number of sources (muscles) can easily exceed the number
of sensors. Hence, the number of sources has to be estimated
before any further calculation can be done.
Independent component analysis (ICA) is an important
method for blind source separation and unsupervised learning.
Recently, the method has been extended to the overcomplete
situation where the number of sources is greater than the
number of receivers. Most ICA algorithms assume that at least

as many sensor signals as there are underlying source signals
are provided. In overcomplete ICA however, more sources are
mixed to less signals. The ideas used in overcomplete ICA
originally came from coding theory, where the task is to find
a representation of some signals in a given set of generators
which often are more numerous than the signals, hence the
term overcomplete basis. Sometimes this representation is
advantageous as it uses as few ’basis’ elements as possible,
which is then called sparse coding. Olshausen and Fields
[2] first put these ideas into an information theoretic context
decomposing natural images into an overcomplete basis. Later
Olshausen [3] presented a connection between sparse coding
and ICA in the quadratic case. Lewicki and Sejnowski [4] then
were the first to apply these terms to overcomplete ICA, which
was further studied and applied by Lee et al [5]. Bofill and
Zibulevsky [6] treated delta-like source distributions for overcomplete case of source signals after Fourier transformation.
ICA has been successfully used for signal extraction tasks in
sound, bio medical and image processing [7],[8],[14]. A more
recent biomedical application of ICA concerns the processing
of Surface EMG signals. ICA has been proposed for unsupervised cross talk removal from Surface EMG recordings of the
muscles of the hand [9]. Recently surface EMG with ICA has
been proposed for the Hand gesture identification [10].
Any hand movement is a result of a complex combination
of many flexors and extensors present in the forearm. Since
all these muscles present in the forearm are close to each
other, myo-electric activity observed from any muscle site
comprises the activity from the neighbouring muscles as well,
referred to as cross-talk. When the muscle activity is small
(subtle), the signal strength is small and the impact of cross
talk and noise is very high. This is further exaggerated when
considering different subjects since the size of the muscles,
presence of subcutaneous fat layer and also the training level
is different for different people. Extraction of the useful
information from such kind of surface EMG becomes more
difficult for low level of contraction mainly due to the low
signal-to-noise ratio. At low level of contraction, EMG activity
is hardly discernible from the background activity. Therefore
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to correctly identify number of individual muscles (sources)
the EMG needs to be decomposed. There is little or no
prior information of the muscle activity, and the signals have
temporal and spectral overlap, making the problem suitable
for blind source separation (BSS) or ICA for the separation
of muscle activities. There are several muscles get activated
at the same time during the hand movement which makes it
typical overcomplete ICA problem (n > m).
Despite the success of using standard ICA in many applications, the basic assumptions of ICA may not hold for some
kind of signals hence some caution should be taken when
using standard ICA to analyse real world problems, especially
in biomedical signal processing. Hence in this paper sub-band
ICA approach has been used to estimate the number of sources
in overcomplete ICA.
The aim of this research is to determine suitable signal
processing techniques where the system identifies muscles as
independent sources and extracts suitable features to classify
the recordings based on these features. This paper reports the
identification of number of sources (muscles) from the various
hand gestures using sub-band ICA. The paper also explains the
various issues involved in source separation problem in biomedical applications.

Gpq = Wp × Wq−1

(2)

will be a sparse generalized permutation matrix P with special
structure with only one non-zero (or strongly dominating)
element in each row and each column [11]. This follows
from the simple mathematical observation that in such case
both matrices Wp and Wq represent pseudo-inverses (or true
inverse in the case of square matrix) of the same true mixing
matrix A (ignoring non-essential and unavoidable arbitrary
scaling and permutation of the columns) and by making an
assumption that sources for two multi-frequency sub-bands
are independent [11]. This provides the basis for separation
of dependent sources using narrow bandpass filtered sub-band
signals for ICA.
This paper reports the use of sub-band ICA to separate
the signals from different sources which may have a level of
dependency such as for biosignals. This paper also reports a
novel research conducted to identify the number of independent and dependent sources. The work has been conducted
on sEMG of the forearm during hand actions to identify the
number of active muscles during each action.
3. THEORY

2. R ELATED WORK

A. Bio sensors

A. Sub-band decomposition ICA
ICA uses higher-order statistics of the data to minimize the
dependence between the components of the system output.
However, classical ICA algorithms do not work well for
separation in the presence of noise or when performed online especially with bio-medical signal processing. In fact,
by definition, the standard ICA algorithms are not able to
estimate statistically dependent original sources, that is, when
the independence assumption is violated. The key idea in this
approach is the assumption that the unknown wide-band source
signals can be dependent, however some their narrow band
sub-components are independent. In other words, we assume
that each unknown source can be modelled or represented as
a sum (or linear combinations) of narrow-band sub-signals.
Sub-band decomposition ICA (SDICA), an extension of ICA,
assumes that each source is represented as the sum of some
independent subcomponents and dependent subcomponents,
which have different frequency bands.
Wide-band source signals are a linear decomposition of
several narrow-band sub components:
s(t) = s1 (t) + s2 (t) + s3 (t), . . . , sn (t)

generally two subsets of multi-band, say for the sub band ”p”
and sub band ”q” then the global matrix

(1)

Such decomposition can be modeled in the time, frequency
or time frequency domains using any suitable linear transform. We obtain a set of un-mixing or separating matrices:
W1 ,W2 ,W3 ,. . . ,Wn where W1 is the un-mixing matrix for
sensor data x1 (t) and Wn is the un-mixing matrix for sensor
data xn (t). If the specific sub-components of interest are
mutually independent for at least two sub-bands, or more

To accurately and reliably capture clinically relevant episodes
in a pervasive health care monitoring system, multiple sensors
are required to measure both physiological and contextual
information. Since both intrinsic and extrinsic factors can
affect the sensor readings, it is important to perform source
separation before data. For example, typical ECG (Electrocardiogram) sensors can pick up not only the ECG signal, but also
respiration, motion artefact, and noise induced signal changes.
For Bio Sensor Network (BSN), the same physiological information can also spread across a number of different sensing
channels. For instance, the heart beat signal can be sensed
by ECG sensors, pulse oximetry sensors, accelerometers, and
audio sensors. In other words, for a patient wearing these
sensors, it is necessary to extract the common sources of
these signals such that the derived signal characteristics are
immune to noise and artifacts. Similar scenario arises when
conducting the experiments with sEMG signals where the
adjacent muscles(sources) can be mixed during the recording.
Hence there is a need for identifying number of sources
involved in the bio signal experiments.
B. Surface Electromyogram
Surface EMG (sEMG) is a result of the superposition of a
large number of transients (muscle action potentials) that have
temporal and spatial separation that is pseudo-random. The
origin of each of the MUAP is inherently random and the
electrical characteristics of the surrounding tissues are nonlinear. Due to the nature of this signal the amplitude of the
EMG signal is pseudo-random and the shape of the probability
distribution function (PDF) resembles a Gaussian function.
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Surface EMG is a non-invasive recording, requires relatively
simple equipment, and this opens it for numerous applications.
This technique has clear advantages over needle EMG. Most
importantly it avoids the use of needles and as a result is
painless for patients and avoids health hazards for patient and
doctor. Furthermore, sEMG is a quick and easy process that
facilitates sampling of a large number of MUPs. The close
relationship of surface EMG with the force of contraction of
the muscle is useful for number of applications such as sports
training and for machine control. The relationship of surface
EMG spectrum with muscle fatigue is also very useful for
occupational health and sports training. Unfortunately due to
a number of factors [12] sEMG is currently of limited use in
clinical testing.
Surface EMG may be affected by various factors such as:
•
•
•
•
•
•

The muscle anatomy (number of active motor units, size
of the motor units, the spatial distribution of motor units).
Muscle physiology (trained or untrained, disorder, fatigue).
Nerve factors (disorder, neuromuscular junction).
Contraction (level of contraction, speed of contraction,
isometric/non-isometric, force generated).
Artifacts (crosstalk between muscle, ECG interference).
Recording apparatus factors (recording-method, noise,
electrode’s properties, recording sites).

Surface EMG recordings provide a practical means to record
from several muscles simultaneously but tend to be unreliable,
i.e. recordings from a subject performing the same movement
repetitively tend to have considerable trial-to-trial variability.
sEMG recordings are also affected by”cross-talk” whereby
several muscles may contribute to the recording of a given
electrode, making the source of the signal difficult to be
identified. Recently, Independent Component Analysis (ICA)
has been proposed as a method to analyze sEMG recordings,
which addresses many of these concerns. One property of
the sEMG is that the signal originating from one muscle can
generally be considered to be independent of other bioelectric
signals such as electrocardiogram (ECG), electro-oculargram
(EOG), and signals from neighbouring muscles. This opens
an opportunity of the use of independent component analysis
(ICA) for this application.
C. ICA model
It is often required to separate the original signals from the
mixture of signals, when there is little information available
of the original signals and there is an overlap of the signals in
time and frequency domain. Even if there is no or limited
information available of the original signals or the mixing
matrix, it is possible to separate the original signals using independent component analysis (ICA) under certain conditions.
ICA is an iterative technique that estimates the statistically
independent source signals from a given set of their linear
combinations. The process involves determining the mixing
matrix. The independent sources could be audio signals such
as speech, voice, music, or signals such as bioelectric signals.

The aim of source separation is to recover unobserved
signals or sources from temporally and spatially correlated
observations. Generally, a Blind Source Separation (BSS)
problem can be formulated as finding an inverse system that
recovers the original signal sources given an observed number
of sensor signals x(t) = [x1 (t)+x2 (t)+x3 (t),. . .,xn (t)]. The
mathematical formulation of BSS is typically given in the form
of a statistical estimation problem. This model is generative,
which means that it describes how the observed data is
generated by a process of mixing the source components. By
assuming s(t) = [s1 (t) + s2 (t) + s3 (t), . . . , sn (t)]T as the
unknown signal sources mixed according to a vector valued
non-linear function f [1],[13],[15].
For linear mixing models, ICA is a valuable tool for BSS,
and the mathematical formulation of the classical ICA is a
simplified form of the BSS problem
x(t) = As(t)

(3)

where A is an N × M scalar matrix representing the unknown
mixing coefficients and it is called transfer or mixing matrix.
For most ICA applications, noise is either assumed to be white
Gaussian with variance σ 2 or negligible. Apart from the source
signals, noise can also be assumed to be part of the sources. In
this case, the noise is assumed to be statistically independent
of other source components. The goal of ICA is to find a
linear transformation W of the dependent sensor signals x(t)
that makes the outputs as independent as possible:
ŝ(t) = W x(t) = W As(t)

(4)

ˆ is an estimate of the sources. The sources
where s(t)
are exactly recovered when W is the inverse of A up to a
permutation and scale change. Since both the sources and
the mixing coefficients are unknown, it is impossible either
to determine the variances or the order of the independent
components. The block diagram approach of ICA for source
separation is shown in Figure 1.
The success of ICA to estimate independent sources is
dependent on the fulfillment of the following conditions.
• The sources must be statistically independent.
• The sources must have non Gaussian distributions. However, ICA can still estimate the sources with small degree
of non-Gaussianity
• The number of available mixtures N must be at least the
same as the number of the independent components M .
• The mixtures must be (can be assumed as) linear combination of the independent sources.
• There should be no (little) noise and delay in the recordings.
ICA also suffers from the following unavoidable ambiguities.
• The order of the independent components cannot be
determined (it may change each time the estimation
starts)
• The exact amplitude and sign of the independent components cannot be determined.
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Fig. 1: Source recovery process in Blind source separation (ICA). Here s(t) are the sources. x(t) are the mixtures, A is mixing matrix, W is un-mixing
ˆ are the estimated sources.
matrix and s(t)

While standard ICA requires that the number of signals
be less than or equal to the number of recordings, number
of researchers have attempted to overcome this limitation by
developing techniques to separate over-complete (sources are
more than recordings) recordings [5],[6]. In some of these
papers, the quality of separation has not been objectively
measured. The other concern with these techniques is that
these are based on the assumption that the signals are sparse.
This is not always possible, and in some cases this may require
pre-processing of the data.
D. Relevance of ICA methods for sEMG signals
The aim of this section is to demonstrate that there is a strong
theoretical basis for applying ICA methods to sEMG signals.
The assumptions that underpin the theory of instantaneous ICA
- discussed in the previous section - indicate that ICA/BSS
methods are ideally suited to separating sources when
• The sources are statistically independent.
• Independent components have non-Gaussian distribution.
• The mixing matrix is invertible.
These assumptions are well satisfied to sEMG data as
MUAPs are statistically independent, have non-Gaussian distributions and we can be (virtually) certain that the mixing
matrix will be invertible. There are, however, two other
practical issues that must be considered. Firstly, to ensure that
the mixing matrix is constant, the sources must be fixed in
space (this was an implied assumption as only the case of a
constant mixing matrix was considered). This is satisfied by
sEMG as motor units are in fixed physical locations within a
muscle, and in this sense applying ICA/BSS methods to sEMG
is much simpler than in other biomedical signal processing
applications such as EEG or fMRI in which the sources can
move [16]. Secondly, in order to use ICA technique it is
essential to assume that signal propagation time is negligible.
Volume conduction in tissue is essentially instantaneous [14].
Hence this assumption is also well satisfied.
Based on the above discussion of the ICA assumptions as
they apply to sEMG, it is reasonable to be confident that ICA
can be effectively applied to sEMG data.

E. Number of Sources Exceed Number of Recordings:
When Surface EMG is recorded, most of the times the number
of recording channels correspond to the active muscles being
measured, with no spare recording to account for the artefact.
If the artefact was to be removed using ICA, the source of
the artifact would be another independent source, and in such
a situation, the number of sources would exceed the number
of recordings. It is thus important to determine the conditions
under which standard ICA could be used to remove artifacts
from biosignal recordings when the number of sources may
exceed the number of recordings. To analyse this, consider
the set of recordings to be a vector x and the pure signals
(unknown) to be a vector s(t). Then x(t) = As(t), where A
is an unknown mixing matrix. The output of ICA algorithm
is an estimate of un-mixing matrix W so that
s(t) =
s(t) =

W x(t)
W As(t)

It is evident that W A = I, identity matrix. If the number
of recorded data is less than the number of true independent
sources A is not a square matrix), running standard ICA on
this kind of data will never give truly independent source. The
estimated independent components will be a mixture of those
true independent sources with element of W as the scale factor.
To prove the same, consider two channel recordings x(t) of
three independent sources s(t) and express it as:

x1 (t) = a11 s1 (t) + a12 s2 (t) + a13 s3 (t)
x2 (t) = a21 s1 (t) + a22 s2 (t) + a23 s3 (t)
Consider the estimated un-mixing matrix,
W = [w11 w12 ; w21 w22 ]
generated using standard ICA algorithm on that data. The
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Fig. 2: Placement of Electrodes for Hand gesture Experiment.

estimated independent components can be written as:

A. EMG Recording

es1 (t) = w11 x1 (t) + w12 x2 (t)
= w11 (a11 s1 (t) + a12 s2 (t) + a13 s3 (t))
+ w12 (a21 s1 (t) + a22 s2 (t) + a23 s3 (t))
es2 (t) = w21 x1(t) + w22 x2(t)
= w21 a11 s1 (t) + a12 s2 (t) + a13 s3 (t))
+ w22 (a21 s1 (t) + a22 s2 (t) + a23 s3 (t))
If none of the coefficient of mixing matrix A is zero means
that all three sources are present in both mixtures x1 (t) and
x2 (t) As A is a full rank matrix, then there is no column
or row dependency. Under these conditions, there is no W
that will be able to isolate one source from others. The only
possible way that the estimated output would look very similar
to one of the independent sources is when its corresponding
magnitude is higher than others. Since the number of actual
independent sources of sEMG signal recorded from electrode
is unknown (and is believed to be many), standard ICA will
not be suitable for applications except when the magnitude of
some of the sources is comparatively much higher.
To overcome the difficulty of separation of signals when
the number of sources exceeds the number of recordings, an
alternate to the entropy based ICA is the use of sub-band
ICA, where normal ICA concept will be applied to various
sub-bands to compute the mixing and un-mixing matrices.
This paper reports the identification/estimation of number of
sources (muscles) involved in different hand actions. The
paper explains the concept of dependency and independency
to identify number of sources in bio signals like EMG.
4. M ETHODOLOGY
Controlled experiments were conducted, where subjects were
asked to perform three different hand actions. Based on the
assumption that the muscle contraction is small during the
hand actions, ICA algorithm was used to estimate the sources
for each sub-band components:

Five subjects (four males and one female) participated in the
investigation. For the data acquisition a proprietary Surface
EMG acquisition system by Delsys (Boston, MA, USA) was
used. Eight electrode channels were placed over four different
assumed muscles (two electrode channels on each muscle),
electrode placement diagram for the hand gesture experiment
is shown in Figure 2. A reference electrode was placed at
Epicondylus Medialis. Before placing the electrodes subject’s
skin was prepared by lightly abrading with skin exfoliate
cleaned with 70% v/v alcohol swab.
Three different hand actions were performed and repeated
12 times at each instance. Each time raw signal sampled at
1024 samples/second was recorded. Markers were used to
obtain the muscle contraction signals during recording. The
actions were complex to determine the ability of the system
when similar muscles are active simultaneously. The three
different hand actions are performed and are listed below:
• Wrist flexion.
• Finger flexion
• Finger and wrist flexion together but normal along centre
line.
These hand actions were selected based on small variations
between the muscle activities of the different digitas muscles
situated in the forearm. The hand actions were selected based
on small variations between the muscle activities of the
different digitas muscles situated in the forearm.
B. EMG signal processing
The experiments were conducted to obtain three sets of dataindependent sources, dependent sources, and double dependent
sources. For this purpose, eight channels of sEMG were
recorded during three hand actions. These eight channels
depicted six independent sources (refer Table 1).During the
recording the sensors can pick up the other source information,
hence in reality there were at least six or more muscles
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TABLE 1: M USCLES INVOLVED DURING THE H AND GESTURE EXPERIMENT.

Channel

Muscle

Function

Brachioradialis
Flexor Carpi
Ulnaris(FCU)
Flexor Carpi
Radialis (FCR)
Flexor Digitorum
Superficialis (FDS)
Palmer longus

Flexion of
forearm
Abduction and
flexion of wrist
Abduction and
flexion of wrist
Finger flexion while
avoiding wrist flexion
Wristflexor

Pronator teres

Pronation of forearm

1
2
3
4
5
6

involved which made it to typical overcomplete ICA problem.
The muscles that involved in different hand actions are listed
in table 1:
Three classes of recordings were identified using a combination of 4 channels at a time (refer Table 2). These data’s
were further analyzed using sub-band decomposition ICA.
TABLE 2: C HANNEL SELECTION FOR T HREE DIFFERENT CLASSES (I NDE PENDENCY, D EPENDENCY AND D OUBLE DEPENDENCY ) FOR ICA MATRIX
ANALYSIS .

Channel Selection
(1,
(2,
(3,
(5,
(3,
(1,
(5,

3,
4,
4,
6,
4,
2,
6,

5,
6,
6,
3,
7,
3,
7,

7)
8)
8)
7)
2)
4)
8)

Classes Involved
Independent
Independent
Dependent
Dependent
Dependent
Double Dependent
Double Dependent

D. Mathematical Methods
Mathematical properties of matrices were investigated to check
the linear dependency and independency of global matrices
(Permutation matrix P )
• Rank of the matrix
Rank of the matrix will be less than the matrix size for
linear dependency and rank will be size of matrix for linear
independency, but this couldn’t be assured yet due to noise in
the signal. Hence determinant is the key factor for estimating
number of sources.
• Determinant of the matrix
In real time Determinant should be zero for linear independency (In our case the real time data gives the answer very
close to zero for the case, double dependency of hand gesture
experiments). Determinant value should be more than zero for
linear independency (Valid for hand gesture signals).

C. Analysis of mixing matrix
2

In order to measure the quality of the separation of hand
gesture muscle activities and to estimate number of sources,
we used the mixing matrix analysis.The surface EMG signals
(wide-band source signals) are a linear decomposition of
several narrow-band sub components:s(t) = [s1 (t) + s2 (t) +
s3 (t), . . . , sn (t)]T where s1 (t),s2 (t),. . . ,sn (t) each are 2500
samples in length which are obtained from recorded signals
x1 (t),x2 (t),. . . ,xn (t) using ICA. Such decomposition can be
modelled in the time, frequency or time frequency domains
using any suitable linear transform. We obtain a set of unmixing or separating matrices, then the global matrix

1
0
−1
−2
1
2

4

3

3
4

2
1

Gpq = Wp × Wq−1

(5)

will be a sparse generalized permutation matrix P with special
structure with only one non-zero (or strongly dominating)
element in each row and each column [11]. We investigated
mathematical properties of ICA mixing and un-mixing matrices to estimate number of sources using the dependency and
independency of the sources.

Fig. 3: Three dimensional plot showing the individual matrix elements for
Global matrix (G) during Independent test case.

5. R ESULTS AND OBSERVATIONS
The above mathematical analysis was performed for all the
cases. The determinant results were normalized using Frobe-
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TABLE 3: F ROBENIUS N ORM D ETERMINANT RESULTS OF FOUR CHANNELS USING ICA MATRIX ANALYSIS

Independency
0.6628
0.4475
0.6591
0.7937
0.6328
0.6071
0.6891
0.7992
0.7891
0.7292
Mean = 0.68096
StD = 0.107427

Dependency
0.0678
0.0992
0.06397
0.07081
0.0632
0.0932
0.08397
0.06081
0.08397
0.04081
Mean = 0.072774
StD = 0.017413

Double Dependency
0.0242
0.0195
0.0086
0.0077
0.0142
0.0195
0.0086
0.0077
0.0142
0.0132
Mean = 0.01374
StD = 0.005795

nius Norm. For hand gesture analysis we considered three
different classes of results.
•
•

1

•

Independency
Dependency
Double dependency

0.5

A. Independency

0

The independent results were evident from the global matrix
(G). The matrix results confirms with one of the dominant
values in each row and column. From the resultant matrix G
it is observed that there is clear source separation when the
sources are totally independent.

−0.5
−1
1
2

4

3

3
4


-1.7555 −0.1522 −0.0608 −0.0665
 −0.0806 0.1189 −0.0201 1.2224 

G= 
 −0.0760 0.9003
0.0124
0.0538 
−0.1653 −0.0046 0.8451 −0.0054


2
1

Fig. 4: Three dimensional plot showing the individual matrix elements for
Global matrix (G) during Dependent test case.

Determinant (G) = -1.6490, Det. FrobeniusNorm = -0.6628
The Matrix results are clearly shown using 3 dimensional
plot (refer Figure 3).
B. Dependency
4

From the global matrix (G) it appears confirmed that there
exists more dependent values in the matrix. The matrix shown
the results with more than one dependent value in each row and
column. More dominant values can be seen in matrix G, which
shows the trend of dependency. The results also demonstrate
that there could be influence of sources (muscles) from the
adjacent channels during the sEMG recordings.

2
0
−2
−4
1
2



4

3

−0.2130
 0.2245

G= 
0.0621
0.0660

3
4

2
1

Fig. 5: Three dimensional plot showing the individual matrix elements for
Global matrix (G) during Double dependent case.


-0.5643
0.5196 −0.0028
-0.2497
-0.1832
0.1062 

−0.0753 −0.0213 -0.5959 
0.4147
0.5015 −0.1231

Determinant (G) = 0.0858, Det. FrobeniusNorm = 0.0678
The dependent values are shown using 3 dimensional plot
(refer Figure 4).
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Determinant values normalised with Frobenius Norm

Independency

Dependency

Double dependency
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0.7
0.6
0.5
0.4
0.3
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0
1
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3
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5
6
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7

8

9

10

Determinanant values normalised with Frobenius Norm

Fig. 6: Plots showing the Frobenius norm determinant results for dependency, double dependency and independency case
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Double dependency
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Fig. 7: Bar Plot showing the Frobenius norm determinant results for dependency, double dependency and independency case
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C. Double Dependency
In this case, the global matrix (G) shown the results with more
than two dependent values in each row and column of the
matrix. The results indicates that there could be more crosstalk between adjacent sources. The low determinant results
normalized with Frobenius norm justifies the argument.


0.9955
 0.4400
G= 
 -1.1664
−0.2226

-1.2131
0.2165
0.9400
-0.8282

−0.5903 0.9328
0.6893 -0.3979
2.0976
-2.0100
−0.1252 0.1048






Determinant(G) = -0.0967, Det. FrobeniusNorm = -0.0242
The Matrix results for Double dependency are clearly shown
using 3 dimensional plot, which is shown in Figure 5.
The overall results for the above analysis are shown in Table
3. The same is well explained with line plot in Figure 6 and
using bar plot in Figure 7. Where the plot shows the low
determinant values for dependency and double dependency
which are well below the independency value results.
Hence if we consider threshold value of 0.4 for Frobenius
norm, we can clearly distinguish between independent and
dependent sources. A threshold of 0.04 separates between
dependent and double dependent sources.
6. D ISCUSSION AND C ONCLUSION
The overall results were summarized as follows:
• With the use of combination of 4 channels (from 8
recordings) representing three different classes of sources;
dependent, double dependent and independent sources it
is possible to determine the number of active sources
using sub-band ICA.
• The rank of the global matrix is an indicator of the
dependency within the matrix and did not indicate the
dependent or independent nature of the sources, and was
always 4 in the above examples making this unsuitable for
deciding dependency and independency of the sources.
• Determinant of the global matrix has been found to be
a reliable measure of identifying the linear dependency
and independency (refer Table 3).
• The value of the determinant is a good measure to identify
the number of dependent sources in the mixture. This
provides a measure of the number of active muscles from
sEMG.
• There are number of possible applications for such a
technique for biosignal applications such as identifying
the number of active muscles in overlapping muscles
during complex actions and gestures.
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and sequential decoding among others [6, 8-11].
Each of these methods has its respective pros and
Abstract
The use of Variable Length Codes (VLC) to
cons.
Though some papers introduced RVLC decoding
increase the coding efficiency based on the
statistical characteristics of the data has long been
methods that could be employed in applications such
as the MPEG-4 standard [12], no paper concretely
employed in digital communication systems.
However the catastrophic degradation of VLC
showed how soft-values could be employed with
encoded data which results from bit errors has led to
RVLC. The methods proposed by J. Webb ensured
the development of reversible variable length codes
memory efficient partitioning of the code table that
results in quicker access.
(RVLC) that can be decoded bidirectionally thereby
Albeit the direct application of these algorithms to
having more efficient error resilient capabilities. Up
the decoding of RVLC (which is a subset of VLC) is
to this point, no soft decoding algorithm for RVLC
possible, so doing would decrease performance as
has been devised that effectively exploit the
well as adding unwanted increase in complexity at
bidirectional characteristics of such codes. This
the decoder side. This paper investigates how the
paper introduces a novel decoding algorithm for
sequential decoding algorithm presented by Massey
reversible variable length codes that make use of the
[8] can be extended to better suit the needs of
Massey metric while limiting the complexity of a
reversible codewords.
purely unidirectional sequential decoder.
2.
1.

Sequential Decoding

The concept of sequential decoding was introduced
as a method of maximum likelihood sequence
estimation with lower memory requirements and
computationally less complex than the Viterbi
algorithm by Wozencraft in 1961.
In [7], Fano showed that the branch metric that
would lead to maximum likelihood decoding for
fixed length codes is

Introduction

Considerable attention has recently been paid to
improve performance of practical communication
systems. One such effort has been the use of
reversible variable length codes at the coding stage.
The ability of reversible variable length codes to be
decoded in either direction and their relatively good
coding efficiency have lead to a lot of research in
this area [1-7]. The first paper to study the existence
of such codes is by Takishima et al [1]. They
introduced the main idea of how RVLC, both
symmetrical and asymmetrical, could be constructed
from the optimal Huffman codes.
Later papers
mainly tried to improve upon the algorithms that
were introduced so as to achieve lower average code
length or increasing the error-resilience.
The better error-resilience of RVLC is what leads to
its adoption by the H.263+ and the MPEG-4
standard and as a way of encoding data in low-bit
rate wireless environment. Even when employing
hard-decision decoding, RVLC lead to better errorresilience than VLCs.
To increase performance of common variable length
codes such as the Huffman code, several decoding
algorithms exist, namely MAP decoding

lm



i =1



λm ( y ) = ∑ log

P ( yi xm ,i ) 
−R
Po( yi ) 

(1)

where

x

transmitted sequence

y

received bit sequence

lm

length in bits of each fixed-length
codeword

m

mth codeword

Po( yi ) = ∑ x P ( x j ) P ( yi x j ) -

probability

j

distribution of the output given the input
symbols averaged over all input symbols.

R

1
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bias term equal to code rate

the ith bit in the mth codeword

xm ,i

Taking the length of the received bit sequence to
limit the possible paths on a trellis is a very
attractive approach for variable length code
decoding.
However this would require the
consideration of possible paths prior to decoding and
moving back in case the branch metric is lower than
threshold, implying certain overhead.
To demonstrate the performance of decoding
schemes for VLC, simulations have been performed
on the Matlab software. Having this software
consider the possible paths at the beginning of the
decoding process resulted in a certain delay. We
came up with the new scheme as a method of
reducing the memory requirements of the system as
well as complexity starting with the Massey metric
as building stone.

The idea behind Fano algorithm is to choose that
codeword that would maximise the metric given in
equation (1). The latter algorithm can be stated as
follows:
Each code is represented as a tree where each branch
corresponds to a codeword.
The number of
branches stemming from any node is therefore less
than or equal to N the total number of codewords in
the code. The decoder calculates the branch metric
for each node and chooses the best codeword
corresponding to the highest branch metric, λm ( y ) .
If the metric is larger than a preset threshold the
branch is added to the path and the algorithm
continues for new nodes. However if metric is
below a certain threshold, the decoder moves back
one node, decreases the threshold and retries the best
branch. This iterative tracing leads to most likely
path.

In the proposed method, the decoder does not limit
the paths on the trellis; the decoder dynamically
chooses the next most probable symbols. If at the
end the decoder detects that it has ended up with a
wrong path, an error flag is set. A detailed
description of the algorithm is given below.

In the case of Variable Length Codes, the above
algorithm cannot be used directly. James Massey
showed in [8] that the Fano metric can be extended
for the case of VLC. In his paper, the branch metric
was showed to be
 P( yi xm,(i − N ) ) 1

b
 log
+ log Pm 
Po ( yi )
lm

i = N b +1 


The steps to be followed for decoding the received
bit stream bidirectionally, making use of the metric
introduced by Massey in [8] are:
1. Making use of the Massey metric, find the
best symbol sequence for the received bit
stream, or bits within resynchronisation
markers, and save to a temporary set, for
e.g. ‘decoded_forward’.
2. If an error is detected such as the number of
bits left after a certain amount of decoding
has been performed is less than the length of
the smallest codeword in the symbol set, an
error variable is asserted. For example,
‘fwd_err’ is set to 1 is case of error
otherwise it is set to zero.
3. Perform step (1) and (2) but with the bit
stream analysed in the reverse direction.
Symbols decoded are stored in the
temporary set ‘decoded_backward’ and
‘bwd_err’ is set to 1 in case of error
detection.
4. If
the
number
of
symbols
in
‘decoded_forward’
and
‘decoded_backward’ are equal and both
‘fwd_err’ and ‘bwd_err’ have the same
value of nil, the actually decoded symbol
sequence is that corresponding symbol with
a higher metric value in either temporary
set. Otherwise proceed to step (5).
5. Through observation of the Massey
decoding algorithm it has been observed
that the metric results in values less than a
threshold value whenever a bit in the

N b + lm

λm ( y ) =

∑

(2)

where

N b is the current position in the bit stream,
and the remaining notations are similar to
those of the Fano metric.
Massey replaced the code rate R by the weighed
probability of the codeword occurrence. In the case
of variable length codes, the received sequence
length limits the number of possible paths that
would possibly lead to such a state i.e. only a certain
number of transitions on a typical trellis diagram can
lead to a given bit length. This limits the number of
possible paths followed at the encoder side.
Yet, given large VLC code table with large number
of symbols, the number of possible paths that yields
a certain state can still be very considerable. If the
decoder need to keep track of all sets of paths
followed, memory requirements might be quite
significant.
The next section introduces the novel algorithm for
Reversible Variable Length code decoding based on
the Massey metric.
3.
Proposed Decoding algorithm

2
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The next part shows the results obtained through
simulations.

received sequence differ from the symbol`
codeword under investigation. This value is
chosen as the threshold. All symbols in
decoded_forward till the one that has a
metric value below the threshold are
assigned to the actually decoded sequence.
The same process is performed for
decoded_backward and result stored in a
temporary string.
6. After step (5) it results that certain bits in
the received sequence remains undecoded.
The latter is reanalysed using either step (1)
or (2). If the number of bits after a certain
period of decoding is less than the length of
smallest codeword, i.e. an error has occurred
in the process, move back one symbol and
find that symbol that satisfy length
constraint as well as having the next highest
metric value. The latter decoded symbols
are appended to the actually decoded bit
sequence from (5). The temporary string of
symbol
from
decoded_backward
is
concatenated to end the decoding process.

4.

Simulation Results

To analyse the performance of the proposed
decoding scheme, several RVLCs have been
considered namely those of [1-3]. Files to be
encoded/decoded were taken from the Canterbury
corpus [14].
Data were transmitted in packets of 20 symbols
each.
This would be equivalent to putting
resynchronisation after every 20 symbols. The
decoder side is not informed of the number of
transmitted symbols. If this value is transmitted as
further side information, further restriction might be
placed on the decoding process at the expense of
more overhead.
4.1. Investigating performance with symmetrical
RVLC
The performance of the proposed scheme is first
considered while symmetrical codewords are
employed. Codes for this purpose are generated
based on the algorithms of Takishima et al [1].
The graphs of error rate against Eb/No values are
shown in the figures that follow:

Note on algorithm:
The proposed algorithm considerably reduces the
complexity of the algorithm presented by Massey in
that the number of symbols to be back-tracked is
reduced to only one. It should be observe that this
method need not necessarily yield the correct result.
One important thing that should be noted about the
proposed scheme is that it will not always give the
best performance.
Only one backtracking is
performed in case an error is observed. The idea
behind the scheme is to reduce the complexity of
Massey`s algorithm without causing too much loss
in performance.
Ideally, there should be continuous moving back
previously decoded symbol (i.e. moving one step
back the trellis) to obtain the most likely chosen path
in case the metric value falls below a certain
threshold. Obviously this would result in large
decoding delay.
With the proposed scheme, given that the received
bit stream must be decoded in either direction,
independently of one another, it is very simple to
implement such decoders in practice. Forward and
backward
decoding
can
be
performed
simultaneously (reducing delay) with hardware
similar to those presented in [13]. Comparison of
metric value would not require too complex
hardware either – probably EX-OR and shift-register
operations.
A further notice should be made to the reversing of
the codebook in case the code is an asymmetrical
one before starting the decoding process in the
reverse direction.
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Figure 1: SER comparison of decoding schemes for
RVLC and VLC
It is very obvious from the above plot that RVLC
lead to far better performance at all signal to noise
ratio values compared to the optimal Huffman code,
independent of the decoding algorithm used.
To better demonstrate the gain brought about by the
proposed decoding scheme, the Bit Error Rate for
the two RVLC decoding algorithms is presented in
figure 2.
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Figure 2: BER comparison of decoding schemes for
RVLC

Figure 3 and 4 show the SER and BER plots with
code generated based on Tsai and Wu`s [2] generic
code construction method.
Comparing SER of asymmetrical codes
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Such situations do also arise with symmetrical code
with a free distance of 2. However these are more
easily spotted and loss of synchronisation
minimised.
The following discussion shows the results while
employing the fix-free code generated by the
procedures of [3]. Though the authors demonstrated
that their algorithm leads to highest compression,
error recoverability of the efficient fix-free code in
case of channel errors is an equally important trait
that demands enquiry.
The corresponding plots are shown below.

10

-1

0

The most striking observation is again the better
performance of the RVLC code whichever decoding
method has been chosen compared to the Huffman
code.
However, as opposed to the larger performance gain
of the novel algorithm in the case of the symmetrical
code, the above results show only a very minor
improvement. The reason for this is the poorer free
distance properties of the asymmetrical code
generated by Tsai and Wu`s method. The latter has
a minimum free distance of only 1 while most
symmetrical codes have a value of at least 2. The
disadvantage of having a poor free distance property
is that a bit in error may change the received bit
stream in such a way that what was supposed to be a
detectable error turn out to be another valid
codeword. In other words the decoder might not
notice the error until much later. Even at that point,
recovering through continuous backtracking might
not lead to adequate gain with respect to effort
expended.

Though symmetrical codewords have advantage of
lower memory requirements- only one table for both
forward and backward decoding, they have higher
average codeword length as compared to most
asymmetrical code. This is one of the main reasons
of the widespread use of ARVLC code instead of
SRVLC.

-2
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Interpretation of results

4.2. Investigating performance with asymmetrical
RVLC

0
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Figure 4: BER plot of asymmetrical code

Especially at low signal to noise ratio values, the
novel algorithm based on the Massey metric leads to
significant gain.
As can be observed, for a
probability of around 10-1, a gain of approximately
2dB is achieved.
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Figure 3: SER plot of asymmetrical code
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Comparing SER of Efficient fix-free codes
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Figure 5: SER plot of fix-free code of Lakovic and
Villasenor
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Figure 7: Plot of number of computations against
file size for novel algo.
For the purpose of complexity analysis, the signal to
noise ratio has been kept constant and only text file
size has been varied. The counter in the program
has been included for all the decisions and
calulations. In practice however, where the system
is implemented in hardware and DSPs, the
complexity would be probably less than in the
simulation program. Certain decisions regarding the
decoding process can be performed in parallel, thus
reducing delay due to computations.

Comparing
BER of proposed decoding algo and hard decision for efficient fix-free RVLC
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As is demonstrated in figure 7, the number of
computations is directly proportional to the file size.
This is an expected result since as the number of
symbols transmitted increases, so does the
calculations to decide upon the decoded symbol.
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Figure 6: BER plot of fix-free code of Lakovic and
Villasenor

In the above case, a signal to noise ratio of 4 dB has
been used throughout. Figure 8 shows the graph of
number of computations against the channel SNR in
dB.

The performance gain when using the proposed
decoding algorithm is in most cases nil. This is
again attributed to poor free distance. The plot also
indicate that the free distance property of Tsai and
Wu`s ARVLC is better than the one analysed here.

8

1.4

If such a code is to be employed for encoding a
sequence, the use of table look-up for decoding
would be most appropriate since the added
complexity of using the proposed decoding scheme
is far too large with respect to the data recovery
gain.

Complexity of novel decoding algorithm wrt SNR
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4.3. Complexity analysis of decoding algorithm

1.05

To examine the complexity of the proposed
decoding algorithm, a counter has been introduced
in the program to count the required number of
computations while encoding and decoding files of
different sizes.
The results obtained are shown graphically below:
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Figure 8: Plot of number of computations against
Eb/No for novel algo.
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File size for the above case is kept constant to 50
kB. As the Eb/No increases (less noise), the number
of computations tend to an almost fixed value.

5.

7.

Conclusion
8.

The conclusion to be drawn from the observations is
that the proposed decoding method must be avoided
in case of code with inappropriate free distances.
The increase in computation at the receiver side
might not result in sufficient improvement compared
to the table look-up operations. This is not the case
with the symmetrical code however.

9.

10.
The compression efficiency of asymmetrical RVLC
obviously outweighs that of SRVLC. This leads to a
serious trade-off for system implementation where
both lower bit transmission and better error
recoverability are desired. The chosen approach
relies mainly on the system designers` definition of
an acceptable system.
Requirements for the
transmission of video data over a wireless channel
do not coincide with less time constraint text
transmission.
As the free distance increases, the effectiveness of
the novel algorithm is guaranteed to increase. The
authors of [15, 16] discussed the construction of
robust RVLCs with good free-distance properties.
These codes are likely to provide high performance
when applied to the proposed decoding scheme.

6.
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Abstract- We investigate the impact of retransmissions on the
HDTV video packet loss ratio over a network in which video
packets are at the risk of getting lost due to buffer overflow. The
use of retransmissions in these circumstances is a mixed blessing.
On the one hand, retransmissions add to the packet sending rate
associated with each video flow, which increases the original load
on the network, resulting in a higher buffer overflow probability.
On the other hand, retransmissions allow for the recovery of lost
packets, which alleviates the bad video quality due to buffer
overflow. We find in this paper that the beneficial effect of basic
retransmission strategies vastly outweighs the detrimental effect
caused by the load increase.
I. INTRODUCTION
Conceptually a packet-based network transporting video
often has a tree structure as illustrated in figure 1 [1]. In its
simplest form it consists of 1) a common link between an
ingress node (in which the video flows are injected) and a fanout node, and 2) individual links from the fan-out node
towards each individual user. For video flows transported
over a packet-based network it is of paramount importance
that the Packet Loss Ratio (PLR) over the network be kept as
low as possible as each packet that does not reach a user
translates in an unappreciated visible distortion on the user’s
display.

Video
source

Ingress node
with buffer

common
link

Fan-out
node

user 1
user 2

user M

Fig. 1: Tree structure of a typical packet-based network.

In previous work [2] we concentrated on controlling the
impact of packet loss that occurred beyond the fan-out node
(i.e., the last mile link and the home network), where the
packet loss was due to noise phenomena during transport. In
this paper we focus on the packet loss on the common link
between the ingress node and the fan-out point. Generally
speaking the latter link is free of transport errors. However,
since this link needs to transport the packets of all individual
video flows destined for different users there may be some
contention in the ingress node. Indeed, the arrival of the

packets of the aggregate of all video flows in the ingress node
is governed by a random process, and it may happen that a
packet arrives at the same time an earlier packet is being
transported. To deal with this kind of contention, the ingress
node must be equipped with a “First In First Out” (FIFO)
buffer that temporarily stores packets awaiting transport over
the common link [3]. In practice, such buffer always has a
limited storage capacity, which implies that an arriving packet
can encounter a full buffer. When this happens, the packet
will simply be discarded at the buffer (i.e., it gets lost), which
will (if this is not corrected) be experienced further
downstream by some user(s) as a visible distortion.
In this paper we examine whether or not retransmissions
[4,5] can alleviate the packet loss problem in a video stream
caused by buffer overflow in the ingress node. For that
purpose the video packets received by a user are temporarily
stored for a certain period before they are played out. This
gives the receiver ample time to detect that a packet is lost
(because it did not arrive and the following packet did) and to
ask the video source for a retransmission via a Negative
ACKnowledgment (NACK). In this way, each packet that is
lost due to buffer overflow is retransmitted and a second (or
even third) attempt is made to get it (over the ingress node) to
the receiver. The drawback of this strategy, however, is that
retransmissions introduce an overhead bit rate, which
increases the overall load in the ingress buffer – and the
attendant packet loss due to buffer overflow – vis-á-vis the
classical system without retransmissions. Moreover, an
additional delay is introduced (due to the fact that packets
need to be temporarily stored at the receiver side), but in an
IPTV system this hardly matters.
So, in summary, although retransmissions provide us with
a means to fight packet losses due to buffer overflow, it
backfires as it results in an increase in buffer load and a
concomitant increase of the PLR owing to overflow. The
pivotal question is now how these two influences work out
together. Put another way, we would like to know whether or
not the overall impact of retransmissions is beneficial or
detrimental. The aim of this paper is to sort this question out.
In Section 2, we give the mathematical framework used to
evaluate the retransmission-loading trade-off that is central in
this paper. Section 3 presents the results of the evaluation
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II. RETRANSMISSIONS AS A MEANS TO COUNTER BUFFER
OVERLOAD

As explained in the introduction, the impact of
retransmissions on a buffer system is twofold. On the one
hand, it increases the load, which leads to a higher probability
of buffer overflow. But on the other hand, retransmissions
make it possible to recover lost (erased) packets. We quantify
the impact of both effects in the following sections, after we
have justified the simplifying assumptions we made.
A. System under study
In the system at hand, users receive a video flow over a
network with a tree topology as illustrated in figure 1. All
packetized video flows are fed into an ingress node, travel
over a common link towards a fan-out node and are further
transported over an individual link towards the end-user. At
the receiver side the video packets are retained for some
period before they are played out in order for the receiver to
ask for one or more retransmissions. We focus on High
Definition Television (HDTV) quality requiring a bit rate of
about 7.6Mb/s [6]. With the usual payload size of (7x188=)
1316 bytes, this results in a packet rate of about 720 packets/s
[7]. The Round Trip Time (RTT) between receiver and
HDTV encoder (the sum of the delay from receiver to HDTV
encoder and back) is typically below a few 10s of ms. If the
RTT is larger a dedicated retransmission buffer can be
implemented close to the ingress node.
As we do not concentrate on the individual user links in this
paper, we assume that they are error-free. To determine the
packet loss ratio (PLR) in the ingress node buffer, we rely on
a M/D/1/L queueing model [3]. This so-called Kendal
notation for queues, summarizes the following underlying
assumptions:
- M: a memoryless, i.e., Poisson packet arrival process
- D: fixed service times (i.e., at Q bps, a packet of size L
bits requires about L/Q sec to be transmitted)
- 1: a single outgoing link
- L: a buffer that can hold up to L packets (including the
one being transmitted)
Except for the first one, these assumptions are obvious. The
assumption of a Poisson packet arrival process is a
simplifying approximation that can be justified to some extent
by noting that the packets are generated by a rather large
number of independent variable-bit rate (VBR) video sources,
that each contribute only a small fraction to the total traffic.
There are several ways to determine (or approximate) the
packet loss ratio in such a queue. We opted for a
straightforward numerical approach that consists of two steps.
First, one determines the equilibrium probability mass
function (pmf) of the system occupancy, i.e., the number of
packets in the buffer, as observed at the beginning of a packet
transmission time (i.e., a service time), once transient effects

have died out. This can be done in a recursive way, which
turned out to be numerically stable for the parameter values
we will consider further on. Second, one derives the PLR by
calculating the average number of packets that get lost during
a packet transmission time, taking into account the number of
packets already in the buffer at the start thereof, and weighing
with the probabilities derived in step one.
One can easily show that the PLR is determined by two
parameters only: the size of the system L, and ρ, the so-called
load. The latter, a dimensionless parameter, is given by ρ =
λ⋅D, where λ is the arrival rate of the Poisson process,
expressing the average number of packets arriving at the
system per unit of time, and D is, as before, the packet
transmission time (measured in the same time units as λ). The
load measures how much of the capacity of the system is
requested by the arriving packets. A load of 1.0 indicates that,
on average, as much packets arrive per time unit, as the
system can transmit.
In figure 2 we illustrate the behavior of the PLR due to
overflow
buffer overflow PLRM
/ D / 1 / L as a function of the load ρ and
for various buffer sizes L. From this figure we can see that the
buffer overflow probability curve sharply increases if the load
is increased over the range ρ ∈ [0.5;1], in particular for buffer
sizes L in excess of about 40.
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along with a discussion. And finally in Section 4, we draw our
conclusions.
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Fig. 2: PLR due to buffer overflow in a M/D/1/L buffer system.

B. PLR increase due to overhead
A load increase is, unfortunately, an inevitable by-product
of the introduction of retransmissions. By observation of
figure 2 one can expect a substantial increase in PLR due to
buffer overflow when the load is increased in an M/D/1//L
system, especially for common buffer sizes L around 40. In
fact, when the load in the absence of retransmissions is given
by ρ, the load in the presence of retransmissions will be given
by
(1)
ρ retrans = ρ .E[# ]
where E[#] is the expected value of the number of transmitted
packets per original video packet.
If we apply a retransmission procedure where one copy is
retransmitted for each NACK and where no more than N
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retransmissions are allowed for each original video packet, the
value of E[#] will be given as:

•

N +1

E N [# ] =

∑ n. Pr

(2)

tr + re [ n]

n =1

where Prtr+re[n] is the probability that a video packet is
transmitted (transmission + retransmissions) n times by the
video source. With p the probability that a packet gets lost due
to buffer overflow, we can express Prtr+re[n] as:
(1 − p) p n −1 1 ≤ n ≤ N
Prtr + re [n] = 
 p N
n = N +1

•

(3)

∑ n. p

N

+ ( N + 1) p

N

=

n =1

∑
n =0

1.00E-01

p N +1 − 1
p =
p −1
n

(4)

1.00E-02

Packet Loss Rate (PLR)

N

E N [# ] = (1 − p )

Hence, the load (1) with this retransmission procedure will be
the solution of the following equation:
ρ retrans ( ρ ) = ρ

with p =

values of N.
Although the maximum number of allowed
retransmissions N has a very substantial impact on
the PLR for ρ < 1, the performance of all
retransmission schemes (N = 1, 2, 3, and 4)
converges for ρ > 1.

1.00E+00

which, upon substitution in (2), yields:
n −1

The retransmission strategies result in a tremendous
gain of several orders of magnitude in terms of PLR
for values of ρ < 1. However, when ρ exceeds one,
overflow
PLRretransN quickly converges to PLRM
/ D / 1 / L for all

p N +1 − 1
p −1

(5)

overflow
PLRM
/ D / 1 / L [ ρ retrans ( ρ )] .

1.00E-03

1.00E-04

Conventional system
(without retransmissions)

1.00E-05

1.00E-06

1.00E-07

N=1
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C. PLR reduction with retransmissions
Of course, the overhead introduced by the retransmissions
serves a purpose, which is that it allows for the restoration of
erased (lost) packets. If we assume that the round-trip time
between the video source and the ingress node is sufficiently
high such that there is no correlation in the overflow process
1
between successively retransmitted video packets , the packet
loss rate after the application of the retransmission protocol
explained in the previous section will be:

{

}

overflow
N
PLRretrans
( ρ ) = PLRM
/ D / 1 / L [ ρ retrans ( ρ )]

N +1

(6)

III. RESULTS
Based on the results derived in section II, we can examine
the overall impact of retransmissions on the PLR caused by
buffer overflow in the ingress node. Although the focus of this
paper is on the application of retransmission strategies for
HDTV, we will first present some general results in section A,
while section B will interpret these results in light of the
application for HDTV.
A. General results
Based on the expressions (5), and (6), we can evaluate the
relationship between the load ρ of the original video packets
and the PLR after retransmissions. In figure 3, this
relationship is shown for a common buffer with size L = 40.
We immediately observe the following striking results:
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0.95

N=3

N=4

1

1.05

1.1

1.15

Original load video packets (rho)

Fig. 3: Comparison of PLR with and without retransmissions for L = 40.

The previous two conclusions imply that the increased
performance thanks to retransmissions overcompensates for
the increased PLR due to the increased load, especially for ρ
< 1. Once the original load ρ increases beyond one, there is
only a minor gain that tends to dissipate with increasing load.
Although this observation was made for L = 40, similar
results can be found for other values L ≤ 150. In figure 4, we
show for L ≤ 150 the value of the maximal load ρmax(L) where
the system with a single retransmission (i.e., N = 1)
outperforms the system without retransmission by a margin of
10%, 1% and 0.1%, where this margin ∆ is defined as:
overflow
1
PLRM
/ D / 1 / L ( ρ ) − PLRretrans ( ρ )
∆=
(7)
overflow
PLRM
/ D /1/ L (ρ )
This figure shows that ρmax(L) decreases as L increases.
Nevertheless, the value remains higher than 1 for all
considered values of L. This indicates that the retransmission
strategies are beneficial for all buffer sizes (L ≤ 150) up to
loads in excess of 1.
B. Results for a HDTV system
In the HDTV system described in section II.A, about 720
video packets are transmitted per second per user. As a result,
when the occurrence of packet losses is assumed to be

1

This is a fair assumption since we only consider the case where the total load ρ is
constituted of many sources that each contribute only a small fraction to the total load,
such that many packets of other flows are fed into the buffer between consecutive packets
of one particular video stream. As such, one stream of retransmitted packets “observes”
the queue at time instants far enough apart to consider the packet loss of consecutively
retransmitted packets as statistically independent.

- 303 -

2

random , the mean time between visible distortions TMTBVD
[h] observed by a user for a given load ρ will be given as
TMTBVD ( ρ ) ≈

1
h
PLR( ρ ).720.3600

(8)

overflow
N
where PLR(ρ) is PLRM
/ D / 1 / L ( ρ ) or PLRretrans ( ρ ) in the

absence, respectively presence of retransmissions.
1.5
1.45
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1.35

load rho

1.3
1.25

Nevertheless, a real-time video stream cannot tolerate too
high a latency. Although the constant time the video packets
are kept in the receiver buffer (in order to allow for
retransmissions) is not that problematic in steady state, this
buffer has to be build up when the user tunes in to the
channel. In that way this latency at the receiver side
contributes to the zapping delay, which should be kept low
enough. This implies that we cannot apply just any
retransmission schedule. Depending on the Round Trip Time
(RTT) between the video source and the ingress node, we
have to restrict the maximum number of retransmissions. In
fact, under the assumption that one copy of the packet is
retransmitted per retransmission event, the maximum allowed
number of retransmissions is the (additional) zapping delay a
user is willing to tolerate divided by the RTT.
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IV. CONCLUSIONS

1.15

delta = 0.1%
1.1
1.05

delta = 10%
1
0

20

40

60

80

100

120

140

Buffer size L

Fig. 4: The value of ρmax(L) for ∆ = 10%, 1%, and 0.1%.

The Quality of Experience (QoE) constraint in HDTV is
typically that a user should experience no more than one
visible distortion per day (1 day = 12 hours) [6]. In figure 5
we compare this QoE constraint with the value of TMTBVD(ρ)
for the conventional unprotected system and the systems with
retransmissions (N = 1, 2, 3, and 4) for ρ > 0.85. We notice
immediately that the conventional system is unable to meet
the QoE requirement of HDTV for loads this high. The
systems with retransmissions, on the other hand, do meet the
QoE requirement for loads up to more than 0.92 (N = 1) or
even more than 0.99 (N = 3, 4).
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1.00E+05
1.00E+04

The object of this paper was to evaluate the impact of
retransmissions on the packet loss ratio due to buffer overflow
in a network transporting video flows. From the evaluation it
was obvious that retransmissions have real merit in fighting
the problem of buffer overflow for a M/D/1/L buffer system.
In fact, they allow for a reduction of the PLR by several
orders of magnitude for video loads in excess of one. This
superior performance allows for the achievement of the QoE
constraint of HDTV up to video loads close to one,
substantially outperforming the unprotected conventional
system. This superior performance is even achieved when no
more than one single retransmission is permitted. Although
the performance can be stepped up further when more
retransmissions are allowed, this higher number of
retransmissions cannot prevent the rather poor performance
(in terms of QoE) at video loads in excess of one.
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Figure 5: TMTBVD [h] for the systems with and without retransmissions for
L = 40.

2
Note that in case the packet losses are correlated, these losses will tend to occur in
clusters where each cluster will be observed as one single visible distortion. In that case,
(8) will correspond with a worst-case scenario.
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Abstract— The popularity and availability of Internet connection have accelarated the emergence of new idea for networkcentric collaborative works. Contending traffic flows in this
collaborative scenario share different kinds of resources such
as network links, buffers, and router CPU. The goal should
hence be overall fairness in the allocation of multiple resources
rather than a specific resource. Moreover, conventional resource
scheduling algorithms depend strongly upon the assumption
of prior knowledge of network parameters and cannot handle
variations or lack of information about these parameters. In
this paper, firstly, we present a novel QoS-aware resource
scheduling algorithm called Weighted Composite Bandwidth and
CPU Scheduler (WCBCS), which jointly allocates the fair share
of the link bandwidth as well as processing resource to all
competing flows. WCBCS also uses a simple and adaptive online
prediction scheme for reliably estimating the processing times
of the incoming data packets. Secondly, we present complexity
analysis, extensive NS-2 simulation works, and experimental
results from our implementation on Intel IXP2400 network
processor. The simulation and implementation results show that
our low complexity scheduling algorithm can efficiently maximise
the CPU and bandwidth utilisation while maintaining guaranteed
Quality of Servie (QoS) for each individual flow.

I. I NTRODUCTION
The popularity and availability of Internet connection has
opened up the opportunity for network-centric collaborative
work that was impossible a few years ago. Different network centric entertainment applications such as networked
online games, multimedia streaming (video and audio) to
heterogenous system in collaborative environment, Networkcentric Music Performance or NMP where Internet is used as
rehearsal room by a number participants [1] etc. are becoming
very popular. Recent development of Internet technology has
opened up new opportunities for enterprises too. Dynamic collaboration service in virtual enterprise scenario where multiple
participants join in a secured audio/video conferencing session
and record and store the whole session for future reference is
one example of collorative work in Enterprise scenario.
Provisioning smart, efficient, dynamic collaborative service
has drawn huge interest from industries and as a result has
become a challenging research issue. Many of these applications in collaborative environment need processing the packet
upon arrival, before transmitting it to the clients ([1], [2]).
Many applications have strict delay bound where as others are
intolerable of packet loss [2]. The best effort Internet, with no

guarantee of network capacity or packet delivery, is a challenge
for the real time interaction required for most of these collaborative services. Efficient resource allocation in such a system
is an important and fundamentally complicated problem. In
order to satisfy QoS requirements of various applications the
node must control the use of network and processing resources
by properly scheduling them. The system must ensure that
all the flows receive their reserved resources while QoS is
also maintained. To ensure this, there must be mechanisms
to give guaranteed bandwidth and computational resources to
incoming flows. However, allocation of bandwidth and CPU
resources are interdependent and maintaining fairness in one
resource allocation does not necessarily entail fairness in other
resource allocation. Therefore, for better maintenance of QoS
guarantees and overall fairness in resource allocations for the
contending flows, the processor and bandwidth scheduling
schemes should be integrated.
A significant amount of work has been done in bandwidth resource scheduling for traditional network. Packet Fair
Queueing (PFQ) disciplines such as WFQ and WF2 Q [3]
provide perfect fairness among contending network flows.
However, WFQ and WF2 Q cannot readily be used for processor scheduling because they require precise knowledge of
the execution times for the incoming packets at time of their
arrival in the node. Moreover, the work complexity of these
algorithms are O(N ), where N is the number of flows sharing
the link. Another PFQ algorithm for bandwidth scheduling
is Start-Time Fair Queueing (SFQ) [4], which does not
use packet lengths for updating virtual time, and therefore
seems suitable for scheduling computational resources (since
it would not need prior knowledge of the execution times
of packets) [4]. However, the worst-case delay under SFQ
increases with the number of flows and it tends to favor
flows that have a higher average ratio of processing time per
packet to reserved processing rate [5]. One algorithm called
deficit round robin (DRR) achieves fair scheduling with O(1)
complexity. But it is used only for link bandwidth scheduling.
A large amount of work has also been done on CPU
scheduling [6], [7], but most of them are on CPU scheduling
for end systems and work on task level (not on packet level).
Moreover, the execution times of various applications on packets are not known in advance, thus constraining efficient and
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fair processor scheduling algorithms, which in turn limits the
applicability of well-known bandwidth scheduling algorithms
and also makes explicit or implicit admission control at the
flow level more difficult.
Pappu et al. [5] presented a processor scheduling algorithm for programmable routers called Estimation-based Fair
Queueing (EFQ) that estimated the execution times of various
applications on packets of given lengths off-line and then
scheduled the processing resources based on the estimations.
Fixed values of the estimation parameters measured off-line
may not always produce good estimations due to variation
in server load and operating system scheduling. Galtier et
al. [8] proposed a scheme to predict the CPU requirements of
executing a specific code on a variety of platforms. Doulamis
et. al. [9] used least square algorithm to predict task work
load and used this information for resource scheduling in grid
computing. However, all these schemes seem too complicated
to be implemented in routers.
All the scheduling schemes discussed above are designed
to schedule only a single resource, i.e., either bandwidth or
processing resource. Although the determination of execution
times for packets in advance on a programmable or active node
has been identified as a major obstacle in managing processing
resources [8], [5], none of the previous studies provided a
generalized online solution to the problem.
Unlike all the previous works, our work takes an integrated approach and provides a composite scheduler for both
bandwidth and CPU scheduling in order to provide better
QoS guarantees to the contending data flows. In our previous
work [10], [11], we presented a composite bandwidth and
processor scheduler called Composite Bandwidth and CPU
Scheduler (CBCS), which can schedule multiple resources
adaptively, fairly and efficiently among all the competing
flows. Detailed simulation, analytical and experimental work
presented in [10] proves that our novel idea of integrating
the CPU and bandwidth scheduling functionalities within a
single scheduling scheme can provide significantly better delay
guarantees than those achievable through separate resource
schedulers.
Although, CBCS has high efficiency but it was developed only for best effort flows and does not ensure flow
differentiation. In this paper, we present our new composite
scheduling algorithm called Weighted Composite Bandwidth
and CPU Scheduler (WCBCS), which is the extended version
of CBCS to make it suitable for QoS flows. The novelty
of this algorithm is, (1) it schedules multiple resources in
a single algorithm, (2) it employs a simple and adaptive
online prediction scheme called modified Single Exponential
Smoothing for determining the packet execution times. (3) it is
suitable for QoS flows where flows with different reserved rate
are weighted differently, but unlike other scheduling algorithm
of similar capability WCBCS has very low work complexity
(O(1)), making it attractive for implementating in high-speed
routers.
The paper is organised as follows: Section II presents the
proposed algorithm. Section III describes details of the sim-

Fig. 1.

System Model for WCBCS Scheduler.

ulation set-up and analyses the performance of the scheduler
through simulation. Section IV presents some experimental
results and conclusions are drawn in Section VI.
II. WCBCS - W EIGHTED C OMPOSITE BANDWIDTH AND
CPU S CHEDULER
This section describes the WCBCS scheduler and prediction
technique used to estimate the packet processing duration.
A. Online Prediction Process
Since the processing requirement of each packet is not
known apriori, the WCBCS scheduler needs to estimate the
processing duration for each arriving packet. We have investigated several smoothing methods and their suitability
for predicting the processing requirements of the packets.
A detailed analysis, investigations and a comparative performance analysis of the alternatives are discussed in [11]. Our
investigations show that the Single Exponential Smoothing
(SES) technique is well-suited to estimate the execution times
of the packets. SES is computationally simple and an attractive
method of forecasting. SES uses the following equation to
calculate a new predicted value.
Ft+1 = αXt + (1 − α)Ft

where, 0 ≤ α ≤ 1

(1)

where, Ft and Ft+1 are the predicted value at tth and
(t+1)th period respectively. Xt is the actual duration required
to process the packet that arrived at time t, and α is the SES
coefficient which determines the relative weight allocated to
the history and the current estimated sample. In our work,
the SES coefficient, α, was set to 0.4, based on earlier
experimentation, which indicates that a value of 0.4 provides
the most accurate results.
Most of the packets that are processed by today’s routers
can be broadly classified into two categories based on their
processing needs: (a) header processing and (b) payload processing. Header processing application (i.e., IP forwarding)
only requires read and write operations in the header of the
packet and so the processing complexity is independent of the
size of the packets. In contrast, payload processing application
(such as IPSec Encryption, packet compression and packet
content transcoding etc.) involves read and write operations
on all the data in the packet, and therefore the processing
complexity strongly correlates to the packet size [5]. In order
to count for the correlation between the processing costs and
packet sizes, we define a parameter called Scaling Factor
(SF), as: SF = 1 for header processing packets and LLt+1
t
for payload processing packets. Here, Lt , Lt+1 = Length of
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the packet arriving at time t & (t+1) respectively. The scaling
factor is incorporated in the SES estimation as follows:
Ft+1 = SF {αXt + (1 − α)Ft }

(2)

B. Setting up the flow weights
WCBCS schedules guaranteed rate connection by assigning
weight to each flow. Here we describe how the weight was
set for each flow. Let φic and φib are the weights for CPU
and bandwidth for flow i. If rci and rbi are the reserved CPU
and bandwidth for flow i respectively, and rcm and rbm are
the minimum reserved CPU and bandwidth among all flows
ri
respectively. The weights are assigned as below: φic = rmc and
φib =

rbi
rbm .

c

C. Overview of the WCBCS algorithm
We first begin by briefly describing the system model used
in our work. The Resource Manager (as shown in Figure 1)
controls the flow registration and setup (including setting up
weights for any reserved flows based on the reserved rates
of the bandwidth and processing resources) and admission of
each individual packet. The resource manager also estimates
the CPU requirements of an individual flow based on the
feedback received from the processor handler. The scheduler
enqueues them in the corresponding flow queues and dequeues
packets using its composite scheduling algorithm WCBCS,
which takes both the estimated processing time and transmission time of packets into account to decide which packet
to dequeue. After dequeueing a packet, the scheduler hands
the packet to the processor handler object for processing if
required. The processor handler object notifies the Resource
Manager after processing each packet so that the scheduler can
re-estimate the processing times for the new incoming packets.
The processing and transmissions of different packets happen
in parallel in the system, i.e., after processing, the packets enter
into a FIFO queue for transmission to their next destinations,
which is served by a separate thread. The packets that do not
require processing enter directly into the transmission queue
after the scheduler dequeues them from their flow queues.
Packets from each flow are first processed by the processor
and then transmitted to the output link. The joint allocation
of the processing and bandwidth resource is accomplished
by the composite scheduler which selects a packet from the
input buffers and passes it onto the CPU for processing. No
scheduling action takes place after the processing; the packets
processed by the CPU are stored in the buffer between the
processor and the link, and are transmitted in a first-come-first
serve order. The WCBCS scheduler is based on the principles
used in DRR [12] . Further contrary to the single resource
schedulers, WCBCS is designed to schedule both bandwidth
and CPU resources adaptively, fairly and efficiently among all
the competing flows. It succeeds in eliminating the unfairness
of pure packet-based round-robin by maintaining a Credit
Counter to measure the past unfairness. Credit Counter is
similar to the variables Deficit counter used by single resource
schedulers such as DRR [12]. All backlogged flows are stored

in a linked list and the flows are served in a round-robin order
by the WCBCS scheduler. The algorithm uses the following
parameters and equations:
• BW = Bandwidth of the transmission link in Mbps.
k
• EPi = Estimated processing cost of packet k of flow i
in sec.
k
• Li = Length of packet k of flow i in bits.
i
• γ = Resize factor of the packets in flow i.
UL
LL
• ct , ct = Upper and lower limit (respectively) of the
total CPU queue in terms of CPU processing time requirement for all the packets in all the flows.
k
• P tci = the combined processing and transmission cost for
the k th packet of flow i.
M ax
• P tc
= The maximum allowable time slice that a
packet requires to cover both CPU processing and network transmission, amongst all flows (total cost). Therefore,
106 ∗ γ i ∗ Lki
+ EP ki
(3)
P tcki =
BW
• Quantum = A variable that represents a time slice used
to serve packets from each flow queue, which includes
both CPU processing time and network transmission time
(in msec). If wi is the summation of the weights (both
CPU & bandwidth) of flow i and wm is the smallest
summation of the weights among all flows. The Quantum
i
of each flow is calculated as wwm ∗ P tcM ax . Let Q(r)
denote the quantum in round r.
• CC[i] = Credit Counter, a state variable that represents a
time slice for which flow i deserves to be served within
a specific round of scheduling ( in msec). Let CC r [i](r)
represent the Credit Counter for flow i in round r.
On receiving a new packet, the scheduler examines the
header to determine the flow-id, calculates the CPU processing
time using the online prediction scheme discussed earlier and
the resize factor, and then stores the packet in the corresponding flow queue. It may be worth noting that processing of
packets can also affect the sizes of the packets after processing
is completed. To take this packet size change into account for
bandwidth consumption, we define and calculate a resize factor
that is the average packet size after processing for an individual
flow divided by the average packet size before processing for
that flow. The composite scheduler maintains a resize factor
for each flow and its value is updated online.
The WCBCS scheduler continues to monitor the queue
length for all individual flows in terms of the CPU time
requirement and stops accepting packets from a flow if its
L
queue length becomes greater than cU
t[i] . In this case the
scheduler continues to refuse new packets from flow i until
its queue length becomes smaller than cLL
t[i] .
i

Upon initialisation, the Quantum is set to wwm ∗P tcM ax and
the Credit Counter (CC[i]) for all flows are set to zero. The
scheduler continues to serve all non-empty queues within each
round of processing. When it starts to serve a queue within a
round, the Credit Counter is set to Quantum plus the Credit
Counter of the previous round. The scheduler then dequeues
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a packet from the head of the queue and calculates the P tcki
of the packet according to the Eq.(3). It sets the CC[i] to
(CC[i] - P tcki ) and hands the packet to the processor Handler
object for execution. The packet is sent to its next destination
after processing. The scheduler stops serving a queue once the
queue is empty or the credit counter becomes zero or negative.
It may be noted that the CC[i] for a non-active flow (i.e., a
flow having no packets in the queue) is reset to zero.
D. Work Complexity
The work complexity of a scheduler is defined as the
order of time complexity with respect to enqueuing and then
dequeuing a packet for transmission.
Theorem 1: The worst-case work complexity of the
WCBCS scheduler is O(1).
Proof: The enqueue operation consists of determining
the flow at which the packet arrives and adding the flow
to the linked list if it is not already in the list. Both of
these operations are O(1). The dequeue procedure involves
determining the next flow to be served, calculating the credit
counter and removing the flow from the active list. All of these
can be done in constant time, so we can say that dequeue
operation is of time complexity O(1). As the complexity of
both the enqueuing and dequeuing tasks is O(1). it follows
that the work complexity of the WCBCS scheduler is O(1).

III. S IMULATION R ESULTS
This section presents simulation results on the delay characteristics and the fairness properties of the WCBCS scheduler.
We compared the performance of WCBCS with WFQ, which
is well known for its good delay and fairness behaviour and
currently used in the routers.

TABLE I
S ETTINGS FOR I NDIVIDUAL F LOWS
Flow Number
Referenced Application
Data Size
CPU Requirements per data block
Resize Factor

11-20
RC2 Decryption
16 KB
1-3 msec
0.25

21-30
RC2 Encryption
4 KB
1-3 msec
4.0

B. Delay Measurements
Fig. 2 shows the delays experienced by the packets of
MPEG2 flows using WCBCS and separate WFQ schedulers.
The maximum and average delays and the standard deviation
of the delays for all three flows are shown in Table II.
Our results show that WCBCS achieves better delay characteristics compared to separate WFQ schedulers for CPU
and bandwidth scheduling for flows with variable packet size
and CPU requirements. With WCBCS, the worst case delay
is reduced to 16% for MPEG2 and was more or less same
for both RC2 decryption and encryption data flow compared
to the delays achieved using WFQ. Also the average delay
was reduced to 33% for MPEG2 data flow, and was same
for both RC2 decryption and RC2 encryption data flows
compared to the average delays achieved using WFQ. Similar
improvements are observed in the standard deviation achieved
with WCBCS, implying that it provides much more consistent
delay guarantees than that with separate WFQ schedulers.
Note that in our simulation scenario the packet sizes and the
processing requirements varied significantly for MPEG2 flows,
which is typical of real network traffic. The improved delay
performance of WCBCS can be attributed to the fact that the
maximum total cost of scheduling a packet with WCBCS (for
CPU and bandwidth) is lower than the maximum processing
cost of a packet and maximum transmission cost of a packet
with separate WFQ schedulers.
TABLE II
D ELAY M EASUREMENTS
Data
flow

A. Simulation settings
The simulations were performed using the NS2 network
simulator [13] on a PC with 1.7 GHz Pentium M processor
and 1012 MB memory running the Linux operating system
(Ubuntu 5.10). Our simulation model consists of 30 UDP flows
sharing a single processor and a link. The simulation settings
of the individual flows are given in Table I. The output link
capacity was set to 10 Mbps. The simulation was run for
300 seconds and samples were collected at 1-second intervals.
The packet generation rates for all the flows were adjusted
such that the cumulative demand for the CPU and bandwidth
resources were 92% and 94% respectively. This ensures that
the measured delays reflect the performance of the scheduler
and are not affected by large queuing delays. We compare the
performance of WCBCS with an implementation consisting of
separate WFQ schedulers for CPU and bandwidth scheduling.
We assume that the WFQ CPU scheduler uses the same online
prediction scheme SES, used by WCBCS for estimating the
processing duration of each packet.

1-10
MPEG2 Encoder
1.5-24 KB
10-40msec
0.11 -0.36

MPEG2
Decryption
Encryption

Delay using WCBCS (in sec)
Max
Avg
Standard
delay
delay
deviation
1.6
0.2
0.2
0.6
0.1
0.1
0.5
0.1
0.1

Delay using WFQ (in sec)
Max
Avg
Standard
delay
delay
deviation
1.92
0.3
0.3
0.4
0.1
0.29
0.5
0.1
0.1

TABLE III
FAIRNESS M EASUREMENTS
Data flow

i
wcpu

i
wbw

MPEG2
RC2 Decryption
RC2 Encryption

0.068
0.016
0.016

0.002
0.02
0.078

Utilized CPU Rates
WCBCS
WFQ
0.0689
0.0689
0.0156
0.0156
0.0157
0.0157

Utilized BW Rates
WCBCS
WFQ
0.002
0.002
0.02
0.019
0.078
0.079

C. Fairness Measurements
To evaluate the fairness characteristics, we measure the CPU
and bandwidth utilized by all the flows and compare them with
the reserved rates. The results are summarized in Table III, it
shows that the fairness achieved by WCBCS is better than that
achieved by separate WFQ schedulers.
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(t2−t1)

(t2−t1) 2

= {Dev i

}

(4)

Here, Dev i
is the deviation from the ideal resource
allocation for any flow i. The error in maintaining fairness
in resource allocation for any backlogged flow i for the time
period (t2 − t1) is measure as
(t2−t1)
Erroravg
=

N
(t2−t1)
X
Error
i

i=1

N

200

250

300

Resource utilisation and Error in Fairness

E. Error Calculation
Here we present the analysis of error in maintaining fairness
in resource allocation among contending flows. We measured
the error in maintaining fairness in resource allocation for any
backlogged flow i for the time period (t2 − t1) as:
(t2−t1)

150
Time (sec)

(b) Error

D. Resource utilisation
We measured the CPU and bandwidth utilisations for all the
flows for the entire simulation period. Resource utilisation results for WCBCS and WFQ were comparable (CPU utilisation
was 92% and BW utilisation was 94%). Figure 3(a) shows the
resource utilisation while using WCBCS.

Errori

100

(5)

Here, N is total number of flows. We measured the error (i.e.,
deviation from the ideal situation) as defined in Eq. (5) for all
the flows and the results are shown in Figure 3(b). The average
error for each flow was recorded as 0.0006 using WCBCS. It
proves that using WCBCS the achieved results did not deviate
noticeably from the expected ideal situation.

IV. I MPLEMENTATIONS OF WCBCS ON IXP2400
This section presents implementation details of WCBCS
on IXP2400. We have developed a data plane application for
IXP2400 network processor and have implemented both the
WCBCS and also two sets of separate CPU and bandwidth
schedulers (based on WFQ) on the fast path processing i.e.,
on the microengines. Our application consists of modules for
Packet Rx, Processing, Packet Tx, Queue Manager, and the
Scheduler. Also the Ethernet layer 2 encapsulation is included
in the packet-processing block.
A. Implementation Hardware and Software
The implementation platform consists of a dual boot workstation, an IXP2400 PCI card, and Intel IXA (Internet Exchange Architecture) 3.1 SDK and framework. IXA 3.1 framework also includes a developer workbench or Integrated Development Environment (IDE). The development workstation is
a Linux workstation configured to allow the use of Windows
2000 hosted tools. This functionality is enabled by the use
of VMware (a software that allows PCs to support multiple
operating systems simultaneously) to provide a virtual machine environment. The VMware allows running the IXA SDK
developers Workbench under Microsoft Windows 2000 while
running Linux as the host operating system. The workstation
has Pentium 4, 1.5 GHZ CPU and 512 MB of RAM. IXA 3.1
SDK and framework provide the IXP API libraries and some
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Fig. 4.

WCBCS implementation architecture.

Fig. 5. Separate CPU and Bandwidth scheduler implementation architecture.

application building blocks that can be used for developing
applications for IXP 2400 network processor.
B. WCBCS Implementation Architecture
The implementation architecture of the schedulers is shown
in Figure 4. The scheduler is implemented before the packetprocessing block. The packet Rx microengine receives the
packets and sends an enqueue message to the scheduler via
scratchpad ring 1(SR-1). The scheduler microengine continually reads the enqueue request from SR-1, estimates the
CPU requirements of the packet using the SES estimations
technique, and enqueues the packet info in the SRAM queue.
After dequeuing a packet, the scheduler sends a message
to the processor microengines via a scratchpad ring (SR2). Packet processing code runs on four microengines and
all the microengines read the processing requests from SR2 and process the packets. After processing the packet, the
packet-processing microengines send a message specifying the
CPU consumed and the flow id to the scheduler via another
scratchpad ring (SR-3). After processing the packet, packet
processor microengines send a transmission message to the
transmitter microengine via a scratchpad ring (SR-4).
C. Separate CPU and Bandwidth schedulers
As mentioned earlier, we have also implemented a set of
separate WFQ schedulers for scheduling CPU and bandwidth
separately on the IXP2400 processor in order to evaluate the
performance of the WCBCS scheduler compared to using
separate CPU and bandwidth schedulers. Figure 5 shows the
implementation architecture of the separate schedulers.
The messages that pass through the SR-1, SR-2, and SR3 are same as that of Figure 4. Here, after processing the
packet, the processor microengines send an enqueue request to
the bandwidth scheduler via SR-4. After dequeuing a packet,
the bandwidth scheduler sends a transmission message to the
Packet TX microengine via SR-5.
D. Data Structures and Inter-microengines Messages
The communications between different microengines are
done through some pre-defined messages. For each packet
received, packet data are kept in DRAM and packet metadata
(i.e., information about the packet) is kept in the SRAM. The
packet metadata structure has 8 long word members. IXP
library provides macros and functions called dispatch loop
functions to read packet metadata from SRAM and to write
back the metadata into the SRAM. A dispatch loop combines

microblocks on a microengine and implements the data flow
between them. The dispatch loop also caches commonly used
variables in registers or local memory. These variables can be
accessed by microblocks using the dispatch loop macros and
functions. We have used dispatch loop functions to write some
data like total resource requirement for a packet (for WCBCS
scheduler) into a member of the packet meta data in the SRAM
during packet enqueue operation and to retrieve the data back
from the SRAM during packet dequeue operation.
E. WCBCS Implementation Details
We have used microengine local memory for keeping
WCBCS scheduler variable such as Quantum (or credit increment), packet counts for the flows or queues, credit counter
per flow, estimated CPU requirements (per packet per flow)
etc.
The WCBCS scheduler is implemented using 4 threads
e.g., initialisation thread, enqueue thread, dequeue thread, and
CPU prediction thread. After initialisation is completed, the
initialisation thread sends signals to the enqueue, dequeue, and
CPU prediction threads to begin their tasks as they wait on
the initialisation thread’s completion signal.
1) Initialisation: Initialisation thread sets the SRAM channel CSR to indicate that packet based enqueue and dequeue
would be done, i.e., we enqueue and dequeue a full packet
every time. The thread also initializes SRAM queue descriptors (and queue array) and the scheduler variables (e.g., it
initialises the value of quantum, credit counter for the flows,
estimated CPU requirements per flow etc.). After initializing
the scheduler variables, the thread terminates itself so that the
microengine thread arbiter excludes this thread from its list.
2) Enqueue: Figure 6 shows a simplified flow diagram of
works performed within the WCBCS enqueue thread. The
enqueue thread waits for the signal from the initialization
thread before starting its infinite loop. In each turn, the thread
calls an SRAM API (e.g., scratch get ring) to read an enqueue
message from SR-1 and specifies a signal number (as a
parameter to the API call). The thread then swaps out to allow
other threads to run as the SRAM read operation would take
some time. After receiving the control back, the thread checks
the presence of the signal (i.e., checks whether the enqueue
message read operation is completed or not. Once the enqueue
message is read, it checks the validity of the enqueue message
as there may not be any message in the ring.
If the thread receives an invalid message, it does context
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Fig. 6.

Flow diagram of the WCBCS enqueue thread.
Fig. 7.

swap and then goes for the next turn. The third LW of packet
metadata contains the packet size field. So, if the enqueue
message is a valid message, the thread reads the third LW of
the packet metadata from the SRAM using another API (e.g.,
sram read) and extracts the packet size for calculating the total
resource requirement (i.e., both the CPU and bandwidth) for
the packet. The CPU requirement data is taken from the global
variable (per flow), which is constantly updated by the CPU
prediction thread. The calculated total resource requirement
is used by the dequeue thread for scheduling purposes, and
therefore it needs to be stored. We decided to use 7th LW of
the packet metadata to store this scheduler data.
The enqueue thread calls an SRAM API (e.g., sram write)
to write back the resource requirement data to the SRAM
and specifies a signal number. While the write operation is in
progress, the thread calls another API to enqueue the packet
info in the SRAM queue corresponding to the flow-id. It may
be mentioned that the enqueue is done using the packetNext
pointer (calculated using the sopBufHandle member of the
enqueue message). The thread increments the packet count
for the queue and waits for the SRAM write operation to be
completed. The thread then does a context swap and goes for
the next round.
The total resource requirement (RR) for the incoming
packets is calculated in nano seconds (ns) using the following

Flow diagram of the WCBCS dequeue thread.

equation.
RR= CPU Cost (ns) + Transmission cost (ns) of the packet
= CPU cost (ns) per CPU Cycle ∗ Estimated CPU Cycles
Requirement + Transmission cost per byte (ns) ∗ Packet size
in Bytes.
It should be mentioned that, each microengine has clock
frequency of 600 MHZ i.e., 600 millions cycles per sec.
Therefore, CPU cost (ns) per CP U Cycle = 35 ns. For a
100 Mbits network interface, the transmission cost per byte
would be = 80 ns. Since the microengines do not support
the floating-point calculations, the CPU cost calculation for
a packet is approximated, where the calculation error is less
than or equal to 23 ns. This calculation error or approximation
is quite acceptable as it is tiny compared to the value of RR
and it happens for some of the packets for all flows.
3) Dequeue Thread: Figure 7 shows the simplified flow
diagram of the activities performed within the WCBCS dequeue thread. As shown in the figure, dequeue thread waits for
signal from initialization thread before starting its infinite loop.
In each WCBCS round, the algorithm serves all the active or
backlogged flows (i.e., the flows having one or more packets in
the queue). So for each flow i, the algorithm checks whether
the Queue Count i.e., QC[i] (stored in global variables) is
positive or not. If QC[i] is positive, it adds quantum to
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the value of the Credit Counter of the flow i (i.e., CC[i]),
otherwise it resets the CC[i] to 0 and tries to serve the next
active flow.
While serving flow I within each WCBCS round, the
algorithm checks whether both the CC[i] and the QC[i] are
positive or not. If either of them is 0 or negative, the algorithm
does a context swap (so that other threads get a chance to run)
and then tries to serve the next active flow. Otherwise, the
algorithm calls an SRAM API (e.g., sram dequeue) to dequeue
a packet info from the SRAM queue corresponding to flow
i and it waits for the dequeue completion signal. After the
dequeue, it decrements the queue count for flow i and then
it checks the validity of the dequeued buffer handle (i.e., the
packetNext ptr as enqueued in the enqueue operation). If the
buffer handle is invalid, it does a context swap and then tries
to serve the next packet from the same flow i.
For a valid dequeue of a packet, the code calls another
SRAM API to read the resource requirement (RR, which
is the CPU requirement plus bandwidth requirement in nano
seconds) from the 7th LW of the packet metadata in SRAM (as
it was stored there during enqueue operation) and waits for the
read operation to complete. On completion of the SRAM read,
the system signals the thread and the code then decrements
the CC[i] by the value of RR. The thread then generates a
scheduler-to-processor message and enqueues the message to
the scratchpad ring 2 (SR-2). However, before enqueuing the
message in SR-2, it checks the fullness of the ring using IXP
library API and waits if the ring is full. After sending the
message to the processor, the thread swaps out and tries to
serve the next packet from the same flow i.
The enqueue operation consists of determining the flow at
which the packet arrives and adding the flow to the linked
list if it is not already in the list. Both of the operations are
O(1) operation. The Dequeue procedure includes determining
the next flow to be served, calculating the credit counter,
removing the flow from the active list. All of these can be
done in constant time, so we can say that dequeue operation
is of time complexity O(1). As the time complexity of
enqueuing and dequeuing is O(1)the overall time complexity
of W CBCS scheduler is O(1).
4) CPU Prediction Thread: This thread waits for the signal
from the initialization thread before it starts its infinite loop.
In each turn, the thread calls an SRAM API to read the
processor-to-scheduler message from scratchpad ring 3 (SR-3)
and specifies a signal number to wait on and then swaps out
so that other threads can work while it is waiting for the read
to complete. After reading the message, the thread validates
the message and if it’s a valid message, then it updates
the estimated CPU requirement of the specified flow using
SES estimation technique. The estimated CPU requirements
(per packet) per flow are kept in global variables. Again,
due to unavailability of the floating-point calculations, the
estimations are approximated and the approximations or error
of calculation is less than or equal to 12 cycles while using
alpha value of 0.4 for SES equation.

TABLE IV
E XPERIMENTAL S ETUP
Flow
Number
1, 5, 9, 13
2, 6, 10, 14
7, 16
3, 8, 12
4, 11, 15

CPU Req.
Category
High
Low
Medium
Low
High

Fig. 8.

Bandwidth
Req. Category
Low
High
Medium
Low
High

CPU Req.
(Cycles)
2400 - 3600
78 - 134
1200 - 1800
78 - 134
2400 - 3600

Packet
Size (Bytes)
42 - 48
120 - 127
80 - 88
42 - 48
120 - 127

Experimental system configurations.

V. E XPERIMENTS AND R ESULTS
As mentioned earlier, we have tested the performance of
the WCBCS scheduler against the performance of the implemented separate schedulers. The experiments were performed
by running the code on IXA workbench’s ”Cycle Accurate”
transactor. The port logging options were turned on to log
the packets received and transmitted at the media interfaces.
The logs files produced were used by a custom software tool
(that we have also developed under this project) to analyze the
packet logs and produce the delay results for the individual
flows.
A. Design of experiments
We used 16 flows with varying packet sizes and different
CPU requirements. Four of the flows (e.g., flow 2, 6, 10, and,
14) required IPv4 forwarding and other flows required some
other processing code. Table IV shows the CPU requirements
and packet sizes for each individual flows.
For all the experiments, receive and transmission rates on
the media interfaces were set to 50 Mbps. For system settings,
workbench simulator’s default settings (as shown in Figure 8)
were used.
We created 16 data stream files containing Ethernet frames
and used the Workbench Simulator’s Network traffic assignment functionality (as shown in Figure 9) to inject the data
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for low CPU and high BW scenario, 15% for low CPU and
low BW scenario, and 23% for data flow with medium CPU
and medium BW requirement compared to the delays achieved
using WFQ.
VI. C ONCLUSION

Fig. 9.

Assigning experimental data streams using workbench simulator.

frames during experiments.
B. Experimental Results: WCBCS vs Separate WFQ schedulers
Experiments were performed and packet logs were collected
while using both the WCBCS scheduler and the separate WFQ
schedulers for 16 flows. Then we used our tool to analyze
the logs and produce the delay results. The delay graphs
and the delay summaries for each type of packet flow are
shown below. The results show that the WCBCS provided
superior delay performance. We could not provide any other
kind of performance comparison because of the limitations of
the workbench simulator (which only provides the input and
output port logging options).
TABLE V
D ELAY S TATISTICS U NDER D IFFERENT S CENARIOS (R ESOURCE
R EQUIREMENTS ).

Scenarios
High CPU, High BW
High CPU, Low BW
Low CPU, High BW
Low CPU, Low BW
Med. CPU, Med. BW

Delay using
WCBCS (sec)
Max.
Min.
Avg
delay
delay delay
1.01
0.3
0.61
1.09
0.38
0.68
0.86
0.27
0.55
0.96
0.3
0.58
1.06
0.28
0.61

Delay using
WFQ (sec)
Max.
Min.
Avg
delay
delay delay
1.1
0.31
0.79
1.10
0.4
0.77
1.09
0.4
0.70
1.0
0.28
0.68
1.08
0.5
0.79

Figures 10 and 11 show the delays measured for data
flows using WCBCS and WFQ. Due to space limitation we
present graphs only for two scenarios (for flows with high
CPU and low bandwidth requirement, and flows with low
CPU and high bandwidth requirement), delay behaviour is
similar for other scenarios too. The maximum, minimum and
average delays (measured in ms) for these flows are shown in
Table V. Delay results show that WCBCS achieved superior
delay guarantees compared to WFQ (when used individually
for CPU and bandwidth scheduling) for all the flows.
We ran our experiments for five scenarios (as shown in
Table IV). For all the cases the maximum is worse for separate
WFQ than WCBCS. The results show that using WCBCS, the
average delay was reduced by 10% for flows with high CPU
and high BW, 12% for high CPU and low BW scenario, 21%

In this paper, we present our new composite scheduling
algorithm called Weighted Composite Bandwidth and CPU
Scheduler (WCBCS) which has the following properties: (1)
unlike any other scheduling algorithms presented by other researchers it schedules multiple resources in a single algorithm,
(2) WCBCS employs a simple and adaptive online prediction
scheme for determining the packet execution times. (3) it is
suitable for QoS flows where flows with different reserved rate
are weighted differently, but unlike other scheduling algorithm
of similar capability WCBCS has very low work complexity
(O(1)), making it attractive for implementation in high-speed
routers.
Our simulation and experimental results show that the delay
behaviour of WCBCS is better than WFQ algorithm when
used separately for CPU and bandwidth scheduling specially
in the scenario when flows come with variable packet size
and CPU reuirements. Here it should be noted WFQ can
not be directly used for CPU scheduling (here we used our
prediction scheme), moreover the work complexity of WFQ
is much higher than the work complexity of WCBCS. The
WCBCS algorithm would be very attractive for scenarios
where flows are competing for both CPU and bandwidth
resources. In particular, WCBCS can provide superior delay
guarantees in highly dynamic environments where some or all
flows can carry packets with varying sizes and varying CPU
requirements.
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Abstract—The dynamic topology of mobile ad hoc networks
(MANETs) is caused by node mobility and fading of the wireless
link. Link reliability is often measured by the estimated lifetime
and the stability of a link. In this paper we propose that the
stability of a link can be represented by the time duration in
which the two nodes at each end of a link are within each
other’s transmission range and the fading is above an acceptable
threshold. A novel routing metric, called effective link operation
duration (ELOD), is proposed and implemented into AODV
(AODV-ELOD). Simulation results show that proposed AODVELOD outperforms both AODV and the Flow Oriented Routing
Protocol (FORP).
Index Terms—mobile ad hoc network, MANET, routing metric,
link lifetime.

I. I NTRODUCTION
A mobile ad hoc network (MANET) is characterized by
a dynamic topology which is introduced by node mobility as
well as by channel fading. Shortest hopcount routing protocols,
such as ad-hoc on-demand distance vector routing (AODV)
[1], choose routes which may not last very long. Thus, we
propose to utilize a metric characterizing link stability to
choose the most stable links in the network [2], [3], [4].
Many routing protocols proposing to find more stable routes
can be found in the literature. Route lifetime Assessment
Based Routing (RABR) [5] predicts the link lifetime using
the measured value of average change in received signal
strength over the last few samples. The Flow Oriented Routing
Protocol (FORP) [6] makes use of node movement to predict
the link expiration time, and discover routes. The authors in
[4] propose a probabilistic link availability model, where link
availability is defined as the probability that there is an active
link between two mobile nodes at time T + t given that this
link is available at time T and, in [7], an improved model
using a path reliability metric is illustrated. Two link stability
metrics are proposed to categorize stable links in [8] based
on empirical distributions of link duration and residual link
lifetime.
While most of the existing schemes mainly focus on the
impact of node mobility on link reliability, they have ignored
the channel fading. Multipath fading is one of the primary factors which affects the throughput of mobile ad-hoc networks.
The envelope of the signal in a time-varying fading channel
experiences deep fades when multipath signals are combined

destructively [9], which makes causes high bit error rates and
packet losses. When a link suffers from a fade:
1) if the fade is shallow, or lasts only for a short interval,
it can be combated by physical layer (PHY) techniques,
such as error control coding, or by adopting retransmission schemes in the medium access control (MAC)
protocol in the data link layer, allowing link connection
to continue;
2) if the fade is deep and lasts for a long time, which might
incur a number of continuous packet losses, the link will
be disconnected.
However, in both cases, the channel fading incurs extra
network overhead in the PHY, MAC, or network layer. We
propose to measure the stability of a link by the duration for
which the nodes at the edges of the link are within each other’s
transmission range with no fading. We call this new metric
effective link operation duration (ELOD).
In this paper, ELOD is introduced as a new routing metric to
select links in terms of reliability in a mobile ad hoc network.
The prediction scheme combines node mobility with channel
fading. First, it makes use of node mobility to predict the
link lifetime. Then it combines the link lifetime with the
fading channel statistics to obtain the ELOD. The ELOD
is incorporated into AODV (AODV-ELOD), to improve the
network performance. AODV-EOLD is shown to outperform
both ordinary AODV and FORP.
The layout of this paper is as follows. In Section II we
define the routing metric, ELOD. In Section III we describe
the channel model and the calculation of ELOD. The improved
routing protocol is presented in Section IV. Simulation results
are presented in Section V and in Section VI we draw our
conclusions.
II. E FFECTIVE L INK O PERATION D URATION
Packet propagation in wireless networks suffers from the
long-term (large-scale) fading and short-term (small-scale)
fading. In large-scale fading, the average received signal
strength attenuates with the propagation distance. Small-scale
fading is introduced by multipath and the Doppler effect. In a
flat fading channel, the instantaneous received signal amplitude
has a Rayleigh distribution [10]. In Fig. 1 we give an example
of the movements of, and the relative distance between, two
nodes A and B. In Fig. 2 the fluctuations of the received
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signal power for node A from node B is plotted, where both
large-scale fading and small-scale fading are included.

located at the edge of each other’s transmission range, will
have a relatively long lifetime with high bit error rate. When
incorporating channel fading, the ELOD for such a link might
not be very high, reflecting the true effectiveness of the link.
III. C ALCULATION THE ELOD
A. Channel Model of the Mobile ad hoc Network
In this paper we assume that the channel for each link is
subject to flat fading. The wireless channel model includes
the effects of small-scale fading and large-scale path-loss. We
assume that the transmit power is fixed and the same for each
node. For a transmission over a distance d, in the presence of
Rayleigh fading, the received signal power Pr is exponentially
distributed with mean Pt d−α [11], where Pt is proportional to
the transmit power and α is the propagation loss coefficient,
typically between 2 and 4. The probability Θ that the received
signal power above a specified threshold Pth is

Fig. 1. Example of movement, VA and VB , and the relative distances between
nodes A and node B at times t1 and t2 .

Θ = Pr{Pr ≥ Pth } = e

−

Pth
Pt d−α

.

(2)

B. Effective Link Operation Duration Estimation

(1)

In this section, we describe how to predict the link operation
duration (ELOD) for a link in a mobile ad hoc network. We
assume all the nodes in the network are equipped with a Global
Positioning System (GPS) to enable them to determine their
current positions and velocities. Assume all the nodes in the
network have equal transmission range R, and the movement
of the nodes is according to a random waypoint model [12],
where each node travels with a fixed speed for a given period
of time. For the two nodes A and B in Fig. 1, with respect
to a stationary Cartesian coordinate system, let (xi , yi ) be the
x-y position for mobile node i, and (vi,x , vi,y ) be its speed
components. We can predict the link lifetime Tf from [6]:
q
−(dx vx + dy vy ) + R2 (vx2 + vy2 ) − (dy vx − dx vy )2
Tf =
vx2 + vy2
(3)
where dx = xB − xA , dy = yB − yA , vx = vB,x − vA,x , and
vy = vB,y − vA,y .
Using the statistics of the channel fading from (2), which is
the probability that a link is not in a fade, we can estimate the
link operation duration D` . However, because of the movement
of the nodes, the relative distance between them is timevarying, which makes Θ vary with node movement. To account
for this random topology, we replace d in (2) with a random
variable Z, denoting the distance between the transmitter and
the receiver. Therefore, the expected value of the probability
E[Θ] can be written as
Z R
Pth
−
E[Θ] =
e Pt Z −α fZ (z)dZ
(4)

The ELOD is actually the total time duration within the
link lifetime in which the received signal power is above a
certain predefined threshold. The introduction of ELOD has
particular benefits for mobile ad hoc networks. For example,
a link composed of nodes with long pause times that are

where dmin is the minimum distance between the two nodes at
the ends of a link during the prediction period, and fZ {z} is
the probability density function (pdf) of the random variable
Z. Because we assume that the speed of a node is constant
during the prediction period, the distance between two nodes

Fig. 2. The fluctuations of the received signal power for node A from node
B, where both large-scale path loss and small-scale fading are included.

Any measure of link reliability should include an indication
of how stable the link is in terms of longevity. When channel
fading is taken into consideration, we propose that the stability
of a link should be represented by the time for which the link
is up, which is not the duration in which the nodes are within
each other’s transmission range, but the one in which the nodes
are within each other’s transmission range with no fading. The
former is defined as link lifetime, Tf , and the latter as effective
link operation duration (ELOD), D` . The relationship between
link lifetime and ELOD is
D` = Tf Pr{link ` in connection during Tf }.

dmin
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should have a uniform distribution. Then, we can determine
fZ {z} for the following distinct cases:
Case 1:if the relative distance between nodes A and B stays
fixed during their movement, the average Θ for the
link during the prediction period is
E[Θ] = e
with dt1

−

Pth
−α
Pt dt1

(5)

q
= d2x + d2y ;

Case 2:if the two nodes only move away from each other
during the prediction period, the pdf of Z is

0,
z < dt1 ;

1
,
d
≤
z ≤ R;
(6)
fZ {z} =
t1
 R−dt1
0,
z > R.
The average Θ for the link in connection is
Z R
Pth
1
−
e Pt z−α dz.
E[Θ] =
dt1 R − dt1
For example, when α = 2,
√
π
[Φ(ρR) − Φ(ρdt1 )]
E[Θ] =
2ρ(R − dt1 )
q
Rx
2
where ρ = PPtht , and Φ(x) = √2π 0 e−t dt;

(7)

(8)

Case 3:if the two nodes first move toward each other, then
apart some time later, the pdf of Z is

2
z < dt1 ;
 dt1 +R ,
1
,
d
≤
z ≤ R;
(9)
fZ {z} =
t1
 dt1 +R
0,
z > R.
The average Θ for the link in connection is
Z dt1
Pth
2
−
E[Θ] =
e Pt Z −α dZ
dt1 + R
0
Z R
Pth
1
−
e Pt Z −α dZ.
+
dt1 dt1 + R
For α = 2,
E[Θ]

=
+

(10)

√

π
Φ(ρdt1 )
(11)
ρ(dt1 + R)
√
π
(Φ(ρR) − Φ(ρdt1 )) .
2ρ(dt1 + R)

Then, for these three cases, we can estimate the ELOD for
a link ` as
D` = Tf E[Θ].
(12)
IV. ROUTING P ROTOCOL WITH ELOD
In this section, we describe how to incorporate the ELOD
into the routing protocol. We implement ELOD in AODV and
call it AODV-ELOD. We define Dr , the ELOD for a path r,
as the minimum ELOD over all links in the path, such that
Dr = min`∈r [D` ]. Using ELOD as the routing metric, we will
obtain paths composed of links with longer durations, free of
fading. However, such a path might have many more hops than

the shortest one. When packet relaying involves more hops,
since the radio channel is shared among neighbouring nodes
in the network, it will increase medium access contention,
interference, congestion, and packet collisions. Therefore, path
length should also be considered when selecting a suitable path
based on stability.
A. Routing Metric
First, we illustrate the impact of path length on network
performance. Assume that there are N nodes in an ad hoc
network which are independently and uniformly distributed in
a rectangular area L2 with length L on each edge. The node
spatial intensity is λ = N/L2 . For a node with transmission
range R, the average number of neighbours is n = λπR2 .
Assume C is the number of connections in the network. Tthe
expected distance
and destination for each
√ between source
√
connection is L3 ( 2 + ln(1 + 2)) [13]. The expected number
of hops H̄ required to deliver a packet can be approximated
as
√
√
( 2 + ln(1 + 2))L
H̄ =
.
(13)
3R
Thus, the maximum number of nodes in the network which
might be involved in packet deliveries is

H̄C, H̄C < N ;
(14)
Na =
N, H̄C ≥ N.
Then, the probability that a node has packets to transmit is
Na /N . In networks using the IEEE 802.11 distributed coordination function (DCF), nodes within each other’s transmission
ranges cannot transmit at the same time. When operating under
heavy traffic conditions (every node always has packets to
transmit), 802.11 DCF provides long term per packet fairness
in single-hop networks [14]. Thus each node in the shared
radio has a probability of 1/n of occupying the channel.
Combining the probability that a node has packets to transmit,
the average node transmission probability is Na /(nN ). For a
transmitting node on an active path, the probability that it can
occupy the channel, or the probability that the channel won’t
be occupied by any of the n − 1 neighbours, is
Na (n − 1)
.
(15)
nN
For transmission over one-hop, q is the average achievable
throughput due to channel access contention. Assume a path is
composed of h hops. The average achievable path throughput
Ψ is

h
Na (n − 1)
h
Ψ = Dr q = Dr 1 −
.
(16)
nN
q =1−

The throughput, Ψ, combines the impacts of ELOD and path
length. In AODV-ELOD, we use Ψ as the routing metric to
select stable paths with higher throughput.
B. The Proposed Routing Protocol AODV-ELOD
We implement the routing metric, Ψ, into routing protocol
AODV-ELOD. The routing path establishment and maintenance procedure of AODV-ELOD is similar to that of AODV.
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During the route discovery stage, before propagating the
RREQ packet to its neighbours, a node will insert its current
location and speed in the RREQ header for the receivers to
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the information in the RREQ packets. A node which receives
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the highest Ψ and feeds a RREP back to the source.
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V. SIMULATIONS
The performance of the proposed AODV-ELOD is compared with that of AODV, and FORP using the network simulator ns-2.30 [15] with Rayleigh fading channel extension [16],
where the handoff scheme in FORP is omitted to focus on the
comparison of the routing metrics. Physical layer parameters
of the Lucent WaveLAN wireless network card [15] is adopted
in the simulations. The radio transmission range is 250m. The
Random waypoint [12] model is used for node mobility. The
medium access control (MAC) protocol is IEEE 802.11 DCF.
All mobile nodes have the same channel bandwidth of 2 Mb/s.
Scenarios for the simulation were configured with an 80-node
10-connection network in a 1500m × 1500m terrain, where the
nodes are uniformly distributed in the network and randomly
move with maximum speed. Each simulation was run for 300s.

Fig. 3.
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Throughput comparison under different node mobility.

Normalized routing control overhead

4.8

A. Varying Node Mobility
First, we compare the performance of the routing protocols
in time varying mobility multihop networks. The node maximum speed is increased from 2 m/s to 40 m/s to raise node
mobility. Constant Bit Rate (CBR) sources are used at a rate
of 4 packets per second with a size of 512 bytes and transmit
to randomly chosen destinations.
The simulation results for network throughput, normalized
routing control overhead, average end-to-end delay and route
discovery frequency are shown in Fig. 3, Fig. 4, Fig. 5, and
Fig. 6, respectively. From the figures, it can be seen that
while the network performance for all three routing protocols
decreased with the increased node mobility, the AODV-ELOD
always outperforms the other two routing protocols. FORP has
the worst performance, which is because FORP chooses paths
composed of links with longer lifetimes, but the paths might
include more hops to reach the destination. The increased
hops raises the network interference, contention, and packet
collisions. Under a high mobility environment, long paths
are fragile because any movement of a node on the path
might cause the path to fail. AODV uses shortest hop-count
metric, which makes it tend to select links composed of
nodes that are located at the edge of each other’s transmission
range. Compared with the other two routing protocols, AODVELOD takes account of both link reliability and hop-count.
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Fig. 4. Normalized routing control overhead comparison under different node
mobility.

Moreover, the criterion for link reliability in AODV-ELOD
incorporates node movement with channel fading statistics.
Thus, AODV-ELOD can select paths with shorter length and
more stable links, improving network performance. However,
AODV-ELOD assumes the nodes do not move during the
interval in which the channel statistics are predicted, which
might introduce some prediction errors and reduce the network
performance, especially when the node movement is high (over
25 m/s).
B. Varying Traffic Load
Secondly, we fixed the node maximum speed at v =5 m/s
while varying the packet rate at each source from 1 to 30
packets/second, to evaluate the performance of the routing
protocols with increasing network traffic load. Fig. 7 illustrates
the network packet delivery ratio (PDR), while Fig. 8 shows
the average end-to-end delay for the routing protocols with
varying packet rate. For all of the routing protocols, perfor-

- 318 -

0.85

AODV
FORP
AODVELOD

0.6

0.8
Packet delivery ratio

Average end−to−end delay (seconds)

0.9

0.75
0.7
0.65

0.5

0.4

0.3

0.6
AODV
FORP
AODVELOD

0.55
0.5
0

5

10

15
20
25
Node mobility (m/s)

30

35

0.2

0.1
0

40

Fig. 5. Average end-to-end delay comparison under different node mobility.

Fig. 7.

16

14

12

10
AODV
FORP
AODVELOD

8

6
0

10
15
20
Packet rate (packets/second)

25

30

Packet delivery ratio comparison under varying traffic load.

1
Average end−to−end delay (second)

Route discovery frequency (per second)

18

5

5

10

15
20
25
Node mobility (m/s)

30

35

AODV
FORP
AODVELOD

0.9
0.8
0.7
0.6
0.5
0.4
0.3
0.2
0

40
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mance decreases with increasing traffic load. The performance
degradation is due to the increased interference and congestion
when the network traffic load is increased. We can see that
AODV-ELOD has better performance in terms of PDR and
average end-to-end delay than AODV and FORP. This is due
to the channel-aware metric in AODV-ELOD, which makes the
routing protocol choose long-lasting, high throughput links,
to reduce network failure, increasing network throughput and
decreasing end-to-end delay.
VI. C ONCLUSION
Mobile ad hoc networks are characterized by dynamic
topologies, introduced by node mobility and channel fading. The stability of links should be represented by node
movement as well as channel fading statistics. In this paper,
we propose a new routing metric, effective link operation
duration (ELOD), which is the time during which which
the nodes are within each other’s transmission range with

Fig. 8.
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Average end-to-end delay comparison under varying traffic load.

no fading. We implement the new routing metric in AODV,
taking into account path length, interference, and medium
access contention. Simulation results show that AODV-ELOD
achieves better performance than AODV and FORP over a
range of network performance measures.
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Abstract— Random beamforming is a technique in which each
node in a wireless ad hoc network directs its main beam in
a randomly chosen direction. This paper presents an analytical
method for investigating the effect of random beamforming on the
connectivity of wireless ad hoc networks. We derive analytically
an expression for an effective beamforming gain, which we
use to characterize the impact of random beamforming on the
number of direct connections for an arbitrary node, i.e. the local
connectivity. Our results show that for a path-loss propagation
model, random beamforming improves the local connectivity for a
path-loss exponent α < 3, while it degrades the local connectivity
for larger values of α. The analytical method is validated by
comparison with simulation results.

I. I NTRODUCTION
Beamforming in ad hoc networks has been widely investigated in recent years. Beamforming has been extensively
studied in cellular systems [1], [2] but its application in
wireless ad hoc networks poses unique design challenges
due to the inherent lack of wired infrastructure. Most of the
work in this area is concerned with MAC layer protocols for
use with beamforming antennas [3], [4] and routing using
beamforming antennas [5]. Work has also been done with
regard to neighbour discovery via beamforming [6] and using
beamforming to improve network capacity [7].
Recently there has been a growing interest in the connectivity of wireless ad hoc networks with beamforming antennas. Different beamforming techniques have been proposed
to improve the connectivity of ad hoc networks [8], [9].
The simplest beamforming technique is random beamforming,
which allows each node in the network to direct its main beam
in a direction from a uniform distribution on [0, 2π). It does not
require knowledge about location of neighbouring nodes and is
appealing in terms of practical implementation. The connectivity of ad hoc networks for traditional omnidirectional antenna
transmission in a path-loss and shadowing environment has
been studied using a semi-analytical procedure in [10] and analytically using the concept of effective communication range
in [11]. For the case of beamforming antennas, investigations
are largely limited to simulation based studies. These have
shown that while randomized beamforming can lead to an
improvement in the overall connectivity, it also increases the
number of isolated nodes in ad hoc networks [8], [9]. In [12],
simplifying assumptions about gain patterns of beamforming
antennas are made to analytically derive an expression for node
distribution, which is then used to analyse the connectivity. It is
shown that randomized beamforming can improve or degrade

the overall connectivity of wireless ad hoc networks. However
no insight is provided for its effect on the number of isolated
nodes.
In this paper, we extend the analytical method in [11]
for the case of random beamforming. We derive analytically
an expression for effective beamforming gain, which we use
to characterize the effect of random beamforming on local
connectivity of an ad hoc network. We use the probability
of node isolation as a metric for local connectivity and show
that for a path-loss channel model, random beamforming can
increase or decrease this probability depending on whether the
path-loss exponent α is < 3 or > 3, respectively.
The rest of this paper is organized as follows. The antenna
array and signal model are detailed in Section II. The proposed
analytical method is discussed in Section III and is used to gain
insight into the effect of beamforming on the local connectivity
of an ad hoc network. Simulation results, which validate our
analytical method, are given in Section IV. Finally, conclusions
are drawn in Section V.
II. S YSTEM M ODEL
A. Node Distribution Model
We consider that the nodes in the network are distributed
in a two dimensional space. We use a homogeneous Poisson
point process to model the spatial distribution of the nodes.
The probability mass function of number of nodes X in an
area A, is given by [13]
P (X = x) =

µx −µ
e
x!

(1)

where E[X] = µ = ρA, ρ is the node density and E[·] denotes
expectation. A homogeneous Poisson process can be regarded
as the limiting form of a uniform distribution of X nodes on
an area A, as x and A approach ∞ but their ratio ρ = x/A
remains constant.
B. Antenna Model
We consider a Uniform Circular Array (UCA) of N identical omnidirectional antenna elements, spaced in a circle of
radius a in the xy-plane and located at the origin of a spherical
coordinate system. Without loss of generality, we assume plane
wave propagation. Beamforming is achieved by phase shifting
each antenna element in the array such that its main beam
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R 2π R π
0

0

| E(θ, φ) |2 sin(θ) dθ dφ

(2)

where φ ∈ [0, 2π) is the angle from the x-axis, θ ∈ [0, π)
is the angle from the z-axis and E(θ, φ) is the electric field
given by
E(θ, φ) =

−8
−10

(c) N = 8

points towards the desired direction. The gain of the UCA
antenna is [9]
G=

2

E0 exp[jka sin(θ) cos(φ − φn ) + jαn ] (3)

In this work, we neglect the impact of interference, i.e. we
assume effective MAC layer protocols. In this case, we can
define a threshold power attenuation, βth , above which there
is no direct connection between the transmitting node and the
receiving node. Therefore the probability of having no direct
connection, with node separation d, is given by


dα
≥ βth
P (β(d) ≥ βth ) = P
GT GR
= P (dα ≥ (βth )(GT GR ))

where E0 is the electric field pattern of the omnidirectional
antenna, k = 2π/λ, φn = 2πn/N , and αn is the phase shift of
the nth element. For the conventional cophasal excitation [14]
αn = −ka sin(Θ0 ) cos(Φ0 − φn )

(4)

where (Θ0 , Φ0 ) are the desired angles of the main beam. For
two dimensional space, i.e. the xy-plane, Θ0 = π2 . Substituting
(4) and (3) into (2), we can calculate the antenna gain for a
UCA for any azimuthal angle φ and main beam direction Φ0 .
The gain pattern of a UCA with different numbers of
antenna elements is shown in Fig. 1. The main beam direction
in all plots is set to Φ0 = 90◦ . We can see that the antenna
gain in the main beam direction increases linearly with the
number of antenna elements N . The maximum gain always
stays around N . However the average gain in other directions
does not increase with increasing N and the shape of the side
lobes changes significantly.

1

1

= P ((βth ) α (GT GR ) α ≤ d)
= P (R ≤ d)

n=1

1
α

where the random variable R = (βth ) (GT GR ) is referred
to as the effective communication range [11].
For the case of the deterministic path loss model considered
in this work, the effective communication range indicates the
maximum separation that a pair of nodes can have with the
ability to communicate with each other. The effective coverage
area of a node can thus be considered as a disk with radius
E[R2 ], centered at the node [11].
D. Local Connectivity
The local connectivity of the network can be measured by
the node degree D, which is the number of direct links that a
node establishes. It has been shown that the node degree follows a Poisson distribution with parameter µ = ρπE[R2 ] [11].
Hence using the property of the Poisson distribution, the
expected value of the node degree is given by [13]
E[D] = ρπE[R2 ].

C. Signal Model
We consider the large scale path loss model to determine
whether or not there is a connection between two given nodes.
Suppose that a node transmits a signal with power PT . The
received signal power at a distance d is given by [15]
PR = C

1
GT GR PT
dα

PI


λ 2
,
4π

α

β(d) =

PT
d
=
PR
G T GR

(6)

(8)

An important metric for measurement of local connectivity
is probability of isolation. It is defined as the probability that
a randomly chosen node does not have a connection to any
other node. For a homogenous Poisson process, the probability
of isolation is given by

(5)

where C =
GT and GR are the antenna gains of
transmitting node and receiving node, given by (2).
Suppressing the constant C, the overall power attenuation
can be expressed as

(7)

1
α

=
=
=

exp{−E[D]}
exp{−ρπE[R2 ]}
n
h
io
2
2
exp −ρπ(βth ) α E (GT GR ) α .

(9)

From (9), we see that the effect ofhbeamforming
i can be
2
expressed as a multiplicative factor, E (GT GR ) α . We call
it the effective beamforming gain.
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III. T HEORETICAL A NALYSIS
In this section, we discuss our proposed method for calculating the effective beamforming gain for random beamforming.
This then allows us to investigate how the use of random
beamforming improves the local connectivity of a randomly
chosen node in the network.
In the random beamforming scheme each node in a wireless
ad hoc network directs its main beam towards a randomly
chosen direction. Figure 2 shows a pair of transmitting (TX)
and receiving (RX) nodes in a random beamforming scenario.
The arrows indicate the main beam directions and all angles
are measured with respect to the x-axis. The model parameters
shown in the figure are defined as follows:d = distance between the TX and RX nodes;
φ = relative angle of RX from TX, with respect to the
x-axis;
ΦT = main beam direction of TX node;
ΦR = main beam direction of RX node;

Fig. 2. Relative positions of a transmitting and receiving node pair in random
beamforming scenario.

In this scenario, the antenna gains depend on the main
beam directions and the relative location of the transmitting
and receiving node pair. Since each node randomly chooses a
main beam angle from a uniform distribution, the probability
density function (PDF) of the main beam angle has a uniform
distribution. For uniformly distributed nodes, the direction of
any other node from a chosen node has a uniform distribution
as well. Therefore the angles φ, ΦT and ΦR have the same
(but mutually independent) PDF, being
1
;
γ ∈ [0, 2π)
(10)
2π
Using the above assumptions, the effective beamforming
gain can be expressed as
Z 2π Z 2π Z 2π
h
i
2
1
E (GT GR ) α
=
(2π)3 0
0
0
f (γ)

=

2

(G(φ, ΦT )G(π+φ, ΦR )) α dΦR dΦT dφ
(11)
where GT and GR are the antenna gains of the transmitting
node and the receiving node, given by (2). From (2), (3)

and (11), we can see that the effective beamforming gain for
random beamforming only depends on the number of antenna
elements N and the path-loss exponent α.
There is no closed-form solution for (11), so we evaluate the
effective beamforming gain numerically using Matlab. Table I
summarizes the values of the effective beamforming gain from
(11) for different N and α.
TABLE I
E FFECTIVE B EAMFORMING G AIN FOR R ANDOM B EAMFORMING
( COMPUTED FROM (11))
Path-loss
α
2
2
2
2
2.5
2.5
2.5
2.5
3
3
3
3
3.5
3.5
3.5
3.5
4
4
4
4

No. of antennas
N
4
6
8
10
4
6
8
10
4
6
8
10
4
6
8
10
4
6
8
10

Beamforming
Gain
h
i
2
E (GT GR ) α
1.48
1.51
1.60
1.84
1.12
1.12
1.14
1.24
0.95
0.96
0.96
1.00
0.87
0.89
0.87
0.90
0.82
0.85
0.82
0.85

From (9), it can be seen that the use of beamforming
will improve the local connectivity (i.e. reduce probability
of isolation) if the effective beamforming gain exceeds 1.
Table I shows that the effective beamforming gain decreases
as α increases. For example for α = 2 (i.e. free space
propagation environment), the gain for random beamforming
with 4 antenna elements is 1.48 but decreases to a value less
than 1 for α > 3 (i.e. an urban propagation environment).
This suggests that random beamforming will lead to higher
probability of isolation in urban areas (with α > 3), compared
to the case of a single omnidirectional antenna (gain =1).
It can also be observed that the effective beamforming gain
is relatively constant with increasing N for α ≥ 3. This
suggests that for α > 3, adding extra antenna elements in
the antenna array will not lead to proportional improvement
in the local connectivity. This can be intuitively explained as
follows. From Fig. 1 it can be seen that the antenna gain
increases linearly with number of antennas, but doesn’t change
much in width after about N = 6. So, as N increases, the
maximum possible distance between a communicating node
pair increases as well. As a result, the number of direct
links to any chosen node in the direction of its main beam
would increase. However, the attenuation is exponential with
increasing path-loss exponent. So, after α = 3, the attenuation
dominates, making any increase in communication distance
due to antenna gain ineffective.
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Fig. 3. Probability of node isolation in ad hoc networks with and without random beamforming. Analytical results for the random beamforming case are
from (9) and Table I

IV. R ESULTS
A. Model Validation
Simulations are carried out in Matlab in order to verify
the theoretical results. In the simulations we distribute nodes
uniformly on a square of area 200,000 m2 . To eliminate border
effects, we compute the local connectivity for nodes located
on an inner square of 125,000 m2 . The probability of isolation
is calculated as the statistical average of fraction of isolated
nodes in the subnetwork as


No. of isolated nodes
PI = E
.
(12)
No. of nodes
Fig. 3 shows the results for the probability of isolation for
both random beamforming and (reference) single omnidirectional antenna scenarios. The theoretical results for probability
of isolation are calculated by substituting the values of effective beamforming gain from Table I in (9). Different numbers
of antenna elements and thresholds are used in the scenarios
shown in Fig. 3(a) where N = 4, βth = 30dB and Fig. 3(b)
where N = 8, βth = 50dB. We can see that the simulation
results are in excellent agreement with the theoretical results,
which validates the proposed model.
B. Effect of Random beamforming
In Fig. 3(a), the use of beamforming reduces the number of
isolated nodes for small path-loss exponents α. The improvement is noticeable when α = 2. For example, the probability
of isolation in the omnidirectional scenario is 0.2 at a node
density of 0.0005, whereas the probability of isolation in the
random beamforming case is only half of this, i.e. 0.1 at the
same density. The opposite effect is shown in Fig. 3(b), where
α > 3, e.g. for α = 4 the increase in value of probability of
isolation by utilizing beamforming is about 0.05. These trends
are in perfect agreement with the analytical insights provided
by the proposed theoretical model discussed in the last section.

V. C ONCLUSION
In this paper, we have proposed a novel theoretical model
for analysis of random beamforming in wireless ad hoc
networks. We have defined an effective beamforming gain
to characterize the effect of random beamforming on the
local connectivity. The calculated values of the effective
beamforming gain provide insights into the effects of random
beamforming on local connectivity of ad hoc networks. It
has been shown that random beamforming improves the local
connectivity for α < 3, while it degrades the local connectivity
for α > 3. In addition for α > 3, increasing the number of
antenna elements does not lead to any significant improvement
in the local connectivity. Simulation results have also been
presented which validate the proposed theoretical model.
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Abstract— This paper considers flow control and resource allocation problem as applied to multipath communication networks.
We propose a novel distributed algorithm, show and prove that
among all the sources with generic increasing and bounded utilities (no need to be concave) in steady state, the utility max-min
fairness is achieved, which is essential in providing application
QoS (Quality of Service) guarantee. In addition, by combining
a first order Lagrangian method and filtering mechanism, the
resulted approach eliminates typical oscillating behavior for the
multipath network and possesses a rapid convergence property.

I. INTRODUCTION
Current communication network, like the prevailing Internet, has made a great success in providing efficient data
transmission services, e.g., web browsing and electronic mail,
but it is not sufficient to support the increasing demand on realtime services, such as audio, video and multimedia delivery
through the network. These real-time applications usually
have stringent Quality of Service (QoS) requirements, and
are sensitive with allocated bandwidth, time delay and packet
loss ratio, which are generally not easy to be guaranteed in
the TCP based Internet services nowadays. Therefore, future
communication networks are expected to support applications
with various QoS requirements.
To provide a better traffic management in computer networks than the traditional TCP does, an extensive study has
been carried out in the literature. Among them, the most
successful result in the area of network congestion control
and resource allocation is the “Optimal Flow Control”(OFC)
approach proposed by Kelly [1]. This pioneer work was further
advanced by the researches in single path networks [2]–
[8], multipath networks [9], [10] and multirate multicast
networks [11], [12].
The main idea of OFC is essentially the same to formulate
flow control as an optimization problem and then maximize the
total utilities under the network bandwidth constraint. The utility function of the bandwidth associated with each application
mathematically models its QoS performance. Following that,
OFC algorithm is derived by solving the optimization problem
distributively. It consists of a link algorithm to measure the
congestion (link price) in the network and a source algorithm
to adapt the transmission rate according to the feedback
congestion signals. This optimization approach not only leads

to a social utility maximization at the convergence, what is
more important, also the resulting bandwidth allocation in
equilibrium is in a fair manner.
With a popularity to select utility as logarithmic function,
Kelly [1] shows that the OFC approach achieves a proportional
fairness of bandwidth allocation. Using the OFC strategy,
another important fairness criterion called max-min fair allocation [13] (which emphasizes an equal sharing compared with
proportional fairness) is also studied by Mo and Walrand [4]
and La and Anatharam [6]. In their work, the authors use
a family of utility functions to approximate arbitrarily close
to a max-min fair allocation. But the selected utility function
becomes ill conditioned when the max-min fairness is reached,
and the related link prices at congested links either turn to 0 or
diverge to ∞. Thus their max-min fair flow control algorithms
are impractical for engineering purpose. Meanwhile, in order
to deal with different users with different QoS requirements,
Cao and Zegura [14] define a new criterion named utility
max-min fairness and propose an allocation algorithm. In
their approach, the links require the information of utility
functions from all the traversed sources, which makes network
implementation difficult.
Even though the optimal flow control approach has made a
great success in dealing with congestion control and resource
allocation, it also exposes serious limitations as pointed out in
our paper [15].
•

•

At current stage, OFC approach is only suitable for elastic
traffic, where each application attains a strictly increasing
and concave utility function to ensure the feasible optimal
solution and convergence of utility maximization process.
It can not deal with congestion control and resource
allocation for communication networks where real-time
applications are engaged.
In the utility maximization approach, if each user selects
different utility function based on their real performance
requirement, then OFC approach usually leads to a totally
unfair resource allocation for practical use, in particular,
an application with low demand is usually allocated with
a high bandwidth.

On the other hand, multipath communication networks
attract significant attention recently due to scalability and
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robustness. With the help of MPLS technology, even the most
common IP networks, which more or less require single path
routing previously, enable the traffic to split across several
paths. For these reasons, in this paper, we propose a novel distributed flow control algorithm for multipath communication
networks to achieve utility max-min fair resource allocation.
By taking into account of different QoS requirements, the new
flow control algorithm is friendly with both elastic traffic and
real-time applications.
The rest of the paper is organized as follows. In Section II,
we describe and formulate the problem. Section III proposes
the utility max-min fair flow control algorithm. After that, we
present the simulation results to illustrate performance of the
algorithm in Section IV. Finally, the conclusions are drawn in
Section V.
II. PROBLEM FORMULATION
For a practical network application, people may concern
about the bandwidth allocation, but a more important and
direct factor that the application really cares about is the
QoS performance or the utility it achieves in the network.
The utility function of an application is a measurement of its
QoS performance based on provided network services such as
bandwidth, transmission delay and loss ratio. In this paper, we
deal with the utility as a function of the allocated bandwidth
only, which is a common assumption in most optimal flow
control literatures.
As pointed out in the paper [16], the traditional data applications such as file transfer, electronic mail, and web browsing
are rather tolerant of throughput and time-delays. This class
of applications are called elastic applications, and their utility
functions can be described as a strictly concave function as
shown in Fig. 1(a). The utility (performance) increases as
the increasing of bandwidth, but the marginal improvement
is decreased. This class of applications has been well studied
in OFC literatures.
Nowadays due to the development of multimedia technologies, real-time applications, such as audio and video
delivery, become ubiquitous. These applications are generally
delay sensitive and have a strict Quality of Services (QoS)
requirement. Unlike the elastic traffic, they have an intrinsic
bandwidth requirement because the data generation rate is
independent of the network congestion. Thus the degradation
in bandwidth may result in serious packet drops and severe
degradation of the performance. A reasonable description of
the utility of this class applications is close to a single step
function as shown in Fig. 1(b) (solid line), which is convex but
not concave at the lower bandwidths. For some hard real-time
applications, they may require an exact step utility function as
in Fig. 1(b) (dash line).
In this context, we consider a network that consists of a
set L = {1, 2, . . . , L} of links of capacity cl , l ∈ L. The
network is shared by a set S = {1, 2, . . . , S} of sources. Each
source s attains a non-negative QoS utility Us (xs ) when it
transmits at a rate xs ∈ [ms , Ms ] where ms and Ms are
the minimum and maximum transmission rates required by

(a) Elastic

(b) Real−time

U

U

Bandwidth

Fig. 1.

Bandwidth

Utility functions for different classes of applications.

source s respectively. The utility function Us (xs ) is assumed
to be continuous, strictly increasing and bounded (no need
to be concave) in the interval [ms , Ms ]. Without the loss of
generality, it can be assumed that Us (xs ) = 0 when xs < ms
and Us (xs ) = Us (Ms ) when xs > MS .1
Different from single path network, now each source s has
ns available paths or routes from the source to the destination.
Denote the L×1 vector Rs,i the set of links used by source s ∈
S for its path i ∈ {1, 2, . . . , ns }, whose lth element is equal to
1 if and only if the path passes through link l, and 0 otherwise.
Then the set of all the available paths of user s is defined by
Rs = [Rs,1 , Rs,2 , . . . , Rs,ns ]
and the total paths in the network are defined by a L × N
routing matrix R,
R = [R1 , R2 , . . . , RS ]
where N = n1 + n2 + . . . + nS is the total number of the
paths.
For each source s, define xs,i be the rate of source
Pns s on
xs,i .
path Rs,i , and naturally the total source rate xs = i=1
Let

x = [x1,1 , . . . , x1,n1 , x2,1 , . . . , x2,n2 , . . . , xn,1 , . . . , xn,nS ]T ∈ RN
+

be the vector of all path rates of all sources. In order to
formulate the flow control problem, we first define the notion
of feasible (or attainable) path rate allocation.
Definition 1: A path rate allocation x for all available paths
is feasible or attainable if and only if the corresponding total
source rate xs for each source s is within the range [ms , Ms ],
and no links in the network are congested, i.e.:
ms ≤ xs ≤ Ms ,

xs =

ns
X

xs,i , s ∈ S

(1)

i=1

Rx ≤ c,

x≥0

(2)

T

where c = [c1 , c2 , . . . , cL ] is the vector of link capacities.
Since we are considering the different QoS requirements
among network users, it may not be appreciative for the
network to simply share the bandwidth equally as maxmin fairness does. Instead, the network should allocate the
bandwidth to the competing users according to their different
1 For the scalability, it can be further assumed that 0 ≤ U (x ) ≤ 1 and
s s
Us (Ms ) = 1.
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QoS utilities. This motivates the proposal of the criterion of
utility max-min fairness [14].
Definition 2: A source rate allocation is utility max-min
fair, if it is feasible and for each user s, its utility Us (xs )
cannot be increased while maintaining feasibility, without
decreasing the utility Us0 (xs0 ) for some user s0 with a lower
utility Us0 (xs0 ) ≤ Us (xs ).
It is even more complicated in the environment of multipath
networks, where the source rate is made up of constituted
path rates. Our objective is to guide traffic to a feasible path
rate allocation, in such a way that the summing source rate
is utility max-min fair. In other words, each source is treated
in a fair manner and guaranteed high utility performance. In
the following section, we will develop a new flow control
algorithm to achieve utility max-min fairness within a given
multipath network and study its properties in detail.

where
αs (t + 1) = [αs (t) + γ(ms − xs (t))]+
βs (t + 1) = [βs (t) − γ(Ms − xs (t))]+

are the lower bound and upper bound price to restrict the
source rate constraint ms ≤ xs ≤ Ms , and
prs,i (t) = max pl (t)
l∈Rs,i

•

Consider the flow control problem formulated in Section II.
Now, we propose a distributed algorithm that achieves utility
max-min fairness for multipath communication networks.

(3)

where γ > 0 is a small step size, and xl (t) = Rl .x is the
aggregate path rate at link l. Equation (3) implies that if the
aggregate path rate at link l exceeds the link capacity cl , the
link price will be increased; otherwise it will be decreased.
The projection [z]+ = max{0, z} ensures that the link price
is always non-negative.
For each source s, we use the following first-order Lagrangian algorithm to update its ith path rate:
1
+αs (t)−βs (t)−prs,i (t))]+
Us (xs (t))
(4)
and then calculate the source rate:
xs,i (t+1) = [xs,i (t)+γ(

xs (t + 1) =

ns
X
i=1

xs,i (t + 1)

(5)

Link l’s algorithm:
At time t = 1, 2, . . ., link l:
1) Aggregates flow rates xs,i (t) for all paths Rs,i that
contain link l.
2) Computes a new link price
pl (t + 1) = [pl (t) + γ(xl (t) − cl )]+ .

A. A Distributed Utility Based Flow Control Algorithm

pl (t + 1) = [pl (t) + γ(xl (t) − cl )]+

(8)

is the path price, which is the maximum of the link prices
along the particular route. Combining them all together, the
utility max-min fair flow control algorithm for multiple paths
is summarized as follows:
Algorithm

III. UTILITY MAX-MIN FAIR FLOW CONTROL
ALGORITHM

The utility max-min fair flow control algorithm uses the
similar flow control structure as the optimal flow control
approach [3] does, with the help of pricing scheme. There
are three price vectors α ∈ RS+ , β ∈ RS+ and p ∈ RL
+
associated with constraint (1) and (2) (Regard constraint (1)
ms ≤ xs ≤ Ms as two separated constraints xs ≥ ms and
xs ≤ Ms ) respectively. A link algorithm is deployed at each
link to update the link price depending on the severity of link
congestion, and a source algorithm is implemented at each
source edge to adapt the transmission rate based on these three
prices.
Both link algorithm and source algorithm are iterative. At
time t + 1, each link l updates its link price pl according to:

(6)
(7)

•

3) Communicates new price pl (t+ 1) to all the sources
whose path Rs,i contains link l.
Source s’s algorithm:
At time t = 1, 2, . . ., source s:
1) Receives from the network the path prices
prs,i (t) = max pl (t)
l∈Rs,i

for all its paths Rs,i , i = 1, 2, . . . , ns .
2) Updates the path rate xs,i (t + 1) and the source rate
xs (t + 1) using Equation (4) and (5).
3) Computes the new lower bound and upper bound
price α(t + 1) and β(t + 1) for the next step
according to Equation (6) and (7).
4) Communicates the new flow rate xs,i (t + 1) to all
the links which contained in paths Rs,i .
As we know, for multipath networks, the set of feasible
path rates xs,i may not be unique, such that the first-order
Lagrangian algorithm usually oscillates. In order to eliminate
this undesirable effect and further improve the convergence
speed, we introduce another augmented variable xs,i , called
the optimal estimation of path rate xs,i . Borrowing the concept
of low-pass filtering, we slightly modify Equation (4) as
xs,i (t + 1) =

xs,i (t + 1) =

[(1 − γ)xs,i (t) + γxs,i (t)
1
+γ(
+ αs (t) − βs (t) − prs,i (t))]+
Us (xs (t))
(1 − γ)xs,i (t) + γxs,i (t).
(9)

By applying the filtering theory, at optimality, xs,i =
xs,i (t + 1), so that the augmented variable is only used to
remove the oscillation without changing the optimal solution
of xs,i . It is clearly figured out by the simulation in Section IV.
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l1

B. Utility Max-Min Fairness

xs,i (t + 1) = [xs,i (t) + γ(

1
− prs,i (t))]+ .
Us (xs (t))

D1

D3

S1

Recalling Definition 1, the interested region of the source
rate is [ms , Ms ]. The associated utility for the source rate
outside this region is scaled to 0 or 1. In this scenario, the
lower bound and upper bound price (α and β) are both equal
to 0. The path rate algorithm of Equation (4) simplifies to

D2

l2

l4

S2

l3

S3

D4
S4

Fig. 2.

The network topology

(10)
1

From Equation (10), it is observed that either Us (x1s (t)) =
∗
prs,i (t) or xs,i (t) = 0 at convergence. If we define prs =
1
Us (xs (t)) for every source s, the latter case can be interpreted
in another way, i.e., when the path price prs,i (t) is greater than
∗
prs , this particular path is too “expensive” to carry any flow
(xs,i (t) = 0). The above fact establishes Theorem 1.
Theorem 1: For multipath communication networks, in
steady state, the prices on paths Rs,i that carry positive flows
xs,i > 0 must be minimum, and hence equal, among all the
paths Rs of source s. Moreover, the optimal source rates are
given by

Us (Ms ) !
X
1
∗
∗
−1
xs =
xs,i = Us
prs∗ Us (ms )
∗
∗

0.9
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Utility
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Fig. 3.

4
6
Allocated bandwidth (Mbps)

8
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Source utility functions

Rs,i ∈Rs

and xs,i = 0
[z]ba

if prs,i > prs

∗

∗
Rs,i

has the minimum
where
= max(a, min(b, z)), path
∗
∗
path price prs,i = prs , and Rs∗ defines the set of all minimum
∗
price paths Rs,i
of source s.
From this theorem, it is clear that in steady state, the
∗
associated utility Us of source s is equal to pr1∗ when prs ∈
s
1
, 1 ], otherwise, it attains a utility Us (ms ) which
[ Us (M
s ) Us (ms )
is greater than pr1∗ for minimum rate requirement (which
s
cannot be decreased anymore due to QoS requirement), or
a utility Us (Ms ) which is less than pr1∗ for maximum rate
s
requirement (which needs not to be increased any further).
For this reason, here we only consider the resource allocation among the sources who attain a normal utility Us∗ = pr1∗ .
s
Let Sl be the set of sources which have at least one path
traversing link l. We first select the link with the highest
link price in the network. Suppose it is link l1 and its link
price is pl1 , then all the sources s ∈ Sl1 attain the same
utility Us = 1/pl1 , which are the smallest allocated utilities
compared with other sources. If there is a source s ∈ Sl1 that
increases its utility Us by increasing the transmission rate xs ,
then there must be another source s0 ∈ Sl1 to decrease its rate
xs0 and further decrease its utility Us0 which is equal to Us .
This violates the law of utility max-min fairness.
Next, we select the link l2 with the second highest link price
pl2 . Then all the sources s ∈ Sl2 \ Sl1 have the same utility
Us = 1/pl2 . If there is a source s ∈ Sl2 \ Sl1 that increases its
rate and utility, then there must be another source s0 ∈ Sl2 to
decrease its rate which already has a lower utility Us0 ≤ Us .
This again violates the utility max-min fairness.

Continuing in this way, selecting all the links with positive
link price, it is concluded that all the source allocation rates
are utility max-min fair and global fairness is achieved.
IV. SIMULATION RESULTS
In this section, we evaluate through simulations the performance of our proposed utility max-min fair flow control algorithm for multipath communication networks. Fig. 2 depicts
the topology of the network. It consists of four unidirectional
links labelled l1 , l2 , l3 and l4 with capacities c = (4, 6, 8, 10)
in Mbps and shared by 4 sources S1 , S2 , S3 and S4 . S1 with
a total rate of x1 uses the paths: l1 with rate x1,1 and l2 with
rate x1,2 . S2 with a total rate of x2 uses the paths: l2 → l4
with rate x2,1 and l3 → l4 with rate x2,2 . S3 with a total rate
of x3 uses the paths: l3 with rate x3,1 and l1 with rate x3,2 .
S4 with a rate of x4 uses a single path: l4 with rate x4,1 i.e.
x4 = x4,1 .
The utility function of each source is given as: U1 (x1 ) =
1/(1 + e−2(x1 −4) ), U2 (x2 ) = log(x2 + 1)/ log 11, U3 (x3 ) =
1/(1 + e−2(x3 −6) ) and U4 (x4 ) = 0.1x4 . All the sources have
their maximum rate requirement at 10 Mbps. Fig. 3 illustrates
these utility functions. The logarithmic utility function represents an elastic data flow application such as FTP whereas the
sigmoidal function approximates the real-time application. The
linear utility function corresponds to the application whose
satisfaction increases linearly.
In the simulation, we run the original algorithm with γ =
0.2. The simulation results are given in Fig. 4. As expected,
the oscillation is observed, which motives the modification
replacing Equation (4) with Equation (9) in the algorithm.
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Fig. 5 shows the behavior of the modified algorithm. S2 and
S4 share the bottleneck link l4 (p4 = 1.5671) with source
rate (3.6188, 6.3812). Both achieve a utility U = U2 = U4 =
1/p4 = 0.6381. S1 and S3 then equally share the remaining
“cheaper” network resource (p1 = p2 = p3 = 1.0125) with a
utility of 0.9877.
This confirms that the flow control algorithm given in this
paper can provide an efficient utility max-min fair resource allocation for multipath communication networks among different applications, moreover, their utility functions (i.e., U1 (x1 )
and U3 (x3 )) may not need to satisfy the critical strictly

concave condition which is required by optimal flow control
approach.
V. CONCLUSIONS
In this paper, we have developed a distributive flow control
algorithm for networks with multiple paths between sourcedestination pairs, and the objective is to achieve the utility
max-min fair resource allocation among completing users. We
have shown that in steady state, the algorithm does meet
the goal for all choices of utility functions. It leads to a
very desirable result. The utility max-min fair flow control
algorithm presented in this paper only requires that each source
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utility function is positive, strictly increasing and bounded
over the bandwidth. It is more suitable for practical networks
where the QoS utility functions of real-time applications
usually do not satisfy the strict concavity condition that is
strongly desired by the standard optimal flow control approach.
Furthermore, the simulation reveals that the means we have
taken to speed up the convergence and remove the oscillation
effect in multipath networks is effective. For our future work,
the dynamic behavior such as stability will be studied and
analyzed.
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Abstract- We investigate the impact of retransmissions on the
HDTV video packet loss ratio over a network in which video
packets are at the risk of getting lost due to buffer overflow. The
use of retransmissions in these circumstances is a mixed blessing.
On the one hand, retransmissions add to the packet sending rate
associated with each video flow, which increases the original load
on the network, resulting in a higher buffer overflow probability.
On the other hand, retransmissions allow for the recovery of lost
packets, which alleviates the bad video quality due to buffer
overflow. We find in this paper that the beneficial effect of basic
retransmission strategies vastly outweighs the detrimental effect
caused by the load increase.
I. INTRODUCTION
Conceptually a packet-based network transporting video
often has a tree structure as illustrated in figure 1 [1]. In its
simplest form it consists of 1) a common link between an
ingress node (in which the video flows are injected) and a fanout node, and 2) individual links from the fan-out node
towards each individual user. For video flows transported
over a packet-based network it is of paramount importance
that the Packet Loss Ratio (PLR) over the network be kept as
low as possible as each packet that does not reach a user
translates in an unappreciated visible distortion on the user’s
display.

Video
source

Ingress node
with buffer

common
link

Fan-out
node

user 1
user 2

user M

Fig. 1: Tree structure of a typical packet-based network.

In previous work [2] we concentrated on controlling the
impact of packet loss that occurred beyond the fan-out node
(i.e., the last mile link and the home network), where the
packet loss was due to noise phenomena during transport. In
this paper we focus on the packet loss on the common link
between the ingress node and the fan-out point. Generally
speaking the latter link is free of transport errors. However,
since this link needs to transport the packets of all individual
video flows destined for different users there may be some
contention in the ingress node. Indeed, the arrival of the

packets of the aggregate of all video flows in the ingress node
is governed by a random process, and it may happen that a
packet arrives at the same time an earlier packet is being
transported. To deal with this kind of contention, the ingress
node must be equipped with a “First In First Out” (FIFO)
buffer that temporarily stores packets awaiting transport over
the common link [3]. In practice, such buffer always has a
limited storage capacity, which implies that an arriving packet
can encounter a full buffer. When this happens, the packet
will simply be discarded at the buffer (i.e., it gets lost), which
will (if this is not corrected) be experienced further
downstream by some user(s) as a visible distortion.
In this paper we examine whether or not retransmissions
[4,5] can alleviate the packet loss problem in a video stream
caused by buffer overflow in the ingress node. For that
purpose the video packets received by a user are temporarily
stored for a certain period before they are played out. This
gives the receiver ample time to detect that a packet is lost
(because it did not arrive and the following packet did) and to
ask the video source for a retransmission via a Negative
ACKnowledgment (NACK). In this way, each packet that is
lost due to buffer overflow is retransmitted and a second (or
even third) attempt is made to get it (over the ingress node) to
the receiver. The drawback of this strategy, however, is that
retransmissions introduce an overhead bit rate, which
increases the overall load in the ingress buffer – and the
attendant packet loss due to buffer overflow – vis-á-vis the
classical system without retransmissions. Moreover, an
additional delay is introduced (due to the fact that packets
need to be temporarily stored at the receiver side), but in an
IPTV system this hardly matters.
So, in summary, although retransmissions provide us with
a means to fight packet losses due to buffer overflow, it
backfires as it results in an increase in buffer load and a
concomitant increase of the PLR owing to overflow. The
pivotal question is now how these two influences work out
together. Put another way, we would like to know whether or
not the overall impact of retransmissions is beneficial or
detrimental. The aim of this paper is to sort this question out.
In Section 2, we give the mathematical framework used to
evaluate the retransmission-loading trade-off that is central in
this paper. Section 3 presents the results of the evaluation
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II. RETRANSMISSIONS AS A MEANS TO COUNTER BUFFER
OVERLOAD

As explained in the introduction, the impact of
retransmissions on a buffer system is twofold. On the one
hand, it increases the load, which leads to a higher probability
of buffer overflow. But on the other hand, retransmissions
make it possible to recover lost (erased) packets. We quantify
the impact of both effects in the following sections, after we
have justified the simplifying assumptions we made.
A. System under study
In the system at hand, users receive a video flow over a
network with a tree topology as illustrated in figure 1. All
packetized video flows are fed into an ingress node, travel
over a common link towards a fan-out node and are further
transported over an individual link towards the end-user. At
the receiver side the video packets are retained for some
period before they are played out in order for the receiver to
ask for one or more retransmissions. We focus on High
Definition Television (HDTV) quality requiring a bit rate of
about 7.6Mb/s [6]. With the usual payload size of (7x188=)
1316 bytes, this results in a packet rate of about 720 packets/s
[7]. The Round Trip Time (RTT) between receiver and
HDTV encoder (the sum of the delay from receiver to HDTV
encoder and back) is typically below a few 10s of ms. If the
RTT is larger a dedicated retransmission buffer can be
implemented close to the ingress node.
As we do not concentrate on the individual user links in this
paper, we assume that they are error-free. To determine the
packet loss ratio (PLR) in the ingress node buffer, we rely on
a M/D/1/L queueing model [3]. This so-called Kendal
notation for queues, summarizes the following underlying
assumptions:
- M: a memoryless, i.e., Poisson packet arrival process
- D: fixed service times (i.e., at Q bps, a packet of size L
bits requires about L/Q sec to be transmitted)
- 1: a single outgoing link
- L: a buffer that can hold up to L packets (including the
one being transmitted)
Except for the first one, these assumptions are obvious. The
assumption of a Poisson packet arrival process is a
simplifying approximation that can be justified to some extent
by noting that the packets are generated by a rather large
number of independent variable-bit rate (VBR) video sources,
that each contribute only a small fraction to the total traffic.
There are several ways to determine (or approximate) the
packet loss ratio in such a queue. We opted for a
straightforward numerical approach that consists of two steps.
First, one determines the equilibrium probability mass
function (pmf) of the system occupancy, i.e., the number of
packets in the buffer, as observed at the beginning of a packet
transmission time (i.e., a service time), once transient effects

have died out. This can be done in a recursive way, which
turned out to be numerically stable for the parameter values
we will consider further on. Second, one derives the PLR by
calculating the average number of packets that get lost during
a packet transmission time, taking into account the number of
packets already in the buffer at the start thereof, and weighing
with the probabilities derived in step one.
One can easily show that the PLR is determined by two
parameters only: the size of the system L, and ρ, the so-called
load. The latter, a dimensionless parameter, is given by ρ =
λ⋅D, where λ is the arrival rate of the Poisson process,
expressing the average number of packets arriving at the
system per unit of time, and D is, as before, the packet
transmission time (measured in the same time units as λ). The
load measures how much of the capacity of the system is
requested by the arriving packets. A load of 1.0 indicates that,
on average, as much packets arrive per time unit, as the
system can transmit.
In figure 2 we illustrate the behavior of the PLR due to
overflow
buffer overflow PLRM
/ D / 1 / L as a function of the load ρ and
for various buffer sizes L. From this figure we can see that the
buffer overflow probability curve sharply increases if the load
is increased over the range ρ ∈ [0.5;1], in particular for buffer
sizes L in excess of about 40.
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Packet Loss Rate (PLR)

along with a discussion. And finally in Section 4, we draw our
conclusions.
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Fig. 2: PLR due to buffer overflow in a M/D/1/L buffer system.

B. PLR increase due to overhead
A load increase is, unfortunately, an inevitable by-product
of the introduction of retransmissions. By observation of
figure 2 one can expect a substantial increase in PLR due to
buffer overflow when the load is increased in an M/D/1//L
system, especially for common buffer sizes L around 40. In
fact, when the load in the absence of retransmissions is given
by ρ, the load in the presence of retransmissions will be given
by
(1)
ρ retrans = ρ .E[# ]
where E[#] is the expected value of the number of transmitted
packets per original video packet.
If we apply a retransmission procedure where one copy is
retransmitted for each NACK and where no more than N
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retransmissions are allowed for each original video packet, the
value of E[#] will be given as:

•

N +1

E N [# ] =

∑ n. Pr

(2)

tr + re [ n]

n =1

where Prtr+re[n] is the probability that a video packet is
transmitted (transmission + retransmissions) n times by the
video source. With p the probability that a packet gets lost due
to buffer overflow, we can express Prtr+re[n] as:
(1 − p) p n −1 1 ≤ n ≤ N
Prtr + re [n] = 
 p N
n = N +1

•

(3)

∑ n. p

N

+ ( N + 1) p

N

=

n =1

∑
n =0

1.00E-01

p N +1 − 1
p =
p −1
n

(4)

1.00E-02

Packet Loss Rate (PLR)

N

E N [# ] = (1 − p )

Hence, the load (1) with this retransmission procedure will be
the solution of the following equation:
ρ retrans ( ρ ) = ρ

with p =

values of N.
Although the maximum number of allowed
retransmissions N has a very substantial impact on
the PLR for ρ < 1, the performance of all
retransmission schemes (N = 1, 2, 3, and 4)
converges for ρ > 1.

1.00E+00

which, upon substitution in (2), yields:
n −1

The retransmission strategies result in a tremendous
gain of several orders of magnitude in terms of PLR
for values of ρ < 1. However, when ρ exceeds one,
overflow
PLRretransN quickly converges to PLRM
/ D / 1 / L for all

p N +1 − 1
p −1

(5)

overflow
PLRM
/ D / 1 / L [ ρ retrans ( ρ )] .

1.00E-03

1.00E-04

Conventional system
(without retransmissions)

1.00E-05

1.00E-06

1.00E-07

N=1

1.00E-08

C. PLR reduction with retransmissions
Of course, the overhead introduced by the retransmissions
serves a purpose, which is that it allows for the restoration of
erased (lost) packets. If we assume that the round-trip time
between the video source and the ingress node is sufficiently
high such that there is no correlation in the overflow process
1
between successively retransmitted video packets , the packet
loss rate after the application of the retransmission protocol
explained in the previous section will be:

{

}

overflow
N
PLRretrans
( ρ ) = PLRM
/ D / 1 / L [ ρ retrans ( ρ )]

N +1

(6)

III. RESULTS
Based on the results derived in section II, we can examine
the overall impact of retransmissions on the PLR caused by
buffer overflow in the ingress node. Although the focus of this
paper is on the application of retransmission strategies for
HDTV, we will first present some general results in section A,
while section B will interpret these results in light of the
application for HDTV.
A. General results
Based on the expressions (5), and (6), we can evaluate the
relationship between the load ρ of the original video packets
and the PLR after retransmissions. In figure 3, this
relationship is shown for a common buffer with size L = 40.
We immediately observe the following striking results:

1.00E-09
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0.9
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0.95

N=3

N=4

1

1.05

1.1

1.15

Original load video packets (rho)

Fig. 3: Comparison of PLR with and without retransmissions for L = 40.

The previous two conclusions imply that the increased
performance thanks to retransmissions overcompensates for
the increased PLR due to the increased load, especially for ρ
< 1. Once the original load ρ increases beyond one, there is
only a minor gain that tends to dissipate with increasing load.
Although this observation was made for L = 40, similar
results can be found for other values L ≤ 150. In figure 4, we
show for L ≤ 150 the value of the maximal load ρmax(L) where
the system with a single retransmission (i.e., N = 1)
outperforms the system without retransmission by a margin of
10%, 1% and 0.1%, where this margin ∆ is defined as:
overflow
1
PLRM
/ D / 1 / L ( ρ ) − PLRretrans ( ρ )
∆=
(7)
overflow
PLRM
/ D /1/ L (ρ )
This figure shows that ρmax(L) decreases as L increases.
Nevertheless, the value remains higher than 1 for all
considered values of L. This indicates that the retransmission
strategies are beneficial for all buffer sizes (L ≤ 150) up to
loads in excess of 1.
B. Results for a HDTV system
In the HDTV system described in section II.A, about 720
video packets are transmitted per second per user. As a result,
when the occurrence of packet losses is assumed to be

1

This is a fair assumption since we only consider the case where the total load ρ is
constituted of many sources that each contribute only a small fraction to the total load,
such that many packets of other flows are fed into the buffer between consecutive packets
of one particular video stream. As such, one stream of retransmitted packets “observes”
the queue at time instants far enough apart to consider the packet loss of consecutively
retransmitted packets as statistically independent.
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2

random , the mean time between visible distortions TMTBVD
[h] observed by a user for a given load ρ will be given as
TMTBVD ( ρ ) ≈

1
h
PLR( ρ ).720.3600

(8)

overflow
N
where PLR(ρ) is PLRM
/ D / 1 / L ( ρ ) or PLRretrans ( ρ ) in the

absence, respectively presence of retransmissions.
1.5
1.45
1.4
1.35

load rho

1.3
1.25

Nevertheless, a real-time video stream cannot tolerate too
high a latency. Although the constant time the video packets
are kept in the receiver buffer (in order to allow for
retransmissions) is not that problematic in steady state, this
buffer has to be build up when the user tunes in to the
channel. In that way this latency at the receiver side
contributes to the zapping delay, which should be kept low
enough. This implies that we cannot apply just any
retransmission schedule. Depending on the Round Trip Time
(RTT) between the video source and the ingress node, we
have to restrict the maximum number of retransmissions. In
fact, under the assumption that one copy of the packet is
retransmitted per retransmission event, the maximum allowed
number of retransmissions is the (additional) zapping delay a
user is willing to tolerate divided by the RTT.
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IV. CONCLUSIONS
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Fig. 4: The value of ρmax(L) for ∆ = 10%, 1%, and 0.1%.

The Quality of Experience (QoE) constraint in HDTV is
typically that a user should experience no more than one
visible distortion per day (1 day = 12 hours) [6]. In figure 5
we compare this QoE constraint with the value of TMTBVD(ρ)
for the conventional unprotected system and the systems with
retransmissions (N = 1, 2, 3, and 4) for ρ > 0.85. We notice
immediately that the conventional system is unable to meet
the QoE requirement of HDTV for loads this high. The
systems with retransmissions, on the other hand, do meet the
QoE requirement for loads up to more than 0.92 (N = 1) or
even more than 0.99 (N = 3, 4).
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The object of this paper was to evaluate the impact of
retransmissions on the packet loss ratio due to buffer overflow
in a network transporting video flows. From the evaluation it
was obvious that retransmissions have real merit in fighting
the problem of buffer overflow for a M/D/1/L buffer system.
In fact, they allow for a reduction of the PLR by several
orders of magnitude for video loads in excess of one. This
superior performance allows for the achievement of the QoE
constraint of HDTV up to video loads close to one,
substantially outperforming the unprotected conventional
system. This superior performance is even achieved when no
more than one single retransmission is permitted. Although
the performance can be stepped up further when more
retransmissions are allowed, this higher number of
retransmissions cannot prevent the rather poor performance
(in terms of QoE) at video loads in excess of one.
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Note that in case the packet losses are correlated, these losses will tend to occur in
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Abstract— The popularity and availability of Internet connection have accelarated the emergence of new idea for networkcentric collaborative works. Contending traffic flows in this
collaborative scenario share different kinds of resources such
as network links, buffers, and router CPU. The goal should
hence be overall fairness in the allocation of multiple resources
rather than a specific resource. Moreover, conventional resource
scheduling algorithms depend strongly upon the assumption
of prior knowledge of network parameters and cannot handle
variations or lack of information about these parameters. In
this paper, firstly, we present a novel QoS-aware resource
scheduling algorithm called Weighted Composite Bandwidth and
CPU Scheduler (WCBCS), which jointly allocates the fair share
of the link bandwidth as well as processing resource to all
competing flows. WCBCS also uses a simple and adaptive online
prediction scheme for reliably estimating the processing times
of the incoming data packets. Secondly, we present complexity
analysis, extensive NS-2 simulation works, and experimental
results from our implementation on Intel IXP2400 network
processor. The simulation and implementation results show that
our low complexity scheduling algorithm can efficiently maximise
the CPU and bandwidth utilisation while maintaining guaranteed
Quality of Servie (QoS) for each individual flow.

I. I NTRODUCTION
The popularity and availability of Internet connection has
opened up the opportunity for network-centric collaborative
work that was impossible a few years ago. Different network centric entertainment applications such as networked
online games, multimedia streaming (video and audio) to
heterogenous system in collaborative environment, Networkcentric Music Performance or NMP where Internet is used as
rehearsal room by a number participants [1] etc. are becoming
very popular. Recent development of Internet technology has
opened up new opportunities for enterprises too. Dynamic collaboration service in virtual enterprise scenario where multiple
participants join in a secured audio/video conferencing session
and record and store the whole session for future reference is
one example of collorative work in Enterprise scenario.
Provisioning smart, efficient, dynamic collaborative service
has drawn huge interest from industries and as a result has
become a challenging research issue. Many of these applications in collaborative environment need processing the packet
upon arrival, before transmitting it to the clients ([1], [2]).
Many applications have strict delay bound where as others are
intolerable of packet loss [2]. The best effort Internet, with no

guarantee of network capacity or packet delivery, is a challenge
for the real time interaction required for most of these collaborative services. Efficient resource allocation in such a system
is an important and fundamentally complicated problem. In
order to satisfy QoS requirements of various applications the
node must control the use of network and processing resources
by properly scheduling them. The system must ensure that
all the flows receive their reserved resources while QoS is
also maintained. To ensure this, there must be mechanisms
to give guaranteed bandwidth and computational resources to
incoming flows. However, allocation of bandwidth and CPU
resources are interdependent and maintaining fairness in one
resource allocation does not necessarily entail fairness in other
resource allocation. Therefore, for better maintenance of QoS
guarantees and overall fairness in resource allocations for the
contending flows, the processor and bandwidth scheduling
schemes should be integrated.
A significant amount of work has been done in bandwidth resource scheduling for traditional network. Packet Fair
Queueing (PFQ) disciplines such as WFQ and WF2 Q [3]
provide perfect fairness among contending network flows.
However, WFQ and WF2 Q cannot readily be used for processor scheduling because they require precise knowledge of
the execution times for the incoming packets at time of their
arrival in the node. Moreover, the work complexity of these
algorithms are O(N ), where N is the number of flows sharing
the link. Another PFQ algorithm for bandwidth scheduling
is Start-Time Fair Queueing (SFQ) [4], which does not
use packet lengths for updating virtual time, and therefore
seems suitable for scheduling computational resources (since
it would not need prior knowledge of the execution times
of packets) [4]. However, the worst-case delay under SFQ
increases with the number of flows and it tends to favor
flows that have a higher average ratio of processing time per
packet to reserved processing rate [5]. One algorithm called
deficit round robin (DRR) achieves fair scheduling with O(1)
complexity. But it is used only for link bandwidth scheduling.
A large amount of work has also been done on CPU
scheduling [6], [7], but most of them are on CPU scheduling
for end systems and work on task level (not on packet level).
Moreover, the execution times of various applications on packets are not known in advance, thus constraining efficient and
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fair processor scheduling algorithms, which in turn limits the
applicability of well-known bandwidth scheduling algorithms
and also makes explicit or implicit admission control at the
flow level more difficult.
Pappu et al. [5] presented a processor scheduling algorithm for programmable routers called Estimation-based Fair
Queueing (EFQ) that estimated the execution times of various
applications on packets of given lengths off-line and then
scheduled the processing resources based on the estimations.
Fixed values of the estimation parameters measured off-line
may not always produce good estimations due to variation
in server load and operating system scheduling. Galtier et
al. [8] proposed a scheme to predict the CPU requirements of
executing a specific code on a variety of platforms. Doulamis
et. al. [9] used least square algorithm to predict task work
load and used this information for resource scheduling in grid
computing. However, all these schemes seem too complicated
to be implemented in routers.
All the scheduling schemes discussed above are designed
to schedule only a single resource, i.e., either bandwidth or
processing resource. Although the determination of execution
times for packets in advance on a programmable or active node
has been identified as a major obstacle in managing processing
resources [8], [5], none of the previous studies provided a
generalized online solution to the problem.
Unlike all the previous works, our work takes an integrated approach and provides a composite scheduler for both
bandwidth and CPU scheduling in order to provide better
QoS guarantees to the contending data flows. In our previous
work [10], [11], we presented a composite bandwidth and
processor scheduler called Composite Bandwidth and CPU
Scheduler (CBCS), which can schedule multiple resources
adaptively, fairly and efficiently among all the competing
flows. Detailed simulation, analytical and experimental work
presented in [10] proves that our novel idea of integrating
the CPU and bandwidth scheduling functionalities within a
single scheduling scheme can provide significantly better delay
guarantees than those achievable through separate resource
schedulers.
Although, CBCS has high efficiency but it was developed only for best effort flows and does not ensure flow
differentiation. In this paper, we present our new composite
scheduling algorithm called Weighted Composite Bandwidth
and CPU Scheduler (WCBCS), which is the extended version
of CBCS to make it suitable for QoS flows. The novelty
of this algorithm is, (1) it schedules multiple resources in
a single algorithm, (2) it employs a simple and adaptive
online prediction scheme called modified Single Exponential
Smoothing for determining the packet execution times. (3) it is
suitable for QoS flows where flows with different reserved rate
are weighted differently, but unlike other scheduling algorithm
of similar capability WCBCS has very low work complexity
(O(1)), making it attractive for implementating in high-speed
routers.
The paper is organised as follows: Section II presents the
proposed algorithm. Section III describes details of the sim-

Fig. 1.

System Model for WCBCS Scheduler.

ulation set-up and analyses the performance of the scheduler
through simulation. Section IV presents some experimental
results and conclusions are drawn in Section VI.
II. WCBCS - W EIGHTED C OMPOSITE BANDWIDTH AND
CPU S CHEDULER
This section describes the WCBCS scheduler and prediction
technique used to estimate the packet processing duration.
A. Online Prediction Process
Since the processing requirement of each packet is not
known apriori, the WCBCS scheduler needs to estimate the
processing duration for each arriving packet. We have investigated several smoothing methods and their suitability
for predicting the processing requirements of the packets.
A detailed analysis, investigations and a comparative performance analysis of the alternatives are discussed in [11]. Our
investigations show that the Single Exponential Smoothing
(SES) technique is well-suited to estimate the execution times
of the packets. SES is computationally simple and an attractive
method of forecasting. SES uses the following equation to
calculate a new predicted value.
Ft+1 = αXt + (1 − α)Ft

where, 0 ≤ α ≤ 1

(1)

where, Ft and Ft+1 are the predicted value at tth and
(t+1)th period respectively. Xt is the actual duration required
to process the packet that arrived at time t, and α is the SES
coefficient which determines the relative weight allocated to
the history and the current estimated sample. In our work,
the SES coefficient, α, was set to 0.4, based on earlier
experimentation, which indicates that a value of 0.4 provides
the most accurate results.
Most of the packets that are processed by today’s routers
can be broadly classified into two categories based on their
processing needs: (a) header processing and (b) payload processing. Header processing application (i.e., IP forwarding)
only requires read and write operations in the header of the
packet and so the processing complexity is independent of the
size of the packets. In contrast, payload processing application
(such as IPSec Encryption, packet compression and packet
content transcoding etc.) involves read and write operations
on all the data in the packet, and therefore the processing
complexity strongly correlates to the packet size [5]. In order
to count for the correlation between the processing costs and
packet sizes, we define a parameter called Scaling Factor
(SF), as: SF = 1 for header processing packets and LLt+1
t
for payload processing packets. Here, Lt , Lt+1 = Length of
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the packet arriving at time t & (t+1) respectively. The scaling
factor is incorporated in the SES estimation as follows:
Ft+1 = SF {αXt + (1 − α)Ft }

(2)

B. Setting up the flow weights
WCBCS schedules guaranteed rate connection by assigning
weight to each flow. Here we describe how the weight was
set for each flow. Let φic and φib are the weights for CPU
and bandwidth for flow i. If rci and rbi are the reserved CPU
and bandwidth for flow i respectively, and rcm and rbm are
the minimum reserved CPU and bandwidth among all flows
ri
respectively. The weights are assigned as below: φic = rmc and
φib =

rbi
rbm .

c

C. Overview of the WCBCS algorithm
We first begin by briefly describing the system model used
in our work. The Resource Manager (as shown in Figure 1)
controls the flow registration and setup (including setting up
weights for any reserved flows based on the reserved rates
of the bandwidth and processing resources) and admission of
each individual packet. The resource manager also estimates
the CPU requirements of an individual flow based on the
feedback received from the processor handler. The scheduler
enqueues them in the corresponding flow queues and dequeues
packets using its composite scheduling algorithm WCBCS,
which takes both the estimated processing time and transmission time of packets into account to decide which packet
to dequeue. After dequeueing a packet, the scheduler hands
the packet to the processor handler object for processing if
required. The processor handler object notifies the Resource
Manager after processing each packet so that the scheduler can
re-estimate the processing times for the new incoming packets.
The processing and transmissions of different packets happen
in parallel in the system, i.e., after processing, the packets enter
into a FIFO queue for transmission to their next destinations,
which is served by a separate thread. The packets that do not
require processing enter directly into the transmission queue
after the scheduler dequeues them from their flow queues.
Packets from each flow are first processed by the processor
and then transmitted to the output link. The joint allocation
of the processing and bandwidth resource is accomplished
by the composite scheduler which selects a packet from the
input buffers and passes it onto the CPU for processing. No
scheduling action takes place after the processing; the packets
processed by the CPU are stored in the buffer between the
processor and the link, and are transmitted in a first-come-first
serve order. The WCBCS scheduler is based on the principles
used in DRR [12] . Further contrary to the single resource
schedulers, WCBCS is designed to schedule both bandwidth
and CPU resources adaptively, fairly and efficiently among all
the competing flows. It succeeds in eliminating the unfairness
of pure packet-based round-robin by maintaining a Credit
Counter to measure the past unfairness. Credit Counter is
similar to the variables Deficit counter used by single resource
schedulers such as DRR [12]. All backlogged flows are stored

in a linked list and the flows are served in a round-robin order
by the WCBCS scheduler. The algorithm uses the following
parameters and equations:
• BW = Bandwidth of the transmission link in Mbps.
k
• EPi = Estimated processing cost of packet k of flow i
in sec.
k
• Li = Length of packet k of flow i in bits.
i
• γ = Resize factor of the packets in flow i.
UL
LL
• ct , ct = Upper and lower limit (respectively) of the
total CPU queue in terms of CPU processing time requirement for all the packets in all the flows.
k
• P tci = the combined processing and transmission cost for
the k th packet of flow i.
M ax
• P tc
= The maximum allowable time slice that a
packet requires to cover both CPU processing and network transmission, amongst all flows (total cost). Therefore,
106 ∗ γ i ∗ Lki
+ EP ki
(3)
P tcki =
BW
• Quantum = A variable that represents a time slice used
to serve packets from each flow queue, which includes
both CPU processing time and network transmission time
(in msec). If wi is the summation of the weights (both
CPU & bandwidth) of flow i and wm is the smallest
summation of the weights among all flows. The Quantum
i
of each flow is calculated as wwm ∗ P tcM ax . Let Q(r)
denote the quantum in round r.
• CC[i] = Credit Counter, a state variable that represents a
time slice for which flow i deserves to be served within
a specific round of scheduling ( in msec). Let CC r [i](r)
represent the Credit Counter for flow i in round r.
On receiving a new packet, the scheduler examines the
header to determine the flow-id, calculates the CPU processing
time using the online prediction scheme discussed earlier and
the resize factor, and then stores the packet in the corresponding flow queue. It may be worth noting that processing of
packets can also affect the sizes of the packets after processing
is completed. To take this packet size change into account for
bandwidth consumption, we define and calculate a resize factor
that is the average packet size after processing for an individual
flow divided by the average packet size before processing for
that flow. The composite scheduler maintains a resize factor
for each flow and its value is updated online.
The WCBCS scheduler continues to monitor the queue
length for all individual flows in terms of the CPU time
requirement and stops accepting packets from a flow if its
L
queue length becomes greater than cU
t[i] . In this case the
scheduler continues to refuse new packets from flow i until
its queue length becomes smaller than cLL
t[i] .
i

Upon initialisation, the Quantum is set to wwm ∗P tcM ax and
the Credit Counter (CC[i]) for all flows are set to zero. The
scheduler continues to serve all non-empty queues within each
round of processing. When it starts to serve a queue within a
round, the Credit Counter is set to Quantum plus the Credit
Counter of the previous round. The scheduler then dequeues
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a packet from the head of the queue and calculates the P tcki
of the packet according to the Eq.(3). It sets the CC[i] to
(CC[i] - P tcki ) and hands the packet to the processor Handler
object for execution. The packet is sent to its next destination
after processing. The scheduler stops serving a queue once the
queue is empty or the credit counter becomes zero or negative.
It may be noted that the CC[i] for a non-active flow (i.e., a
flow having no packets in the queue) is reset to zero.
D. Work Complexity
The work complexity of a scheduler is defined as the
order of time complexity with respect to enqueuing and then
dequeuing a packet for transmission.
Theorem 1: The worst-case work complexity of the
WCBCS scheduler is O(1).
Proof: The enqueue operation consists of determining
the flow at which the packet arrives and adding the flow
to the linked list if it is not already in the list. Both of
these operations are O(1). The dequeue procedure involves
determining the next flow to be served, calculating the credit
counter and removing the flow from the active list. All of these
can be done in constant time, so we can say that dequeue
operation is of time complexity O(1). As the complexity of
both the enqueuing and dequeuing tasks is O(1). it follows
that the work complexity of the WCBCS scheduler is O(1).

III. S IMULATION R ESULTS
This section presents simulation results on the delay characteristics and the fairness properties of the WCBCS scheduler.
We compared the performance of WCBCS with WFQ, which
is well known for its good delay and fairness behaviour and
currently used in the routers.

TABLE I
S ETTINGS FOR I NDIVIDUAL F LOWS
Flow Number
Referenced Application
Data Size
CPU Requirements per data block
Resize Factor

11-20
RC2 Decryption
16 KB
1-3 msec
0.25

21-30
RC2 Encryption
4 KB
1-3 msec
4.0

B. Delay Measurements
Fig. 2 shows the delays experienced by the packets of
MPEG2 flows using WCBCS and separate WFQ schedulers.
The maximum and average delays and the standard deviation
of the delays for all three flows are shown in Table II.
Our results show that WCBCS achieves better delay characteristics compared to separate WFQ schedulers for CPU
and bandwidth scheduling for flows with variable packet size
and CPU requirements. With WCBCS, the worst case delay
is reduced to 16% for MPEG2 and was more or less same
for both RC2 decryption and encryption data flow compared
to the delays achieved using WFQ. Also the average delay
was reduced to 33% for MPEG2 data flow, and was same
for both RC2 decryption and RC2 encryption data flows
compared to the average delays achieved using WFQ. Similar
improvements are observed in the standard deviation achieved
with WCBCS, implying that it provides much more consistent
delay guarantees than that with separate WFQ schedulers.
Note that in our simulation scenario the packet sizes and the
processing requirements varied significantly for MPEG2 flows,
which is typical of real network traffic. The improved delay
performance of WCBCS can be attributed to the fact that the
maximum total cost of scheduling a packet with WCBCS (for
CPU and bandwidth) is lower than the maximum processing
cost of a packet and maximum transmission cost of a packet
with separate WFQ schedulers.
TABLE II
D ELAY M EASUREMENTS
Data
flow

A. Simulation settings
The simulations were performed using the NS2 network
simulator [13] on a PC with 1.7 GHz Pentium M processor
and 1012 MB memory running the Linux operating system
(Ubuntu 5.10). Our simulation model consists of 30 UDP flows
sharing a single processor and a link. The simulation settings
of the individual flows are given in Table I. The output link
capacity was set to 10 Mbps. The simulation was run for
300 seconds and samples were collected at 1-second intervals.
The packet generation rates for all the flows were adjusted
such that the cumulative demand for the CPU and bandwidth
resources were 92% and 94% respectively. This ensures that
the measured delays reflect the performance of the scheduler
and are not affected by large queuing delays. We compare the
performance of WCBCS with an implementation consisting of
separate WFQ schedulers for CPU and bandwidth scheduling.
We assume that the WFQ CPU scheduler uses the same online
prediction scheme SES, used by WCBCS for estimating the
processing duration of each packet.

1-10
MPEG2 Encoder
1.5-24 KB
10-40msec
0.11 -0.36

MPEG2
Decryption
Encryption

Delay using WCBCS (in sec)
Max
Avg
Standard
delay
delay
deviation
1.6
0.2
0.2
0.6
0.1
0.1
0.5
0.1
0.1

Delay using WFQ (in sec)
Max
Avg
Standard
delay
delay
deviation
1.92
0.3
0.3
0.4
0.1
0.29
0.5
0.1
0.1

TABLE III
FAIRNESS M EASUREMENTS
Data flow

i
wcpu

i
wbw

MPEG2
RC2 Decryption
RC2 Encryption

0.068
0.016
0.016

0.002
0.02
0.078

Utilized CPU Rates
WCBCS
WFQ
0.0689
0.0689
0.0156
0.0156
0.0157
0.0157

Utilized BW Rates
WCBCS
WFQ
0.002
0.002
0.02
0.019
0.078
0.079

C. Fairness Measurements
To evaluate the fairness characteristics, we measure the CPU
and bandwidth utilized by all the flows and compare them with
the reserved rates. The results are summarized in Table III, it
shows that the fairness achieved by WCBCS is better than that
achieved by separate WFQ schedulers.
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(t2−t1)

(t2−t1) 2

= {Dev i

}

(4)

Here, Dev i
is the deviation from the ideal resource
allocation for any flow i. The error in maintaining fairness
in resource allocation for any backlogged flow i for the time
period (t2 − t1) is measure as
(t2−t1)
Erroravg
=

N
(t2−t1)
X
Error
i

i=1

N

200

250

300

Resource utilisation and Error in Fairness

E. Error Calculation
Here we present the analysis of error in maintaining fairness
in resource allocation among contending flows. We measured
the error in maintaining fairness in resource allocation for any
backlogged flow i for the time period (t2 − t1) as:
(t2−t1)

150
Time (sec)

(b) Error

D. Resource utilisation
We measured the CPU and bandwidth utilisations for all the
flows for the entire simulation period. Resource utilisation results for WCBCS and WFQ were comparable (CPU utilisation
was 92% and BW utilisation was 94%). Figure 3(a) shows the
resource utilisation while using WCBCS.

Errori

100

(5)

Here, N is total number of flows. We measured the error (i.e.,
deviation from the ideal situation) as defined in Eq. (5) for all
the flows and the results are shown in Figure 3(b). The average
error for each flow was recorded as 0.0006 using WCBCS. It
proves that using WCBCS the achieved results did not deviate
noticeably from the expected ideal situation.

IV. I MPLEMENTATIONS OF WCBCS ON IXP2400
This section presents implementation details of WCBCS
on IXP2400. We have developed a data plane application for
IXP2400 network processor and have implemented both the
WCBCS and also two sets of separate CPU and bandwidth
schedulers (based on WFQ) on the fast path processing i.e.,
on the microengines. Our application consists of modules for
Packet Rx, Processing, Packet Tx, Queue Manager, and the
Scheduler. Also the Ethernet layer 2 encapsulation is included
in the packet-processing block.
A. Implementation Hardware and Software
The implementation platform consists of a dual boot workstation, an IXP2400 PCI card, and Intel IXA (Internet Exchange Architecture) 3.1 SDK and framework. IXA 3.1 framework also includes a developer workbench or Integrated Development Environment (IDE). The development workstation is
a Linux workstation configured to allow the use of Windows
2000 hosted tools. This functionality is enabled by the use
of VMware (a software that allows PCs to support multiple
operating systems simultaneously) to provide a virtual machine environment. The VMware allows running the IXA SDK
developers Workbench under Microsoft Windows 2000 while
running Linux as the host operating system. The workstation
has Pentium 4, 1.5 GHZ CPU and 512 MB of RAM. IXA 3.1
SDK and framework provide the IXP API libraries and some
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Fig. 4.

WCBCS implementation architecture.

Fig. 5. Separate CPU and Bandwidth scheduler implementation architecture.

application building blocks that can be used for developing
applications for IXP 2400 network processor.
B. WCBCS Implementation Architecture
The implementation architecture of the schedulers is shown
in Figure 4. The scheduler is implemented before the packetprocessing block. The packet Rx microengine receives the
packets and sends an enqueue message to the scheduler via
scratchpad ring 1(SR-1). The scheduler microengine continually reads the enqueue request from SR-1, estimates the
CPU requirements of the packet using the SES estimations
technique, and enqueues the packet info in the SRAM queue.
After dequeuing a packet, the scheduler sends a message
to the processor microengines via a scratchpad ring (SR2). Packet processing code runs on four microengines and
all the microengines read the processing requests from SR2 and process the packets. After processing the packet, the
packet-processing microengines send a message specifying the
CPU consumed and the flow id to the scheduler via another
scratchpad ring (SR-3). After processing the packet, packet
processor microengines send a transmission message to the
transmitter microengine via a scratchpad ring (SR-4).
C. Separate CPU and Bandwidth schedulers
As mentioned earlier, we have also implemented a set of
separate WFQ schedulers for scheduling CPU and bandwidth
separately on the IXP2400 processor in order to evaluate the
performance of the WCBCS scheduler compared to using
separate CPU and bandwidth schedulers. Figure 5 shows the
implementation architecture of the separate schedulers.
The messages that pass through the SR-1, SR-2, and SR3 are same as that of Figure 4. Here, after processing the
packet, the processor microengines send an enqueue request to
the bandwidth scheduler via SR-4. After dequeuing a packet,
the bandwidth scheduler sends a transmission message to the
Packet TX microengine via SR-5.
D. Data Structures and Inter-microengines Messages
The communications between different microengines are
done through some pre-defined messages. For each packet
received, packet data are kept in DRAM and packet metadata
(i.e., information about the packet) is kept in the SRAM. The
packet metadata structure has 8 long word members. IXP
library provides macros and functions called dispatch loop
functions to read packet metadata from SRAM and to write
back the metadata into the SRAM. A dispatch loop combines

microblocks on a microengine and implements the data flow
between them. The dispatch loop also caches commonly used
variables in registers or local memory. These variables can be
accessed by microblocks using the dispatch loop macros and
functions. We have used dispatch loop functions to write some
data like total resource requirement for a packet (for WCBCS
scheduler) into a member of the packet meta data in the SRAM
during packet enqueue operation and to retrieve the data back
from the SRAM during packet dequeue operation.
E. WCBCS Implementation Details
We have used microengine local memory for keeping
WCBCS scheduler variable such as Quantum (or credit increment), packet counts for the flows or queues, credit counter
per flow, estimated CPU requirements (per packet per flow)
etc.
The WCBCS scheduler is implemented using 4 threads
e.g., initialisation thread, enqueue thread, dequeue thread, and
CPU prediction thread. After initialisation is completed, the
initialisation thread sends signals to the enqueue, dequeue, and
CPU prediction threads to begin their tasks as they wait on
the initialisation thread’s completion signal.
1) Initialisation: Initialisation thread sets the SRAM channel CSR to indicate that packet based enqueue and dequeue
would be done, i.e., we enqueue and dequeue a full packet
every time. The thread also initializes SRAM queue descriptors (and queue array) and the scheduler variables (e.g., it
initialises the value of quantum, credit counter for the flows,
estimated CPU requirements per flow etc.). After initializing
the scheduler variables, the thread terminates itself so that the
microengine thread arbiter excludes this thread from its list.
2) Enqueue: Figure 6 shows a simplified flow diagram of
works performed within the WCBCS enqueue thread. The
enqueue thread waits for the signal from the initialization
thread before starting its infinite loop. In each turn, the thread
calls an SRAM API (e.g., scratch get ring) to read an enqueue
message from SR-1 and specifies a signal number (as a
parameter to the API call). The thread then swaps out to allow
other threads to run as the SRAM read operation would take
some time. After receiving the control back, the thread checks
the presence of the signal (i.e., checks whether the enqueue
message read operation is completed or not. Once the enqueue
message is read, it checks the validity of the enqueue message
as there may not be any message in the ring.
If the thread receives an invalid message, it does context
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Fig. 6.

Flow diagram of the WCBCS enqueue thread.
Fig. 7.

swap and then goes for the next turn. The third LW of packet
metadata contains the packet size field. So, if the enqueue
message is a valid message, the thread reads the third LW of
the packet metadata from the SRAM using another API (e.g.,
sram read) and extracts the packet size for calculating the total
resource requirement (i.e., both the CPU and bandwidth) for
the packet. The CPU requirement data is taken from the global
variable (per flow), which is constantly updated by the CPU
prediction thread. The calculated total resource requirement
is used by the dequeue thread for scheduling purposes, and
therefore it needs to be stored. We decided to use 7th LW of
the packet metadata to store this scheduler data.
The enqueue thread calls an SRAM API (e.g., sram write)
to write back the resource requirement data to the SRAM
and specifies a signal number. While the write operation is in
progress, the thread calls another API to enqueue the packet
info in the SRAM queue corresponding to the flow-id. It may
be mentioned that the enqueue is done using the packetNext
pointer (calculated using the sopBufHandle member of the
enqueue message). The thread increments the packet count
for the queue and waits for the SRAM write operation to be
completed. The thread then does a context swap and goes for
the next round.
The total resource requirement (RR) for the incoming
packets is calculated in nano seconds (ns) using the following

Flow diagram of the WCBCS dequeue thread.

equation.
RR= CPU Cost (ns) + Transmission cost (ns) of the packet
= CPU cost (ns) per CPU Cycle ∗ Estimated CPU Cycles
Requirement + Transmission cost per byte (ns) ∗ Packet size
in Bytes.
It should be mentioned that, each microengine has clock
frequency of 600 MHZ i.e., 600 millions cycles per sec.
Therefore, CPU cost (ns) per CP U Cycle = 35 ns. For a
100 Mbits network interface, the transmission cost per byte
would be = 80 ns. Since the microengines do not support
the floating-point calculations, the CPU cost calculation for
a packet is approximated, where the calculation error is less
than or equal to 23 ns. This calculation error or approximation
is quite acceptable as it is tiny compared to the value of RR
and it happens for some of the packets for all flows.
3) Dequeue Thread: Figure 7 shows the simplified flow
diagram of the activities performed within the WCBCS dequeue thread. As shown in the figure, dequeue thread waits for
signal from initialization thread before starting its infinite loop.
In each WCBCS round, the algorithm serves all the active or
backlogged flows (i.e., the flows having one or more packets in
the queue). So for each flow i, the algorithm checks whether
the Queue Count i.e., QC[i] (stored in global variables) is
positive or not. If QC[i] is positive, it adds quantum to
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the value of the Credit Counter of the flow i (i.e., CC[i]),
otherwise it resets the CC[i] to 0 and tries to serve the next
active flow.
While serving flow I within each WCBCS round, the
algorithm checks whether both the CC[i] and the QC[i] are
positive or not. If either of them is 0 or negative, the algorithm
does a context swap (so that other threads get a chance to run)
and then tries to serve the next active flow. Otherwise, the
algorithm calls an SRAM API (e.g., sram dequeue) to dequeue
a packet info from the SRAM queue corresponding to flow
i and it waits for the dequeue completion signal. After the
dequeue, it decrements the queue count for flow i and then
it checks the validity of the dequeued buffer handle (i.e., the
packetNext ptr as enqueued in the enqueue operation). If the
buffer handle is invalid, it does a context swap and then tries
to serve the next packet from the same flow i.
For a valid dequeue of a packet, the code calls another
SRAM API to read the resource requirement (RR, which
is the CPU requirement plus bandwidth requirement in nano
seconds) from the 7th LW of the packet metadata in SRAM (as
it was stored there during enqueue operation) and waits for the
read operation to complete. On completion of the SRAM read,
the system signals the thread and the code then decrements
the CC[i] by the value of RR. The thread then generates a
scheduler-to-processor message and enqueues the message to
the scratchpad ring 2 (SR-2). However, before enqueuing the
message in SR-2, it checks the fullness of the ring using IXP
library API and waits if the ring is full. After sending the
message to the processor, the thread swaps out and tries to
serve the next packet from the same flow i.
The enqueue operation consists of determining the flow at
which the packet arrives and adding the flow to the linked
list if it is not already in the list. Both of the operations are
O(1) operation. The Dequeue procedure includes determining
the next flow to be served, calculating the credit counter,
removing the flow from the active list. All of these can be
done in constant time, so we can say that dequeue operation
is of time complexity O(1). As the time complexity of
enqueuing and dequeuing is O(1)the overall time complexity
of W CBCS scheduler is O(1).
4) CPU Prediction Thread: This thread waits for the signal
from the initialization thread before it starts its infinite loop.
In each turn, the thread calls an SRAM API to read the
processor-to-scheduler message from scratchpad ring 3 (SR-3)
and specifies a signal number to wait on and then swaps out
so that other threads can work while it is waiting for the read
to complete. After reading the message, the thread validates
the message and if it’s a valid message, then it updates
the estimated CPU requirement of the specified flow using
SES estimation technique. The estimated CPU requirements
(per packet) per flow are kept in global variables. Again,
due to unavailability of the floating-point calculations, the
estimations are approximated and the approximations or error
of calculation is less than or equal to 12 cycles while using
alpha value of 0.4 for SES equation.

TABLE IV
E XPERIMENTAL S ETUP
Flow
Number
1, 5, 9, 13
2, 6, 10, 14
7, 16
3, 8, 12
4, 11, 15

CPU Req.
Category
High
Low
Medium
Low
High

Fig. 8.

Bandwidth
Req. Category
Low
High
Medium
Low
High

CPU Req.
(Cycles)
2400 - 3600
78 - 134
1200 - 1800
78 - 134
2400 - 3600

Packet
Size (Bytes)
42 - 48
120 - 127
80 - 88
42 - 48
120 - 127

Experimental system configurations.

V. E XPERIMENTS AND R ESULTS
As mentioned earlier, we have tested the performance of
the WCBCS scheduler against the performance of the implemented separate schedulers. The experiments were performed
by running the code on IXA workbench’s ”Cycle Accurate”
transactor. The port logging options were turned on to log
the packets received and transmitted at the media interfaces.
The logs files produced were used by a custom software tool
(that we have also developed under this project) to analyze the
packet logs and produce the delay results for the individual
flows.
A. Design of experiments
We used 16 flows with varying packet sizes and different
CPU requirements. Four of the flows (e.g., flow 2, 6, 10, and,
14) required IPv4 forwarding and other flows required some
other processing code. Table IV shows the CPU requirements
and packet sizes for each individual flows.
For all the experiments, receive and transmission rates on
the media interfaces were set to 50 Mbps. For system settings,
workbench simulator’s default settings (as shown in Figure 8)
were used.
We created 16 data stream files containing Ethernet frames
and used the Workbench Simulator’s Network traffic assignment functionality (as shown in Figure 9) to inject the data
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for low CPU and high BW scenario, 15% for low CPU and
low BW scenario, and 23% for data flow with medium CPU
and medium BW requirement compared to the delays achieved
using WFQ.
VI. C ONCLUSION

Fig. 9.

Assigning experimental data streams using workbench simulator.

frames during experiments.
B. Experimental Results: WCBCS vs Separate WFQ schedulers
Experiments were performed and packet logs were collected
while using both the WCBCS scheduler and the separate WFQ
schedulers for 16 flows. Then we used our tool to analyze
the logs and produce the delay results. The delay graphs
and the delay summaries for each type of packet flow are
shown below. The results show that the WCBCS provided
superior delay performance. We could not provide any other
kind of performance comparison because of the limitations of
the workbench simulator (which only provides the input and
output port logging options).
TABLE V
D ELAY S TATISTICS U NDER D IFFERENT S CENARIOS (R ESOURCE
R EQUIREMENTS ).

Scenarios
High CPU, High BW
High CPU, Low BW
Low CPU, High BW
Low CPU, Low BW
Med. CPU, Med. BW

Delay using
WCBCS (sec)
Max.
Min.
Avg
delay
delay delay
1.01
0.3
0.61
1.09
0.38
0.68
0.86
0.27
0.55
0.96
0.3
0.58
1.06
0.28
0.61

Delay using
WFQ (sec)
Max.
Min.
Avg
delay
delay delay
1.1
0.31
0.79
1.10
0.4
0.77
1.09
0.4
0.70
1.0
0.28
0.68
1.08
0.5
0.79

Figures 10 and 11 show the delays measured for data
flows using WCBCS and WFQ. Due to space limitation we
present graphs only for two scenarios (for flows with high
CPU and low bandwidth requirement, and flows with low
CPU and high bandwidth requirement), delay behaviour is
similar for other scenarios too. The maximum, minimum and
average delays (measured in ms) for these flows are shown in
Table V. Delay results show that WCBCS achieved superior
delay guarantees compared to WFQ (when used individually
for CPU and bandwidth scheduling) for all the flows.
We ran our experiments for five scenarios (as shown in
Table IV). For all the cases the maximum is worse for separate
WFQ than WCBCS. The results show that using WCBCS, the
average delay was reduced by 10% for flows with high CPU
and high BW, 12% for high CPU and low BW scenario, 21%

In this paper, we present our new composite scheduling
algorithm called Weighted Composite Bandwidth and CPU
Scheduler (WCBCS) which has the following properties: (1)
unlike any other scheduling algorithms presented by other researchers it schedules multiple resources in a single algorithm,
(2) WCBCS employs a simple and adaptive online prediction
scheme for determining the packet execution times. (3) it is
suitable for QoS flows where flows with different reserved rate
are weighted differently, but unlike other scheduling algorithm
of similar capability WCBCS has very low work complexity
(O(1)), making it attractive for implementation in high-speed
routers.
Our simulation and experimental results show that the delay
behaviour of WCBCS is better than WFQ algorithm when
used separately for CPU and bandwidth scheduling specially
in the scenario when flows come with variable packet size
and CPU reuirements. Here it should be noted WFQ can
not be directly used for CPU scheduling (here we used our
prediction scheme), moreover the work complexity of WFQ
is much higher than the work complexity of WCBCS. The
WCBCS algorithm would be very attractive for scenarios
where flows are competing for both CPU and bandwidth
resources. In particular, WCBCS can provide superior delay
guarantees in highly dynamic environments where some or all
flows can carry packets with varying sizes and varying CPU
requirements.
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Abstract—The dynamic topology of mobile ad hoc networks
(MANETs) is caused by node mobility and fading of the wireless
link. Link reliability is often measured by the estimated lifetime
and the stability of a link. In this paper we propose that the
stability of a link can be represented by the time duration in
which the two nodes at each end of a link are within each
other’s transmission range and the fading is above an acceptable
threshold. A novel routing metric, called effective link operation
duration (ELOD), is proposed and implemented into AODV
(AODV-ELOD). Simulation results show that proposed AODVELOD outperforms both AODV and the Flow Oriented Routing
Protocol (FORP).
Index Terms—mobile ad hoc network, MANET, routing metric,
link lifetime.

I. I NTRODUCTION
A mobile ad hoc network (MANET) is characterized by
a dynamic topology which is introduced by node mobility as
well as by channel fading. Shortest hopcount routing protocols,
such as ad-hoc on-demand distance vector routing (AODV)
[1], choose routes which may not last very long. Thus, we
propose to utilize a metric characterizing link stability to
choose the most stable links in the network [2], [3], [4].
Many routing protocols proposing to find more stable routes
can be found in the literature. Route lifetime Assessment
Based Routing (RABR) [5] predicts the link lifetime using
the measured value of average change in received signal
strength over the last few samples. The Flow Oriented Routing
Protocol (FORP) [6] makes use of node movement to predict
the link expiration time, and discover routes. The authors in
[4] propose a probabilistic link availability model, where link
availability is defined as the probability that there is an active
link between two mobile nodes at time T + t given that this
link is available at time T and, in [7], an improved model
using a path reliability metric is illustrated. Two link stability
metrics are proposed to categorize stable links in [8] based
on empirical distributions of link duration and residual link
lifetime.
While most of the existing schemes mainly focus on the
impact of node mobility on link reliability, they have ignored
the channel fading. Multipath fading is one of the primary factors which affects the throughput of mobile ad-hoc networks.
The envelope of the signal in a time-varying fading channel
experiences deep fades when multipath signals are combined

destructively [9], which makes causes high bit error rates and
packet losses. When a link suffers from a fade:
1) if the fade is shallow, or lasts only for a short interval,
it can be combated by physical layer (PHY) techniques,
such as error control coding, or by adopting retransmission schemes in the medium access control (MAC)
protocol in the data link layer, allowing link connection
to continue;
2) if the fade is deep and lasts for a long time, which might
incur a number of continuous packet losses, the link will
be disconnected.
However, in both cases, the channel fading incurs extra
network overhead in the PHY, MAC, or network layer. We
propose to measure the stability of a link by the duration for
which the nodes at the edges of the link are within each other’s
transmission range with no fading. We call this new metric
effective link operation duration (ELOD).
In this paper, ELOD is introduced as a new routing metric to
select links in terms of reliability in a mobile ad hoc network.
The prediction scheme combines node mobility with channel
fading. First, it makes use of node mobility to predict the
link lifetime. Then it combines the link lifetime with the
fading channel statistics to obtain the ELOD. The ELOD
is incorporated into AODV (AODV-ELOD), to improve the
network performance. AODV-EOLD is shown to outperform
both ordinary AODV and FORP.
The layout of this paper is as follows. In Section II we
define the routing metric, ELOD. In Section III we describe
the channel model and the calculation of ELOD. The improved
routing protocol is presented in Section IV. Simulation results
are presented in Section V and in Section VI we draw our
conclusions.
II. E FFECTIVE L INK O PERATION D URATION
Packet propagation in wireless networks suffers from the
long-term (large-scale) fading and short-term (small-scale)
fading. In large-scale fading, the average received signal
strength attenuates with the propagation distance. Small-scale
fading is introduced by multipath and the Doppler effect. In a
flat fading channel, the instantaneous received signal amplitude
has a Rayleigh distribution [10]. In Fig. 1 we give an example
of the movements of, and the relative distance between, two
nodes A and B. In Fig. 2 the fluctuations of the received

- 315 -

signal power for node A from node B is plotted, where both
large-scale fading and small-scale fading are included.

located at the edge of each other’s transmission range, will
have a relatively long lifetime with high bit error rate. When
incorporating channel fading, the ELOD for such a link might
not be very high, reflecting the true effectiveness of the link.
III. C ALCULATION THE ELOD
A. Channel Model of the Mobile ad hoc Network
In this paper we assume that the channel for each link is
subject to flat fading. The wireless channel model includes
the effects of small-scale fading and large-scale path-loss. We
assume that the transmit power is fixed and the same for each
node. For a transmission over a distance d, in the presence of
Rayleigh fading, the received signal power Pr is exponentially
distributed with mean Pt d−α [11], where Pt is proportional to
the transmit power and α is the propagation loss coefficient,
typically between 2 and 4. The probability Θ that the received
signal power above a specified threshold Pth is

Fig. 1. Example of movement, VA and VB , and the relative distances between
nodes A and node B at times t1 and t2 .

Θ = Pr{Pr ≥ Pth } = e

−

Pth
Pt d−α

.

(2)

B. Effective Link Operation Duration Estimation

(1)

In this section, we describe how to predict the link operation
duration (ELOD) for a link in a mobile ad hoc network. We
assume all the nodes in the network are equipped with a Global
Positioning System (GPS) to enable them to determine their
current positions and velocities. Assume all the nodes in the
network have equal transmission range R, and the movement
of the nodes is according to a random waypoint model [12],
where each node travels with a fixed speed for a given period
of time. For the two nodes A and B in Fig. 1, with respect
to a stationary Cartesian coordinate system, let (xi , yi ) be the
x-y position for mobile node i, and (vi,x , vi,y ) be its speed
components. We can predict the link lifetime Tf from [6]:
q
−(dx vx + dy vy ) + R2 (vx2 + vy2 ) − (dy vx − dx vy )2
Tf =
vx2 + vy2
(3)
where dx = xB − xA , dy = yB − yA , vx = vB,x − vA,x , and
vy = vB,y − vA,y .
Using the statistics of the channel fading from (2), which is
the probability that a link is not in a fade, we can estimate the
link operation duration D` . However, because of the movement
of the nodes, the relative distance between them is timevarying, which makes Θ vary with node movement. To account
for this random topology, we replace d in (2) with a random
variable Z, denoting the distance between the transmitter and
the receiver. Therefore, the expected value of the probability
E[Θ] can be written as
Z R
Pth
−
E[Θ] =
e Pt Z −α fZ (z)dZ
(4)

The ELOD is actually the total time duration within the
link lifetime in which the received signal power is above a
certain predefined threshold. The introduction of ELOD has
particular benefits for mobile ad hoc networks. For example,
a link composed of nodes with long pause times that are

where dmin is the minimum distance between the two nodes at
the ends of a link during the prediction period, and fZ {z} is
the probability density function (pdf) of the random variable
Z. Because we assume that the speed of a node is constant
during the prediction period, the distance between two nodes

Fig. 2. The fluctuations of the received signal power for node A from node
B, where both large-scale path loss and small-scale fading are included.

Any measure of link reliability should include an indication
of how stable the link is in terms of longevity. When channel
fading is taken into consideration, we propose that the stability
of a link should be represented by the time for which the link
is up, which is not the duration in which the nodes are within
each other’s transmission range, but the one in which the nodes
are within each other’s transmission range with no fading. The
former is defined as link lifetime, Tf , and the latter as effective
link operation duration (ELOD), D` . The relationship between
link lifetime and ELOD is
D` = Tf Pr{link ` in connection during Tf }.

dmin
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should have a uniform distribution. Then, we can determine
fZ {z} for the following distinct cases:
Case 1:if the relative distance between nodes A and B stays
fixed during their movement, the average Θ for the
link during the prediction period is
E[Θ] = e
with dt1

−

Pth
−α
Pt dt1

(5)

q
= d2x + d2y ;

Case 2:if the two nodes only move away from each other
during the prediction period, the pdf of Z is

0,
z < dt1 ;

1
,
d
≤
z ≤ R;
(6)
fZ {z} =
t1
 R−dt1
0,
z > R.
The average Θ for the link in connection is
Z R
Pth
1
−
e Pt z−α dz.
E[Θ] =
dt1 R − dt1
For example, when α = 2,
√
π
[Φ(ρR) − Φ(ρdt1 )]
E[Θ] =
2ρ(R − dt1 )
q
Rx
2
where ρ = PPtht , and Φ(x) = √2π 0 e−t dt;

(7)

(8)

Case 3:if the two nodes first move toward each other, then
apart some time later, the pdf of Z is

2
z < dt1 ;
 dt1 +R ,
1
,
d
≤
z ≤ R;
(9)
fZ {z} =
t1
 dt1 +R
0,
z > R.
The average Θ for the link in connection is
Z dt1
Pth
2
−
E[Θ] =
e Pt Z −α dZ
dt1 + R
0
Z R
Pth
1
−
e Pt Z −α dZ.
+
dt1 dt1 + R
For α = 2,
E[Θ]

=
+

(10)

√

π
Φ(ρdt1 )
(11)
ρ(dt1 + R)
√
π
(Φ(ρR) − Φ(ρdt1 )) .
2ρ(dt1 + R)

Then, for these three cases, we can estimate the ELOD for
a link ` as
D` = Tf E[Θ].
(12)
IV. ROUTING P ROTOCOL WITH ELOD
In this section, we describe how to incorporate the ELOD
into the routing protocol. We implement ELOD in AODV and
call it AODV-ELOD. We define Dr , the ELOD for a path r,
as the minimum ELOD over all links in the path, such that
Dr = min`∈r [D` ]. Using ELOD as the routing metric, we will
obtain paths composed of links with longer durations, free of
fading. However, such a path might have many more hops than

the shortest one. When packet relaying involves more hops,
since the radio channel is shared among neighbouring nodes
in the network, it will increase medium access contention,
interference, congestion, and packet collisions. Therefore, path
length should also be considered when selecting a suitable path
based on stability.
A. Routing Metric
First, we illustrate the impact of path length on network
performance. Assume that there are N nodes in an ad hoc
network which are independently and uniformly distributed in
a rectangular area L2 with length L on each edge. The node
spatial intensity is λ = N/L2 . For a node with transmission
range R, the average number of neighbours is n = λπR2 .
Assume C is the number of connections in the network. Tthe
expected distance
and destination for each
√ between source
√
connection is L3 ( 2 + ln(1 + 2)) [13]. The expected number
of hops H̄ required to deliver a packet can be approximated
as
√
√
( 2 + ln(1 + 2))L
H̄ =
.
(13)
3R
Thus, the maximum number of nodes in the network which
might be involved in packet deliveries is

H̄C, H̄C < N ;
(14)
Na =
N, H̄C ≥ N.
Then, the probability that a node has packets to transmit is
Na /N . In networks using the IEEE 802.11 distributed coordination function (DCF), nodes within each other’s transmission
ranges cannot transmit at the same time. When operating under
heavy traffic conditions (every node always has packets to
transmit), 802.11 DCF provides long term per packet fairness
in single-hop networks [14]. Thus each node in the shared
radio has a probability of 1/n of occupying the channel.
Combining the probability that a node has packets to transmit,
the average node transmission probability is Na /(nN ). For a
transmitting node on an active path, the probability that it can
occupy the channel, or the probability that the channel won’t
be occupied by any of the n − 1 neighbours, is
Na (n − 1)
.
(15)
nN
For transmission over one-hop, q is the average achievable
throughput due to channel access contention. Assume a path is
composed of h hops. The average achievable path throughput
Ψ is

h
Na (n − 1)
h
Ψ = Dr q = Dr 1 −
.
(16)
nN
q =1−

The throughput, Ψ, combines the impacts of ELOD and path
length. In AODV-ELOD, we use Ψ as the routing metric to
select stable paths with higher throughput.
B. The Proposed Routing Protocol AODV-ELOD
We implement the routing metric, Ψ, into routing protocol
AODV-ELOD. The routing path establishment and maintenance procedure of AODV-ELOD is similar to that of AODV.
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During the route discovery stage, before propagating the
RREQ packet to its neighbours, a node will insert its current
location and speed in the RREQ header for the receivers to
calculate the Ψ of the link. The intermediate nodes and the
destination can then determine the Ψ for the route by using
the information in the RREQ packets. A node which receives
a RREQ will forward it further, if the RREQ has a higher
sequence number than any of the previously received RREQs
for an advertised source-destination pair, or if the received
RREQ has the same sequence number as previously received
ones for the same destination, but with a higher Ψ. After the
destination receives a RREQ, it delays for a short while, in
order to obtain as many as possible, then selects the path with
the highest Ψ and feeds a RREP back to the source.
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V. SIMULATIONS
The performance of the proposed AODV-ELOD is compared with that of AODV, and FORP using the network simulator ns-2.30 [15] with Rayleigh fading channel extension [16],
where the handoff scheme in FORP is omitted to focus on the
comparison of the routing metrics. Physical layer parameters
of the Lucent WaveLAN wireless network card [15] is adopted
in the simulations. The radio transmission range is 250m. The
Random waypoint [12] model is used for node mobility. The
medium access control (MAC) protocol is IEEE 802.11 DCF.
All mobile nodes have the same channel bandwidth of 2 Mb/s.
Scenarios for the simulation were configured with an 80-node
10-connection network in a 1500m × 1500m terrain, where the
nodes are uniformly distributed in the network and randomly
move with maximum speed. Each simulation was run for 300s.

Fig. 3.

30

35

40

Throughput comparison under different node mobility.

Normalized routing control overhead

4.8

A. Varying Node Mobility
First, we compare the performance of the routing protocols
in time varying mobility multihop networks. The node maximum speed is increased from 2 m/s to 40 m/s to raise node
mobility. Constant Bit Rate (CBR) sources are used at a rate
of 4 packets per second with a size of 512 bytes and transmit
to randomly chosen destinations.
The simulation results for network throughput, normalized
routing control overhead, average end-to-end delay and route
discovery frequency are shown in Fig. 3, Fig. 4, Fig. 5, and
Fig. 6, respectively. From the figures, it can be seen that
while the network performance for all three routing protocols
decreased with the increased node mobility, the AODV-ELOD
always outperforms the other two routing protocols. FORP has
the worst performance, which is because FORP chooses paths
composed of links with longer lifetimes, but the paths might
include more hops to reach the destination. The increased
hops raises the network interference, contention, and packet
collisions. Under a high mobility environment, long paths
are fragile because any movement of a node on the path
might cause the path to fail. AODV uses shortest hop-count
metric, which makes it tend to select links composed of
nodes that are located at the edge of each other’s transmission
range. Compared with the other two routing protocols, AODVELOD takes account of both link reliability and hop-count.
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Fig. 4. Normalized routing control overhead comparison under different node
mobility.

Moreover, the criterion for link reliability in AODV-ELOD
incorporates node movement with channel fading statistics.
Thus, AODV-ELOD can select paths with shorter length and
more stable links, improving network performance. However,
AODV-ELOD assumes the nodes do not move during the
interval in which the channel statistics are predicted, which
might introduce some prediction errors and reduce the network
performance, especially when the node movement is high (over
25 m/s).
B. Varying Traffic Load
Secondly, we fixed the node maximum speed at v =5 m/s
while varying the packet rate at each source from 1 to 30
packets/second, to evaluate the performance of the routing
protocols with increasing network traffic load. Fig. 7 illustrates
the network packet delivery ratio (PDR), while Fig. 8 shows
the average end-to-end delay for the routing protocols with
varying packet rate. For all of the routing protocols, perfor-
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Fig. 6. Average route discovery frequency comparison under different node
mobility.

mance decreases with increasing traffic load. The performance
degradation is due to the increased interference and congestion
when the network traffic load is increased. We can see that
AODV-ELOD has better performance in terms of PDR and
average end-to-end delay than AODV and FORP. This is due
to the channel-aware metric in AODV-ELOD, which makes the
routing protocol choose long-lasting, high throughput links,
to reduce network failure, increasing network throughput and
decreasing end-to-end delay.
VI. C ONCLUSION
Mobile ad hoc networks are characterized by dynamic
topologies, introduced by node mobility and channel fading. The stability of links should be represented by node
movement as well as channel fading statistics. In this paper,
we propose a new routing metric, effective link operation
duration (ELOD), which is the time during which which
the nodes are within each other’s transmission range with

Fig. 8.
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Average end-to-end delay comparison under varying traffic load.

no fading. We implement the new routing metric in AODV,
taking into account path length, interference, and medium
access contention. Simulation results show that AODV-ELOD
achieves better performance than AODV and FORP over a
range of network performance measures.
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Abstract— Random beamforming is a technique in which each
node in a wireless ad hoc network directs its main beam in
a randomly chosen direction. This paper presents an analytical
method for investigating the effect of random beamforming on the
connectivity of wireless ad hoc networks. We derive analytically
an expression for an effective beamforming gain, which we
use to characterize the impact of random beamforming on the
number of direct connections for an arbitrary node, i.e. the local
connectivity. Our results show that for a path-loss propagation
model, random beamforming improves the local connectivity for a
path-loss exponent α < 3, while it degrades the local connectivity
for larger values of α. The analytical method is validated by
comparison with simulation results.

I. I NTRODUCTION
Beamforming in ad hoc networks has been widely investigated in recent years. Beamforming has been extensively
studied in cellular systems [1], [2] but its application in
wireless ad hoc networks poses unique design challenges
due to the inherent lack of wired infrastructure. Most of the
work in this area is concerned with MAC layer protocols for
use with beamforming antennas [3], [4] and routing using
beamforming antennas [5]. Work has also been done with
regard to neighbour discovery via beamforming [6] and using
beamforming to improve network capacity [7].
Recently there has been a growing interest in the connectivity of wireless ad hoc networks with beamforming antennas. Different beamforming techniques have been proposed
to improve the connectivity of ad hoc networks [8], [9].
The simplest beamforming technique is random beamforming,
which allows each node in the network to direct its main beam
in a direction from a uniform distribution on [0, 2π). It does not
require knowledge about location of neighbouring nodes and is
appealing in terms of practical implementation. The connectivity of ad hoc networks for traditional omnidirectional antenna
transmission in a path-loss and shadowing environment has
been studied using a semi-analytical procedure in [10] and analytically using the concept of effective communication range
in [11]. For the case of beamforming antennas, investigations
are largely limited to simulation based studies. These have
shown that while randomized beamforming can lead to an
improvement in the overall connectivity, it also increases the
number of isolated nodes in ad hoc networks [8], [9]. In [12],
simplifying assumptions about gain patterns of beamforming
antennas are made to analytically derive an expression for node
distribution, which is then used to analyse the connectivity. It is
shown that randomized beamforming can improve or degrade

the overall connectivity of wireless ad hoc networks. However
no insight is provided for its effect on the number of isolated
nodes.
In this paper, we extend the analytical method in [11]
for the case of random beamforming. We derive analytically
an expression for effective beamforming gain, which we use
to characterize the effect of random beamforming on local
connectivity of an ad hoc network. We use the probability
of node isolation as a metric for local connectivity and show
that for a path-loss channel model, random beamforming can
increase or decrease this probability depending on whether the
path-loss exponent α is < 3 or > 3, respectively.
The rest of this paper is organized as follows. The antenna
array and signal model are detailed in Section II. The proposed
analytical method is discussed in Section III and is used to gain
insight into the effect of beamforming on the local connectivity
of an ad hoc network. Simulation results, which validate our
analytical method, are given in Section IV. Finally, conclusions
are drawn in Section V.
II. S YSTEM M ODEL
A. Node Distribution Model
We consider that the nodes in the network are distributed
in a two dimensional space. We use a homogeneous Poisson
point process to model the spatial distribution of the nodes.
The probability mass function of number of nodes X in an
area A, is given by [13]
P (X = x) =

µx −µ
e
x!

(1)

where E[X] = µ = ρA, ρ is the node density and E[·] denotes
expectation. A homogeneous Poisson process can be regarded
as the limiting form of a uniform distribution of X nodes on
an area A, as x and A approach ∞ but their ratio ρ = x/A
remains constant.
B. Antenna Model
We consider a Uniform Circular Array (UCA) of N identical omnidirectional antenna elements, spaced in a circle of
radius a in the xy-plane and located at the origin of a spherical
coordinate system. Without loss of generality, we assume plane
wave propagation. Beamforming is achieved by phase shifting
each antenna element in the array such that its main beam
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Gain patterns of UCA for different number of antenna elements, where the main beam is 90 degrees, from equation (2).

R 2π R π
0

0

| E(θ, φ) |2 sin(θ) dθ dφ

(2)

where φ ∈ [0, 2π) is the angle from the x-axis, θ ∈ [0, π)
is the angle from the z-axis and E(θ, φ) is the electric field
given by
E(θ, φ) =

−8
−10

(c) N = 8

points towards the desired direction. The gain of the UCA
antenna is [9]
G=

2

E0 exp[jka sin(θ) cos(φ − φn ) + jαn ] (3)

In this work, we neglect the impact of interference, i.e. we
assume effective MAC layer protocols. In this case, we can
define a threshold power attenuation, βth , above which there
is no direct connection between the transmitting node and the
receiving node. Therefore the probability of having no direct
connection, with node separation d, is given by


dα
≥ βth
P (β(d) ≥ βth ) = P
GT GR
= P (dα ≥ (βth )(GT GR ))

where E0 is the electric field pattern of the omnidirectional
antenna, k = 2π/λ, φn = 2πn/N , and αn is the phase shift of
the nth element. For the conventional cophasal excitation [14]
αn = −ka sin(Θ0 ) cos(Φ0 − φn )

(4)

where (Θ0 , Φ0 ) are the desired angles of the main beam. For
two dimensional space, i.e. the xy-plane, Θ0 = π2 . Substituting
(4) and (3) into (2), we can calculate the antenna gain for a
UCA for any azimuthal angle φ and main beam direction Φ0 .
The gain pattern of a UCA with different numbers of
antenna elements is shown in Fig. 1. The main beam direction
in all plots is set to Φ0 = 90◦ . We can see that the antenna
gain in the main beam direction increases linearly with the
number of antenna elements N . The maximum gain always
stays around N . However the average gain in other directions
does not increase with increasing N and the shape of the side
lobes changes significantly.

1

1

= P ((βth ) α (GT GR ) α ≤ d)
= P (R ≤ d)

n=1

1
α

where the random variable R = (βth ) (GT GR ) is referred
to as the effective communication range [11].
For the case of the deterministic path loss model considered
in this work, the effective communication range indicates the
maximum separation that a pair of nodes can have with the
ability to communicate with each other. The effective coverage
area of a node can thus be considered as a disk with radius
E[R2 ], centered at the node [11].
D. Local Connectivity
The local connectivity of the network can be measured by
the node degree D, which is the number of direct links that a
node establishes. It has been shown that the node degree follows a Poisson distribution with parameter µ = ρπE[R2 ] [11].
Hence using the property of the Poisson distribution, the
expected value of the node degree is given by [13]
E[D] = ρπE[R2 ].

C. Signal Model
We consider the large scale path loss model to determine
whether or not there is a connection between two given nodes.
Suppose that a node transmits a signal with power PT . The
received signal power at a distance d is given by [15]
PR = C

1
GT GR PT
dα

PI


λ 2
,
4π

α

β(d) =

PT
d
=
PR
G T GR

(6)

(8)

An important metric for measurement of local connectivity
is probability of isolation. It is defined as the probability that
a randomly chosen node does not have a connection to any
other node. For a homogenous Poisson process, the probability
of isolation is given by

(5)

where C =
GT and GR are the antenna gains of
transmitting node and receiving node, given by (2).
Suppressing the constant C, the overall power attenuation
can be expressed as

(7)

1
α

=
=
=

exp{−E[D]}
exp{−ρπE[R2 ]}
n
h
io
2
2
exp −ρπ(βth ) α E (GT GR ) α .

(9)

From (9), we see that the effect ofhbeamforming
i can be
2
expressed as a multiplicative factor, E (GT GR ) α . We call
it the effective beamforming gain.
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III. T HEORETICAL A NALYSIS
In this section, we discuss our proposed method for calculating the effective beamforming gain for random beamforming.
This then allows us to investigate how the use of random
beamforming improves the local connectivity of a randomly
chosen node in the network.
In the random beamforming scheme each node in a wireless
ad hoc network directs its main beam towards a randomly
chosen direction. Figure 2 shows a pair of transmitting (TX)
and receiving (RX) nodes in a random beamforming scenario.
The arrows indicate the main beam directions and all angles
are measured with respect to the x-axis. The model parameters
shown in the figure are defined as follows:d = distance between the TX and RX nodes;
φ = relative angle of RX from TX, with respect to the
x-axis;
ΦT = main beam direction of TX node;
ΦR = main beam direction of RX node;

Fig. 2. Relative positions of a transmitting and receiving node pair in random
beamforming scenario.

In this scenario, the antenna gains depend on the main
beam directions and the relative location of the transmitting
and receiving node pair. Since each node randomly chooses a
main beam angle from a uniform distribution, the probability
density function (PDF) of the main beam angle has a uniform
distribution. For uniformly distributed nodes, the direction of
any other node from a chosen node has a uniform distribution
as well. Therefore the angles φ, ΦT and ΦR have the same
(but mutually independent) PDF, being
1
;
γ ∈ [0, 2π)
(10)
2π
Using the above assumptions, the effective beamforming
gain can be expressed as
Z 2π Z 2π Z 2π
h
i
2
1
E (GT GR ) α
=
(2π)3 0
0
0
f (γ)

=

2

(G(φ, ΦT )G(π+φ, ΦR )) α dΦR dΦT dφ
(11)
where GT and GR are the antenna gains of the transmitting
node and the receiving node, given by (2). From (2), (3)

and (11), we can see that the effective beamforming gain for
random beamforming only depends on the number of antenna
elements N and the path-loss exponent α.
There is no closed-form solution for (11), so we evaluate the
effective beamforming gain numerically using Matlab. Table I
summarizes the values of the effective beamforming gain from
(11) for different N and α.
TABLE I
E FFECTIVE B EAMFORMING G AIN FOR R ANDOM B EAMFORMING
( COMPUTED FROM (11))
Path-loss
α
2
2
2
2
2.5
2.5
2.5
2.5
3
3
3
3
3.5
3.5
3.5
3.5
4
4
4
4

No. of antennas
N
4
6
8
10
4
6
8
10
4
6
8
10
4
6
8
10
4
6
8
10

Beamforming
Gain
h
i
2
E (GT GR ) α
1.48
1.51
1.60
1.84
1.12
1.12
1.14
1.24
0.95
0.96
0.96
1.00
0.87
0.89
0.87
0.90
0.82
0.85
0.82
0.85

From (9), it can be seen that the use of beamforming
will improve the local connectivity (i.e. reduce probability
of isolation) if the effective beamforming gain exceeds 1.
Table I shows that the effective beamforming gain decreases
as α increases. For example for α = 2 (i.e. free space
propagation environment), the gain for random beamforming
with 4 antenna elements is 1.48 but decreases to a value less
than 1 for α > 3 (i.e. an urban propagation environment).
This suggests that random beamforming will lead to higher
probability of isolation in urban areas (with α > 3), compared
to the case of a single omnidirectional antenna (gain =1).
It can also be observed that the effective beamforming gain
is relatively constant with increasing N for α ≥ 3. This
suggests that for α > 3, adding extra antenna elements in
the antenna array will not lead to proportional improvement
in the local connectivity. This can be intuitively explained as
follows. From Fig. 1 it can be seen that the antenna gain
increases linearly with number of antennas, but doesn’t change
much in width after about N = 6. So, as N increases, the
maximum possible distance between a communicating node
pair increases as well. As a result, the number of direct
links to any chosen node in the direction of its main beam
would increase. However, the attenuation is exponential with
increasing path-loss exponent. So, after α = 3, the attenuation
dominates, making any increase in communication distance
due to antenna gain ineffective.
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(a) βth = 30dB, N = 4

(b) βth = 50dB, N = 8

Fig. 3. Probability of node isolation in ad hoc networks with and without random beamforming. Analytical results for the random beamforming case are
from (9) and Table I

IV. R ESULTS
A. Model Validation
Simulations are carried out in Matlab in order to verify
the theoretical results. In the simulations we distribute nodes
uniformly on a square of area 200,000 m2 . To eliminate border
effects, we compute the local connectivity for nodes located
on an inner square of 125,000 m2 . The probability of isolation
is calculated as the statistical average of fraction of isolated
nodes in the subnetwork as


No. of isolated nodes
PI = E
.
(12)
No. of nodes
Fig. 3 shows the results for the probability of isolation for
both random beamforming and (reference) single omnidirectional antenna scenarios. The theoretical results for probability
of isolation are calculated by substituting the values of effective beamforming gain from Table I in (9). Different numbers
of antenna elements and thresholds are used in the scenarios
shown in Fig. 3(a) where N = 4, βth = 30dB and Fig. 3(b)
where N = 8, βth = 50dB. We can see that the simulation
results are in excellent agreement with the theoretical results,
which validates the proposed model.
B. Effect of Random beamforming
In Fig. 3(a), the use of beamforming reduces the number of
isolated nodes for small path-loss exponents α. The improvement is noticeable when α = 2. For example, the probability
of isolation in the omnidirectional scenario is 0.2 at a node
density of 0.0005, whereas the probability of isolation in the
random beamforming case is only half of this, i.e. 0.1 at the
same density. The opposite effect is shown in Fig. 3(b), where
α > 3, e.g. for α = 4 the increase in value of probability of
isolation by utilizing beamforming is about 0.05. These trends
are in perfect agreement with the analytical insights provided
by the proposed theoretical model discussed in the last section.

V. C ONCLUSION
In this paper, we have proposed a novel theoretical model
for analysis of random beamforming in wireless ad hoc
networks. We have defined an effective beamforming gain
to characterize the effect of random beamforming on the
local connectivity. The calculated values of the effective
beamforming gain provide insights into the effects of random
beamforming on local connectivity of ad hoc networks. It
has been shown that random beamforming improves the local
connectivity for α < 3, while it degrades the local connectivity
for α > 3. In addition for α > 3, increasing the number of
antenna elements does not lead to any significant improvement
in the local connectivity. Simulation results have also been
presented which validate the proposed theoretical model.
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Abstract— This paper considers flow control and resource allocation problem as applied to multipath communication networks.
We propose a novel distributed algorithm, show and prove that
among all the sources with generic increasing and bounded utilities (no need to be concave) in steady state, the utility max-min
fairness is achieved, which is essential in providing application
QoS (Quality of Service) guarantee. In addition, by combining
a first order Lagrangian method and filtering mechanism, the
resulted approach eliminates typical oscillating behavior for the
multipath network and possesses a rapid convergence property.

I. INTRODUCTION
Current communication network, like the prevailing Internet, has made a great success in providing efficient data
transmission services, e.g., web browsing and electronic mail,
but it is not sufficient to support the increasing demand on realtime services, such as audio, video and multimedia delivery
through the network. These real-time applications usually
have stringent Quality of Service (QoS) requirements, and
are sensitive with allocated bandwidth, time delay and packet
loss ratio, which are generally not easy to be guaranteed in
the TCP based Internet services nowadays. Therefore, future
communication networks are expected to support applications
with various QoS requirements.
To provide a better traffic management in computer networks than the traditional TCP does, an extensive study has
been carried out in the literature. Among them, the most
successful result in the area of network congestion control
and resource allocation is the “Optimal Flow Control”(OFC)
approach proposed by Kelly [1]. This pioneer work was further
advanced by the researches in single path networks [2]–
[8], multipath networks [9], [10] and multirate multicast
networks [11], [12].
The main idea of OFC is essentially the same to formulate
flow control as an optimization problem and then maximize the
total utilities under the network bandwidth constraint. The utility function of the bandwidth associated with each application
mathematically models its QoS performance. Following that,
OFC algorithm is derived by solving the optimization problem
distributively. It consists of a link algorithm to measure the
congestion (link price) in the network and a source algorithm
to adapt the transmission rate according to the feedback
congestion signals. This optimization approach not only leads

to a social utility maximization at the convergence, what is
more important, also the resulting bandwidth allocation in
equilibrium is in a fair manner.
With a popularity to select utility as logarithmic function,
Kelly [1] shows that the OFC approach achieves a proportional
fairness of bandwidth allocation. Using the OFC strategy,
another important fairness criterion called max-min fair allocation [13] (which emphasizes an equal sharing compared with
proportional fairness) is also studied by Mo and Walrand [4]
and La and Anatharam [6]. In their work, the authors use
a family of utility functions to approximate arbitrarily close
to a max-min fair allocation. But the selected utility function
becomes ill conditioned when the max-min fairness is reached,
and the related link prices at congested links either turn to 0 or
diverge to ∞. Thus their max-min fair flow control algorithms
are impractical for engineering purpose. Meanwhile, in order
to deal with different users with different QoS requirements,
Cao and Zegura [14] define a new criterion named utility
max-min fairness and propose an allocation algorithm. In
their approach, the links require the information of utility
functions from all the traversed sources, which makes network
implementation difficult.
Even though the optimal flow control approach has made a
great success in dealing with congestion control and resource
allocation, it also exposes serious limitations as pointed out in
our paper [15].
•

•

At current stage, OFC approach is only suitable for elastic
traffic, where each application attains a strictly increasing
and concave utility function to ensure the feasible optimal
solution and convergence of utility maximization process.
It can not deal with congestion control and resource
allocation for communication networks where real-time
applications are engaged.
In the utility maximization approach, if each user selects
different utility function based on their real performance
requirement, then OFC approach usually leads to a totally
unfair resource allocation for practical use, in particular,
an application with low demand is usually allocated with
a high bandwidth.

On the other hand, multipath communication networks
attract significant attention recently due to scalability and
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robustness. With the help of MPLS technology, even the most
common IP networks, which more or less require single path
routing previously, enable the traffic to split across several
paths. For these reasons, in this paper, we propose a novel distributed flow control algorithm for multipath communication
networks to achieve utility max-min fair resource allocation.
By taking into account of different QoS requirements, the new
flow control algorithm is friendly with both elastic traffic and
real-time applications.
The rest of the paper is organized as follows. In Section II,
we describe and formulate the problem. Section III proposes
the utility max-min fair flow control algorithm. After that, we
present the simulation results to illustrate performance of the
algorithm in Section IV. Finally, the conclusions are drawn in
Section V.
II. PROBLEM FORMULATION
For a practical network application, people may concern
about the bandwidth allocation, but a more important and
direct factor that the application really cares about is the
QoS performance or the utility it achieves in the network.
The utility function of an application is a measurement of its
QoS performance based on provided network services such as
bandwidth, transmission delay and loss ratio. In this paper, we
deal with the utility as a function of the allocated bandwidth
only, which is a common assumption in most optimal flow
control literatures.
As pointed out in the paper [16], the traditional data applications such as file transfer, electronic mail, and web browsing
are rather tolerant of throughput and time-delays. This class
of applications are called elastic applications, and their utility
functions can be described as a strictly concave function as
shown in Fig. 1(a). The utility (performance) increases as
the increasing of bandwidth, but the marginal improvement
is decreased. This class of applications has been well studied
in OFC literatures.
Nowadays due to the development of multimedia technologies, real-time applications, such as audio and video
delivery, become ubiquitous. These applications are generally
delay sensitive and have a strict Quality of Services (QoS)
requirement. Unlike the elastic traffic, they have an intrinsic
bandwidth requirement because the data generation rate is
independent of the network congestion. Thus the degradation
in bandwidth may result in serious packet drops and severe
degradation of the performance. A reasonable description of
the utility of this class applications is close to a single step
function as shown in Fig. 1(b) (solid line), which is convex but
not concave at the lower bandwidths. For some hard real-time
applications, they may require an exact step utility function as
in Fig. 1(b) (dash line).
In this context, we consider a network that consists of a
set L = {1, 2, . . . , L} of links of capacity cl , l ∈ L. The
network is shared by a set S = {1, 2, . . . , S} of sources. Each
source s attains a non-negative QoS utility Us (xs ) when it
transmits at a rate xs ∈ [ms , Ms ] where ms and Ms are
the minimum and maximum transmission rates required by

(a) Elastic

(b) Real−time

U

U

Bandwidth

Fig. 1.

Bandwidth

Utility functions for different classes of applications.

source s respectively. The utility function Us (xs ) is assumed
to be continuous, strictly increasing and bounded (no need
to be concave) in the interval [ms , Ms ]. Without the loss of
generality, it can be assumed that Us (xs ) = 0 when xs < ms
and Us (xs ) = Us (Ms ) when xs > MS .1
Different from single path network, now each source s has
ns available paths or routes from the source to the destination.
Denote the L×1 vector Rs,i the set of links used by source s ∈
S for its path i ∈ {1, 2, . . . , ns }, whose lth element is equal to
1 if and only if the path passes through link l, and 0 otherwise.
Then the set of all the available paths of user s is defined by
Rs = [Rs,1 , Rs,2 , . . . , Rs,ns ]
and the total paths in the network are defined by a L × N
routing matrix R,
R = [R1 , R2 , . . . , RS ]
where N = n1 + n2 + . . . + nS is the total number of the
paths.
For each source s, define xs,i be the rate of source
Pns s on
xs,i .
path Rs,i , and naturally the total source rate xs = i=1
Let

x = [x1,1 , . . . , x1,n1 , x2,1 , . . . , x2,n2 , . . . , xn,1 , . . . , xn,nS ]T ∈ RN
+

be the vector of all path rates of all sources. In order to
formulate the flow control problem, we first define the notion
of feasible (or attainable) path rate allocation.
Definition 1: A path rate allocation x for all available paths
is feasible or attainable if and only if the corresponding total
source rate xs for each source s is within the range [ms , Ms ],
and no links in the network are congested, i.e.:
ms ≤ xs ≤ Ms ,

xs =

ns
X

xs,i , s ∈ S

(1)

i=1

Rx ≤ c,

x≥0

(2)

T

where c = [c1 , c2 , . . . , cL ] is the vector of link capacities.
Since we are considering the different QoS requirements
among network users, it may not be appreciative for the
network to simply share the bandwidth equally as maxmin fairness does. Instead, the network should allocate the
bandwidth to the competing users according to their different
1 For the scalability, it can be further assumed that 0 ≤ U (x ) ≤ 1 and
s s
Us (Ms ) = 1.
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QoS utilities. This motivates the proposal of the criterion of
utility max-min fairness [14].
Definition 2: A source rate allocation is utility max-min
fair, if it is feasible and for each user s, its utility Us (xs )
cannot be increased while maintaining feasibility, without
decreasing the utility Us0 (xs0 ) for some user s0 with a lower
utility Us0 (xs0 ) ≤ Us (xs ).
It is even more complicated in the environment of multipath
networks, where the source rate is made up of constituted
path rates. Our objective is to guide traffic to a feasible path
rate allocation, in such a way that the summing source rate
is utility max-min fair. In other words, each source is treated
in a fair manner and guaranteed high utility performance. In
the following section, we will develop a new flow control
algorithm to achieve utility max-min fairness within a given
multipath network and study its properties in detail.

where
αs (t + 1) = [αs (t) + γ(ms − xs (t))]+
βs (t + 1) = [βs (t) − γ(Ms − xs (t))]+

are the lower bound and upper bound price to restrict the
source rate constraint ms ≤ xs ≤ Ms , and
prs,i (t) = max pl (t)
l∈Rs,i

•

Consider the flow control problem formulated in Section II.
Now, we propose a distributed algorithm that achieves utility
max-min fairness for multipath communication networks.

(3)

where γ > 0 is a small step size, and xl (t) = Rl .x is the
aggregate path rate at link l. Equation (3) implies that if the
aggregate path rate at link l exceeds the link capacity cl , the
link price will be increased; otherwise it will be decreased.
The projection [z]+ = max{0, z} ensures that the link price
is always non-negative.
For each source s, we use the following first-order Lagrangian algorithm to update its ith path rate:
1
+αs (t)−βs (t)−prs,i (t))]+
Us (xs (t))
(4)
and then calculate the source rate:
xs,i (t+1) = [xs,i (t)+γ(

xs (t + 1) =

ns
X
i=1

xs,i (t + 1)

(5)

Link l’s algorithm:
At time t = 1, 2, . . ., link l:
1) Aggregates flow rates xs,i (t) for all paths Rs,i that
contain link l.
2) Computes a new link price
pl (t + 1) = [pl (t) + γ(xl (t) − cl )]+ .

A. A Distributed Utility Based Flow Control Algorithm

pl (t + 1) = [pl (t) + γ(xl (t) − cl )]+

(8)

is the path price, which is the maximum of the link prices
along the particular route. Combining them all together, the
utility max-min fair flow control algorithm for multiple paths
is summarized as follows:
Algorithm

III. UTILITY MAX-MIN FAIR FLOW CONTROL
ALGORITHM

The utility max-min fair flow control algorithm uses the
similar flow control structure as the optimal flow control
approach [3] does, with the help of pricing scheme. There
are three price vectors α ∈ RS+ , β ∈ RS+ and p ∈ RL
+
associated with constraint (1) and (2) (Regard constraint (1)
ms ≤ xs ≤ Ms as two separated constraints xs ≥ ms and
xs ≤ Ms ) respectively. A link algorithm is deployed at each
link to update the link price depending on the severity of link
congestion, and a source algorithm is implemented at each
source edge to adapt the transmission rate based on these three
prices.
Both link algorithm and source algorithm are iterative. At
time t + 1, each link l updates its link price pl according to:

(6)
(7)

•

3) Communicates new price pl (t+ 1) to all the sources
whose path Rs,i contains link l.
Source s’s algorithm:
At time t = 1, 2, . . ., source s:
1) Receives from the network the path prices
prs,i (t) = max pl (t)
l∈Rs,i

for all its paths Rs,i , i = 1, 2, . . . , ns .
2) Updates the path rate xs,i (t + 1) and the source rate
xs (t + 1) using Equation (4) and (5).
3) Computes the new lower bound and upper bound
price α(t + 1) and β(t + 1) for the next step
according to Equation (6) and (7).
4) Communicates the new flow rate xs,i (t + 1) to all
the links which contained in paths Rs,i .
As we know, for multipath networks, the set of feasible
path rates xs,i may not be unique, such that the first-order
Lagrangian algorithm usually oscillates. In order to eliminate
this undesirable effect and further improve the convergence
speed, we introduce another augmented variable xs,i , called
the optimal estimation of path rate xs,i . Borrowing the concept
of low-pass filtering, we slightly modify Equation (4) as
xs,i (t + 1) =

xs,i (t + 1) =

[(1 − γ)xs,i (t) + γxs,i (t)
1
+γ(
+ αs (t) − βs (t) − prs,i (t))]+
Us (xs (t))
(1 − γ)xs,i (t) + γxs,i (t).
(9)

By applying the filtering theory, at optimality, xs,i =
xs,i (t + 1), so that the augmented variable is only used to
remove the oscillation without changing the optimal solution
of xs,i . It is clearly figured out by the simulation in Section IV.
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l1

B. Utility Max-Min Fairness

xs,i (t + 1) = [xs,i (t) + γ(

1
− prs,i (t))]+ .
Us (xs (t))

D1

D3

S1

Recalling Definition 1, the interested region of the source
rate is [ms , Ms ]. The associated utility for the source rate
outside this region is scaled to 0 or 1. In this scenario, the
lower bound and upper bound price (α and β) are both equal
to 0. The path rate algorithm of Equation (4) simplifies to

D2

l2

l4

S2

l3

S3

D4
S4

Fig. 2.

The network topology

(10)
1

From Equation (10), it is observed that either Us (x1s (t)) =
∗
prs,i (t) or xs,i (t) = 0 at convergence. If we define prs =
1
Us (xs (t)) for every source s, the latter case can be interpreted
in another way, i.e., when the path price prs,i (t) is greater than
∗
prs , this particular path is too “expensive” to carry any flow
(xs,i (t) = 0). The above fact establishes Theorem 1.
Theorem 1: For multipath communication networks, in
steady state, the prices on paths Rs,i that carry positive flows
xs,i > 0 must be minimum, and hence equal, among all the
paths Rs of source s. Moreover, the optimal source rates are
given by

Us (Ms ) !
X
1
∗
∗
−1
xs =
xs,i = Us
prs∗ Us (ms )
∗
∗
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Rs,i ∈Rs

and xs,i = 0
[z]ba

if prs,i > prs

∗

∗
Rs,i

has the minimum
where
= max(a, min(b, z)), path
∗
∗
path price prs,i = prs , and Rs∗ defines the set of all minimum
∗
price paths Rs,i
of source s.
From this theorem, it is clear that in steady state, the
∗
associated utility Us of source s is equal to pr1∗ when prs ∈
s
1
, 1 ], otherwise, it attains a utility Us (ms ) which
[ Us (M
s ) Us (ms )
is greater than pr1∗ for minimum rate requirement (which
s
cannot be decreased anymore due to QoS requirement), or
a utility Us (Ms ) which is less than pr1∗ for maximum rate
s
requirement (which needs not to be increased any further).
For this reason, here we only consider the resource allocation among the sources who attain a normal utility Us∗ = pr1∗ .
s
Let Sl be the set of sources which have at least one path
traversing link l. We first select the link with the highest
link price in the network. Suppose it is link l1 and its link
price is pl1 , then all the sources s ∈ Sl1 attain the same
utility Us = 1/pl1 , which are the smallest allocated utilities
compared with other sources. If there is a source s ∈ Sl1 that
increases its utility Us by increasing the transmission rate xs ,
then there must be another source s0 ∈ Sl1 to decrease its rate
xs0 and further decrease its utility Us0 which is equal to Us .
This violates the law of utility max-min fairness.
Next, we select the link l2 with the second highest link price
pl2 . Then all the sources s ∈ Sl2 \ Sl1 have the same utility
Us = 1/pl2 . If there is a source s ∈ Sl2 \ Sl1 that increases its
rate and utility, then there must be another source s0 ∈ Sl2 to
decrease its rate which already has a lower utility Us0 ≤ Us .
This again violates the utility max-min fairness.

Continuing in this way, selecting all the links with positive
link price, it is concluded that all the source allocation rates
are utility max-min fair and global fairness is achieved.
IV. SIMULATION RESULTS
In this section, we evaluate through simulations the performance of our proposed utility max-min fair flow control algorithm for multipath communication networks. Fig. 2 depicts
the topology of the network. It consists of four unidirectional
links labelled l1 , l2 , l3 and l4 with capacities c = (4, 6, 8, 10)
in Mbps and shared by 4 sources S1 , S2 , S3 and S4 . S1 with
a total rate of x1 uses the paths: l1 with rate x1,1 and l2 with
rate x1,2 . S2 with a total rate of x2 uses the paths: l2 → l4
with rate x2,1 and l3 → l4 with rate x2,2 . S3 with a total rate
of x3 uses the paths: l3 with rate x3,1 and l1 with rate x3,2 .
S4 with a rate of x4 uses a single path: l4 with rate x4,1 i.e.
x4 = x4,1 .
The utility function of each source is given as: U1 (x1 ) =
1/(1 + e−2(x1 −4) ), U2 (x2 ) = log(x2 + 1)/ log 11, U3 (x3 ) =
1/(1 + e−2(x3 −6) ) and U4 (x4 ) = 0.1x4 . All the sources have
their maximum rate requirement at 10 Mbps. Fig. 3 illustrates
these utility functions. The logarithmic utility function represents an elastic data flow application such as FTP whereas the
sigmoidal function approximates the real-time application. The
linear utility function corresponds to the application whose
satisfaction increases linearly.
In the simulation, we run the original algorithm with γ =
0.2. The simulation results are given in Fig. 4. As expected,
the oscillation is observed, which motives the modification
replacing Equation (4) with Equation (9) in the algorithm.
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Fig. 5 shows the behavior of the modified algorithm. S2 and
S4 share the bottleneck link l4 (p4 = 1.5671) with source
rate (3.6188, 6.3812). Both achieve a utility U = U2 = U4 =
1/p4 = 0.6381. S1 and S3 then equally share the remaining
“cheaper” network resource (p1 = p2 = p3 = 1.0125) with a
utility of 0.9877.
This confirms that the flow control algorithm given in this
paper can provide an efficient utility max-min fair resource allocation for multipath communication networks among different applications, moreover, their utility functions (i.e., U1 (x1 )
and U3 (x3 )) may not need to satisfy the critical strictly

concave condition which is required by optimal flow control
approach.
V. CONCLUSIONS
In this paper, we have developed a distributive flow control
algorithm for networks with multiple paths between sourcedestination pairs, and the objective is to achieve the utility
max-min fair resource allocation among completing users. We
have shown that in steady state, the algorithm does meet
the goal for all choices of utility functions. It leads to a
very desirable result. The utility max-min fair flow control
algorithm presented in this paper only requires that each source
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utility function is positive, strictly increasing and bounded
over the bandwidth. It is more suitable for practical networks
where the QoS utility functions of real-time applications
usually do not satisfy the strict concavity condition that is
strongly desired by the standard optimal flow control approach.
Furthermore, the simulation reveals that the means we have
taken to speed up the convergence and remove the oscillation
effect in multipath networks is effective. For our future work,
the dynamic behavior such as stability will be studied and
analyzed.
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Abstract— In noisy environments, speech recognition accuracy
degrades significantly. Speech enhancement algorithms have been
designed to overcome this, however solutions to date have not
been optimal for speech recognition especially for non-stationary
noise like that in a car. Recently, a likelihood-maximising (LIMA)
criteria has been applied to speech enhancement techniques.
This paper analyses the suitability of spectral subtraction for
potential use under a modified version of this framework where
direct access to and manipulation of speech recognition models
is not available. Analysis shows spectral subtraction is suited to
this holistic LIMA approach by confirming the cost surface is
appropriate for gradient descent methods. It is also observed
that there are regions on the cost surface where performance
exceeds that achieved by parameter values traditionally selected
for spectral subtraction.

I. I NTRODUCTION
A key challenge of deploying speech recognition in realworld environments is the requirement to perform well in the
presence of high levels of noise. Since most speech recognition
systems are trained for use in controlled environments, they
fail to produce satisfactory performance under more adverse
conditions.
Methods for robust speech recognition include model compensation, use of robust features and recognition algorithms,
as well as speech enhancement. Enhancement is a popular
approach as little-or-no prior knowledge of the operating environment is required for improvements in recognition accuracy.
Popular speech enhancement algorithms (e.g. filter-andsum beamforming or spectral subtraction) have been primarily designed to improve intelligibility and/or quality of the
speech signal without consideration of what effect that may
have on other speech processing systems [1]. Optimisation
in these algorithms is focussed on signal-based measures
including maximising signal-to-noise ratio or minimisation
of the mean-squared signal error. Some of these techniques
produce improvements in word accuracy performance, but
these improvements are by-products, rather than the goals of
the enhancement techniques.
One possible solution to the problem is to use speech recognition likelihoods as the optimisation criteria in the enhancement algorithms. Promising results have been shown in recent
Parts of the work presented here were funded through the Cooperative
Research Centre for Advanced Automotive Technology (AutoCRC).

studies using this approach [1], [2], [3], [4]. In their current
form these techniques require access to the underlying state
models and attempt to jointly optimise both state sequences
and enhancement parameters. This paper proposes a modified
approach in which the speech recogniser can be regarded as a
‘black-box’. This approach removes the need for access to
the recogniser’s acoustic models and a fully decoded state
sequence. The details of this approach and its applicability to
use with spectral subtraction is presented. Spectral subtraction
is chosen for its simplicity and common use in single-channel
speech enhancement applications.
The rest of this paper is presented as follows. Section II
provides background on spectral subtraction speech enhancement. Section III looks at the likelihood-maximising (LIMA)
framework and its application to spectral subtraction. Preliminary experimental results and discussion of the importance of
these results is presented in Section IV.
II. S PECTRAL S UBTRACTION
In a noisy environment, speech s(n) is assumed to be corrupted by additive background noise d(n) to produce corrupted
speech y(n) as follows:
y(n) = s(n) + d(n)

(1)

Equation (1) can be represented in frequency domain as:
Y (ω) = S(ω) + D(ω)

(2)

Generally, an estimate of the magnitude (or power) spectra
of the noise signal D̂(ω) is subtracted from the corresponding
spectra of the noisy signal Y (ω) to give an estimate of the
clean speech signal Ŝ(ω):
|Ŝ(ω)|γ = |Y (ω)|γ − |D̂(ω)|γ

(3)

where γ is the power exponent which equals 1 for magnitude
spectral subtraction or 2 for power spectral subtraction [5]. The
phase component of the noisy speech signal is left unaltered
and is kept for reconstruction into the time domain.
Should the subtraction in (3) give negative values (i.e. the
noise estimate |D̂(ω)|γ is greater than the signal |Y (ω)|γ )
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a flooring factor is introduced. This leads to the following
formulation of spectral subtraction:
(
|Y (k)|γ − |D̂(k)|γ |D̂(k)|γ > |Y (k)|γ
γ
|Ŝ(k)| =
(4)
β|D̂(k)|γ
otherwise
where β is the noise floor factor, and 0 < β ¿ 1 [5]. Common
values for this parameter range between 0.005 and 0.1 [5], [6].
Although common values for γ and β are those noted
above, there is actually no limitation on the values that these
parameters can take. These values are typically used for their
conceptual meanings as opposed to performance. Altering
these two parameters can make considerable difference to the
speech recognition performance of spectral subtraction, as will
be demonstrated in Section 4.
It should also be noted here that in order to derive the
two common rules denoted in (3) two conflicting assumptions
are made. If the clean speech and noise signals are assumed
to be uncorrelated, the power spectral subtraction rule (i.e.
γ = 2) results. Alternatively, if the two signals are assumed
to be co-linear, the equation reduces to the magnitude spectral
subtraction rule. In practice, neither of these assumptions is
valid all the time. This leads to the possibility of optimising
these parameters to best fit the instantaneous relationship
between clean speech and noise signals.
III. LIMA S PECTRAL S UBTRACTION
As mentioned in Section I, in recent studies the likelihoodbased criterion has been used to replace traditional signallevel criteria in speech enhancement algorithms with the aim
to improve speech recognition accuracies. This was seen
to minimise distortion in the effective auditory signal for
recognition purposes instead of the distortion of the speech
waveform [3]. Techniques which maximise the likelihood in
the speech recogniser are referred to as LIMA enhancement
techniques.
The LIMA framework first generates an initial state sequence using the speech recogniser. This sequence is used
to optimise the parameters using a gradient-descent algorithm
– ensuring an optimal set of parameters for the proposed
state sequence. The utterance is decoded again using the
new parameters to generate a new state sequence. This joint
optimisation of both the array parameters and state sequence
continues until the recognition likelihood converges.
Formulated in this manner, it is required to obtain both
frame-by-frame state sequences and access to the model set
in order to perform optimisation in LIMA techniques. This
paper proposes a modification to the LIMA framework aimed
at removing the need for access to state models and state
sequence information – information rarely available when
endeavouring to integrate third party recognition engines in
practical applications. Here, we assume that only access to
full utterance likelihoods and word sequences is available.
Using these two pieces of information, a ”blind” gradientdescent approach can be applied whereby a new set of enhancement parameters are tried and the resulting likelihood

compared to that of the previous iteration. The comparison
directs the correct direction to take.
This method may be seen to be more restrictive than the
original framework as it may require a series of enhancement
and recognition steps in order to determine a valid direction
of optimisation. This is not the case in the existing work as
the optimisation takes place directly on the state sequence.
The modified framework does however ensure no internal
information about the recogniser is required. It may also
remove some of the reliance on the initial state sequence which
is a downfall of the existing framework.
In order to apply the modified (or original) framework to
spectral subtraction the two parameters referred to in Section
II constitute the full parameter set. We denote this set by:
ξss = [γ, β]

(5)

An investigation into the affect of altering this parameter
set is presented in Section IV.
IV. E XPERIMENTAL R ESULTS
To evaluate the suitability of the modified LIMA framework,
two experiments were designed using spectral subtraction as
the enhancement method of interest. The first experiment
investigated the existence of enhancement parameters which
provided superior performance to traditionally selected values
of γ and β in spectral subtraction. The second experiment extends the initial experiment by examining whether a gradientdescent method would still be appropriate for optimising the
enhancement parameter set when only full utterance scores
were available.
Both experiments use speaker-independent, contextdependent 3-state triphone Hidden Markov Models (HMM)
trained using the Wall Street Journal 1 corpus. The models
were trained using 39-dimensional Mel-Frequency Cepstral
Coefficient (MFCC) vectors - 13 MFCC (including C0 ) plus
delta and acceleration coefficients. Each HMM state was
represented using a 16-component Gaussian Mixture Model.
Experimental data came from the phone numbers task of the
AVICAR database collected by the University of Illinois [7].
This database contains real speech recordings under 5 different
driving conditions: idle (IDL), 35mph with windows up (35U)
and down (35D), and 55mph with windows up (55U) and
down (55D). In this way, performance under specific noise
conditions is of interest as opposed to different signal-tonoise ratios. Microphone number 4 of the 8-channel recordings
was utilised. The first experiment included utterances from 61
distinct speakers (30 male, 31 females) and the second used
utterances from 20 speakers (14 male, 6 female).
A. Experiment 1
In order to demonstrate that varying the values of the two
parameters in (5) alters speech recognition accuracy, a number
of recognition experiments were conducted. A selection of
3140 phone number utterances from the test database were
used.
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TABLE I
W ORD RECOGNITION ACCURACIES (%) FOR VARYING VALUES OF SPECTRAL SUBTRACTION PARAMETERS .

Baseline
γ=1.0,β=0.1
γ=1.5,β=0.1
γ=2.0,β=0.1
γ=1.5,β=0.1
γ=1.5,β=0.3
γ=1.5,β=0.5

IDL
75.24
80.70
81.37
81.15
81.37
81.94
80.37

35U
49.95
47.34
51.77
53.92
51.77
57.21
56.86

Values for γ and β were varied in linear increments through
the ranges [1.0, 2.0] and [0.1, 0.5] respectively. Word recognition accuracies for increments of γ by 0.5 and β by 0.2 and
are shown in Table I.
It can be seen from the table that altering the spectral
subtraction parameter values leads to changes in speech recognition performance and that it is possible to locate values of
β and γ which provide better word recognition performance
than those commonly proposed in literature - the accuracy at
β = 0.3 and γ = 1.5 exceeds that achieved when β ≤ 0.1
and γ = 1 or 2. These findings show the potential for spectral
subtraction parameter optimisation under a LIMA framework.
B. Experiment 2
Evaluation of the potential for the modified LIMA framework to find optimal spectral subtraction parameters using
gradient-descent methods was performed using a selection of
250 of the phone number utterances used in experiment 1. The
values for γ and β were varied in linear increments through
the ranges [1.0, 5.0] and [0.1, 3.0] respectively.
Fig. 1 shows a typical surface of recognition likelihood
scores versus variations in γ and β. The general shape of
the surface was observed to be common to all utterances
tested, suggesting that it is utterance, speaker and noiseindependent. We observe that increases in either γ or β
within the ranges specified above leads to an increase in the
likelihood score of the utterance. It can also be seen that
whilst the likelihood surface flattens out considerably, it is
still marginally increasing. From this figure, it is believed that
the likelihood surface may be monotonically increasing, which
is very problematic for gradient-descent optimisation.
To avoid this problematic feature of the cost surface, it is
important to identify which likelihood scores are associated
with correct transcriptions. Region 2 in Fig. 1 depicts the
typical location and shape of the region associated with
correct transcriptions. This region was observed to vary in size
depending on speaker, utterance and noise level. Examples of
the variations associated with noise level are depicted in Fig.
2. As the noise level increases (a-d) the size of the correct
surface diminishes considerably, and changes shape slightly.
This is expected as the increased levels of noise hamper the
speech recogniser.

35D
36.18
37.42
41.16
42.01
41.16
43.84
42.62

55U
41.00
39.62
44.65
46.24
44.65
50.11
48.93

55D
22.35
27.82
29.12
28.66
29.12
29.63
27.59

The results presented indicate that in order for the proposed
modified LIMA framework to perform optimisation, it is
important that the region of correct transcriptions is able to be
identified. Whilst this may appear to be hidden information, we
are aware of several voice control applications where utterance
confirmation is a well established mechanism. Therefore by
collecting user confirmations and associating them with the
utterances of interest, there is sufficient information to perform
the likelihood maximisation for the benefit of future utterances.
V. C ONCLUSION
From the results of the second experiment, we believe that
the modified LIMA framework, which attempts to optimise
enhancement parameters based on whole utterance scores and
without access to state sequences or models, is capable of
being applied to a system using spectral subtraction. This
conclusion is supported through the observation of a smooth
cost surface suitable for gradient based optimisation.
The first experiment demonstrated that in addition to the
proposed framework being able to blindly optimise spectral
subtraction parameters using only utterance level scores, that
there was also the potential to achieve better performance
when the values of β and γ are not constrained to their
traditionally used values.
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Fig. 1. Visualisation of the likelihood surface for varying β and γ. Region 1 is a region of high distortion; Region 2 is the region of 100% accuracy; Region
3 exhibits insufficient speech enhancement to recover in speech recognition.
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Fig. 2. An example of correct utterance region decreasing as noise levels increase. Noise levels in the figures are (a) -40.8dB, (b) -35.0dB, (c) -33.1dB, and
(d) -23.6dB.
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Abstract— The use of speech recognition in automotive environments has received increased attention in recent times.
Unfortunately, evaluations of algorithms designed to improve
recognition performance in this environment have been performed on differing data collections, making results difficult to
compare. In recent years, the University of Illinois released a
large in-car audio and visual data collection known as AVICAR
(“audio-visual speech in a car”) [1]. The AVICAR database is
freely available, but to date no uniform evaluation protocol on
which to perform experiments has been reported. This paper
introduces a speaker-independent, continuous speech recognition
evaluation protocol for the audio data of the AVICAR database.
It is designed to allow for model adaptation, evaluation and
testing using native English speakers. Baseline recognition results
obtained using this protocol are also presented.

I. I NTRODUCTION
The key challenge of deploying speech recognition in realworld environments is the stringent performance in the presence of high levels of noise. Since most speech recognition
systems are trained for use in controlled environments, they
fail to produce satisfactory performance under more adverse
conditions such as in automotive environments.
One of the major limitations in making speech recognition
systems more robust is the ability to collect sufficient amounts
of data on which to train models and perform meaningful
evaluations. The former task often requires hundreds of hours
of work in collecting data and transcribing it. As a result, training acoustic models for the intended operating environment is
often abandoned, and techniques such as model adaptation and
speech enhancement are introduced to improve overall system
performance.
Whilst considerable in-car speech recognition research has
been conducted, the data used for experimentation is often
collected solely for the individual evaluation. This typically
ensures only limited amounts of data are used in the evaluation. It also means that making performance comparisons
between proposed techniques is almost impossible unless all
techniques in question are evaluated on each data set – an
unnecessary and time-consuming process.
To alleviate this issue, the Aurora experimental framework
[2] was introduced. This framework uses a noisy version of a
Parts of the work presented here were funded through the Cooperative
Research Centre for Advanced Automotive Technology (AutoCRC).

large database designed for speaker-independent isolated digit
recognition [3]. Noisy speech was created by artificially adding
various noise sources to clean speech at levels which satisfied
a range of signal-to-noise ratios (SNR). A baseline recognition
system was also documented to provide a common platform
for straightforward comparisons of results.
Although this database has been used extensively to report
and compare experimental results, there are two very important
limitations imposed by this particular framework. Firstly, in
scenarios where noise signals are synthetically added to clean
speech data (as is the case with Aurora), no alteration is made
to the speech waveform. Whilst this ensures various SNRs can
be achieved, it fails to reflect changes in speech production
which occur with increased ambient noise levels. This effect
is known as the Lombard effect and has been shown to be an
important factor in performance of noisy speech recognition
systems [4]. Whilst the presence of the Lombard effect in
modern-day vehicles has yet to be properly confirmed or
rejected, the only way to answer this question is to use speech
collected in a vehicle whilst it is being driven.
The second limitation is the availability of only singlechannel recordings. State-of-the-art speech enhancement techniques (e.g. beamforming or adaptive noise cancellation) use
multiple microphones – therefore the Aurora framework is
unable to be used for evaluation of these techniques. This
makes comparison of algorithms even more difficult, particularly when trying to show performance gains through use of
multiple microphones.
In order to overcome these limitations, a number of large
in-car speech databases have been collected [5], [6]. These
collections contain recorded speech from a large number
of speakers under an extensive range of noise conditions.
Unfortunately, these datasets have been used in few studies
because they are either very expensive to acquire or not
publicly available.
With the release of the AVICAR (“audio-visual speech in
a car”) database from the University of Illinois [1], there
is potential to create a uniform evaluation protocol for incar speech recognition using real in-car speech data. This
database is freely available so there is potential for widespread
use to study methods which further improve in-car speech
recognition. Another advantage of the AVICAR database is
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TABLE I
AVICAR DATABASE IN - CAR NOISE CONDITIONS .
Noise
IDL
35U
35D
55U
55D

frameworks are only available for the two isolated word
tasks, therefore an evaluation protocol for the continuous
speech tasks (i.e. phone numbers and TIMIT sentences) is
required. A protocol meeting the requirements for speakerindependent, continuous speech recognition has been devised
for the AVICAR database and is outlined in Section III.

Description
Engine running, car stopped, windows up
Car travelling at 35mph, windows up
Car travelling at 35mph, windows down
Car travelling at 55mph, windows up
Car travelling at 55mph, windows down

the ability to perform multi-channel experiments, making
it an attractive corpus for evaluating state-of-the-art speech
enhancement techniques. This paper proposes an evaluation
framework for the audio portion of the AVICAR database
which enables single- and multi-channel, speaker-independent,
continuous speech recognition (CSR) experiments.
The rest of this paper is organised as follows. Section II
presents important aspects of the AVICAR database. Section
III explains the development of the evaluation protocol. Section IV outlines the baseline recogniser and the corresponding
recognition performance of this framework including model
adaptation results.
II. AVICAR DATABASE
The AVICAR database is a large, publicly available incar speech corpus containing multi-channel audio and video
recordings. It was recorded by researchers at the University
of Illinois. The collection was designed to enable low-SNR
speech recognition through combining multi-channel audio
and visual speech recognition. Detailed information about the
recording setup can be found in [1].
The released portion of the AVICAR database contains less
data than documented in [1]. It includes audio for 87 speakers
and video for 86 subjects. Around 60% of the speakers are
native American English speakers, with the remainder of the
speakers being native to Latin America, Europe, East or South
Asia. All the recorded speech, however, is in English.
Four distinct tasks exist in this data collection – isolated
digits, isolated letters, phone numbers and TIMIT sentences.
These four different tasks can be used for a range of speech
recognition tests. The isolated digits task closely resembles
command-and-control applications, whilst the isolated letters
task mimics spelling which may be required in navigation
systems. The other two tasks constitute continuous speech
recognition tasks – phone numbers represent small-vocabulary
systems, whilst sentences match medium-vocabulary systems.
Further information about the utterance scripts used in the
collection can be found in [1].
Each recording session contains speech under five noise
conditions. This enables analysis of the affect on recognition
performance of different types of noise from common driving
scenarios. The noise conditions are detailed in Table I.
A standard framework for performing speech recognition
tests on isolated digits and letters is provided with the release of the database. The scripts utilise pre-trained models
(which come with the database) and the Hidden Markov
Model Toolkit (HTK) [7] to generate test results. Recognition

III. E VALUATION P ROTOCOL
A. Protocol Design
Having access to both microphones and cameras in production vehicles is still a vision for the future. Currently,
most interest is in continuous speech recognition in the audio
space, particularly with multiple microphones. As such, only
the audio portion of the phone number and sentence tasks have
been considered in this protocol. Future work should be able
to extend this protocol to include the video data or the isolated
word tasks.
As stated in Section II, the two tasks used in this protocol
provide distinct test scenarios for the in-car environment.
Phone numbers enable testing of small-vocabulary CSR, and
sentences medium-vocabulary CSR. The sentences task is
related to command-and-control and navigation applications
which are both important tasks for in-car speech recognition.
To create a protocol which enables uniform adaptation and
testing of a range of single- and multi-microphone speech
enhancement techniques, a number of restrictions needed to
be put on the data.
1) An individual utterance must have all 7 microphones
in the array available with valid audio (i.e. the eighth
microphone connected to the camcorder is excluded).
2) A speaker must be a native English speaker (this includes British and American English) and have at least
one utterance satisfying criteria 1.
To ensure the first criteria is met, a list of discarded files
included with the database was consulted to remove unusable
utterances. The discard list details recordings which have some
(but not all) microphone audio missing or corrupted due to
hardware problems. Some utterances have no audio data at
all, but are not included in the discard list – therefore the list
was examined simultaneously with data that actually exists in
the database release.
The second criteria is met by analysing metadata. Grouping
available utterances by speaker confirmed that 55 speakers
were suitable for use in the evaluation protocol.
In order to be consistent with requirements for model
adaptation, as well as system tuning and testing, it was decided
to split the 55 speakers randomly into five groups of 11
speakers. To ensure some level of consistency amongst the
groups an effort was made to evenly balance male and female
speakers as well as an even distribution of the utterance scripts.
A sixth group (denoted Group VI) was created solely for nonnative English speakers using the same rules described above.
The resulting six speaker groups are listed in Table II.
A primary goal of speech enhancement research for incar speech recognition is to analyse speaker-independent performance across different noise levels and conditions. With
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TABLE II
AVICAR
Group
I
II
III
IV
V
VI

For all recordings, single microphone experiments are to
use microphone 4 as it is centrally located in the array. Multimicrophone experiments are free to use whichever microphones are required for the particular technique.
To ensure the list of files used in each investigation is
uniform, a copy of the file lists can be obtained by emailing
the primary author of this paper.

DATABASE PROTOCOL SPEAKER GROUPS .

Speakers
AM4, BM4, CF5, DF1, EF4, EM1, FF2, GM4,
HF2, HM3, IF1
AM3, BF5, BM1, CM1, DM2, EM4, FF5, GF2,
HF3, IM5, JM2
AM2, BM3, CF1, DF4, EF1, EM2, FM2, GF1,
GM1, HF5, JF1
AM5, BF1, CF2, DF2, EF5, FM5, GF4, GM3,
HM1, IM4, JF4
AF2, BF2, DF3, EF3, EM3, FM4, GF5, GM5,
HF1, HM4, JF5
AF3, BM2, CF4, CM3, DM3, FM3, GF3, HF4,
IF3, JF2, JM4

IV. R ECOGNITION E XPERIMENTS
In order to provide a common reference to facilitate simple comparison of results, a number of speech recognition
experiments have been performed. The baseline recognition
system is defined, as well as the methods for adapting clean
speech models to better reflect in-car conditions. Results for
all experimental folds described in Section III-B are reported
in the following sections for both clean speech and adapted
models.

TABLE III
AVICAR PROTOCOL GROUPS FOR k- FOLD LEAVE - ONE - OUT SPEECH
RECOGNITION EXPERIMENTS .

Fold
1
2
3
4
5
6
7
8
9
10

Adaptation
I, II, III
III, IV, V
I, II, V
II, III, IV
I, IV, V
II, III, V
I, III, IV
II, IV, V
I, III, V
I, II, IV

Evaluation
IV
I
III
V
II
IV
V
I
II
III

Testing
V
II
IV
I
III
I
II
III
IV
V

A. Baseline Recogniser

this in mind, 160 utterances were randomly selected in each
noise condition for all speaker groups (giving a total of 800
utterances per group).
B. Protocol Use
It is required to split the five groups into an adaptation
set, a system tuning (i.e. evaluation) set, and a test set. In
order to extend the data set (since the number of utterances
in each group is limited), k-fold leave-one-out testing can be
performed using the 5 native English groups. Averaging results
over a number of folds will enable more indicative speakerindependent recognition results since individual groups may
be affected by poor (or very good) performance for one or
two speakers.
To facilitate adaptation, tuning and testing, 3 groups (or
60% of the data) are made available for adaptation, 1 group for
tuning, with the fifth group used for testing. Ten combinations
of this segregation are shown in Table III. It is intended that
these experiment groupings be used in the order stated in
the table. Individual studies can dictate the number of folds
required.
Group VI is to be used solely as a test set since there is
insufficient non-native English data to make adaptation useful,
while the variation of nationalities is large enough to make
system tuning problematic. The purpose of the group is to
characterise the expected decrease in recognition performance
when non-native English speakers use the speech recognition
system under evaluation.

Context-dependent 3-state triphone hidden Markov models
(HMM) were trained using the Wall Street Journal 1 corpus to
enable speaker-independent speech recognition. The acoustic
models were trained using 39-dimensional Mel-Frequency
Cepstral Coefficient (MFCC) vectors – 13 MFCC (including
C0 ) plus delta and acceleration coefficients. Each HMM state
was represented using a 16-component Gaussian Mixture
Model.
In order to reflect command-and-control applications in the
car environment, task grammars are chosen to be unconstrained word loops. This task grammar effectively provides
the potential worst-case recognition results. For the phone
number and sentences tasks, the number of words in the
grammar are 11 and 773 respectively therefore constituting the
small- and medium-vocabulary tasks as previously described.
All speech recognition results quoted in this paper are word
accuracies (in %). Word accuracies are calculated as:
N −D−S−I
∗ 100%
(1)
N
where N represents the total number of words in the
experiment, D the number of deletions, S the number of
substitutions and I the number of insertions [7].
P ercentAccuracy =

B. Experimental Results
1) Baseline Results: Baseline results were generated using
the original clean acoustic models trained as per Section IVA. The results for the phone numbers and sentences tasks are
shown in Tables IV and V respectively. Results are collated
by noise condition, with the average results shown in the last
column of each table being the combined accuracy over all
noise conditions for a particular speaker group. The average
for folds 1-5 is also shown in these tables, as are results for
the non-native English speakers (i.e. Group VI). It should be
noted that the results for folds 6-10 will match the results for
the corresponding test group in folds 1-5. For example, fold 6
baseline results match those for fold 4 since both use speaker
group I as the test set.
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TABLE IV
BASELINE RESULTS FOR THE P HONE N UMBERS TASK OF THE AVICAR DATABASE .

Fold
1
2
3
4
5
Aver. 1-5
Non-native

IDL
75.44
73.25
61.94
68.88
78.50
71.60
67.31

35U
48.69
51.12
44.56
42.81
60.62
49.56
47.75

Word Accuracy (%)
35D
55U
55D
39.12 50.19 26.56
36.94 42.56 28.00
30.69 36.56 17.00
32.50 34.38 24.69
46.62 51.00 27.25
37.18 42.94 24.70
21.81 40.06 14.69

Average
48.00
46.38
38.15
40.65
52.80
45.20
38.33

TABLE V
BASELINE RESULTS FOR THE S ENTENCES TASK OF THE AVICAR DATABASE .

Fold
1
2
3
4
5
Aver. 1-5
Non-native

IDL
34.74
28.89
25.95
22.68
38.69
30.23
14.38

Word Accuracy (%)
35U 35D 55U 55D
8.10 5.93 8.04 1.15
14.57 8.62 7.25 2.94
7.71 1.86 5.18 2.13
8.63 5.57 7.24 2.98
12.33 6.81 6.54 2.14
10.25 5.75 6.85 2.26
5.41 0.60 2.65 1.18

Analysing the results contained in these tables, a number
of observations can be made. The most important of these are
related to the in-car noise conditions. Comparing the results for
both speeds with windows up, it can be seen that an increase in
speed causes degradation in the recognition accuracy in most
cases. The average decrease in performance is 7%. A similar
trend is shown for the two speeds under the windows down
condition.
Having the windows open appears to have more affect on
the recognition accuracy than simply increasing the vehicle
speed. This is demonstrated through recognition accuracies in
both tasks showing better performance for the car travelling
at 55mph with windows up (55U) compared to 35mph with
windows down (35D). This result is in accordance with the
findings of Zhang and Hansen [8] who determined that road
and wind noise dominate the noise field when the windows
are open. With windows open, greater decreases in accuracy
occur as the speed increases (compared to windows up). This
is due to increases in road and wind friction as vehicle speed
increases.
The sentence task exhibits very poor performance with most
conditions failing to reach an average of 10% word accuracy.
The small-vocabulary task on the other hand performs much
better with all noise conditions averaging above 22% accuracy.
This shows considerable improvement is required to achieve
both small- and medium-vocabulary speech recognition in the
car environment.
A range of performance can be seen between the different
speaker groups. This is particularly true when comparing folds

Average
11.58
12.47
8.48
9.38
13.29
11.04
4.87

3 and 5 – the two folds differ by an average of approximately
15% for the phone numbers task. This observation further emphasises the need for circular experiments in order to average
out the recognition accuracies to provide better indication of
true speaker-independent recognition performance.
It can also be seen that the non-native speakers (group
VI) perform worse than the native English speakers under all
noise conditions. The performance difference is particularly
noticeable when the windows are open for the phone numbers
task, and under all conditions for the sentences task. This
shows potential for group VI to provide the low-accuracy
bound for any recognition system.
2) Adaptation Results: To test the effectiveness of the data
contained in the AVICAR database for adapting clean speech
models, maximum a posteriori adaptation (MAP) [9] was
chosen. The pre-trained triphone models described in Section
IV-A were assumed to give a good initial indication of the
parameter distribution required by MAP adaptation. Various
combinations of mean and variance adaptation were tested,
as well as the amount of influence placed on the prior model
(governed by the factor τ ). The larger the value of τ the greater
the influence placed on the model (e.g. a value of τ = 16
means the prior model has 16 times more influence than the
adaptation data).
Table VI shows averaged results on the first 5 folds of the
protocol for the adaptation experiments.
This table shows the advantage of performing both mean
and variance adaptation, with all values of τ showing 1-2%
improvement across all noise conditions. This improvement
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TABLE VI
W ORD ACCURACIES FOR DIFFERENT COMBINATIONS OF τ

Mean
Yes
Yes
Yes
Yes
Yes
Yes

Variance
No
Yes
No
Yes
No
Yes

τ
4
4
8
8
16
16

IDL
81.00
81.34
81.14
81.95
81.78
82.44

35U
75.76
75.54
75.81
76.04
75.96
76.79

is particularly noticeable in the 55mph with windows down
condition where improvements range from 2-3%. It appears
that modifying Gaussian mixture shapes through variance
adaptation is important to successfully adapt clean speech
models to in-car conditions.
Placing higher weighting on the prior model (i.e. larger
values of τ ) also makes considerable difference to the effectiveness of the adaptation. The clean speech models were
trained with data from a very large number of speakers to avoid
any speaker-dependency. The adaptation set has considerably
less speakers (33 speakers per fold), therefore placing more
emphasis on the prior model ensures the models don’t become
reliant on the new speakers.
Using the results from Table VI, mean and variance adaptation was performed using τ = 16 for all 10 folds of the
protocol. Results for each fold can be found in Tables VII and
VIII for the phone number and sentence tasks respectively.
Average results have been collated for folds 1-5 and 6-10.
The results shown for non-native speakers are averaged using
all the adapted model sets from the first 5 folds.
The adaptation results show uniform improvements in word
accuracy over the baseline results in Tables IV and V for all
native English speakers. The results for the non-native English
speakers are not as large since examples of such speakers are
not included in the adaptation sets. For both tasks, however,
there are still gains in word accuracy.
Word accuracy for the small-vocabulary (i.e. phone numbers) task shows greater improvement over the baseline results
than the medium-vocabulary task. In most cases there are
examples of the same speaking script in the adaptation and test
sets therefore percentage model coverage for both tasks should
be approximately equal. The difference is a greater number of
instances of each triphone model used in the phone numbers
task which can be accredited to the nature of the task – there
are only 11 words, and there are 10 words per utterance. This
means that models to be adapted are found more frequently
than those in the sentence task. The effect is greater adaptation
of the original clean speech models, resulting in better test
results.
Comparing the averaged results of folds 1-5 and 6-10 for
both tasks shows very minor variations in recognition accuracy. The largest variation in recognition performance between
any two averages is only 0.70%. These minor variations in

AND STATISTICS ADAPTED .

Word Accuracy (%)
35D
55U
55D
67.11 72.99 54.38
67.08 74.13 57.60
67.58 73.60 55.05
68.00 74.78 58.05
67.63 73.93 55.56
68.85 75.76 59.06

Average
70.25
71.14
70.64
71.76
70.97
72.58

accuracy show reliable performance can be obtained using
the leave-one-out experiment design proposed in this paper,
making it suitable as a common experimental framework.
V. C ONCLUSION
A continuous, speaker-independent speech recognition protocol has been proposed for the AVICAR database which
enables separate investigations to make simple comparisons of
in-car speech recognition results. Under this protocol, singleand multi-microphone speech enhancement techniques can be
applied to the same data set. The framework also includes both
small- and medium-vocabulary speech recognition.
A number of speaker groups were designed to test in-car
speech recognition performance of native and non-native English speakers. To facilitate adaptation, evaluation and testing
amongst these groups, a leave-one-out experiment was defined.
Baseline recognition experiments under a range of noise levels and conditions have shown general recognition rate trends
which agree with previous research. In particular, opening a
window in the front of the vehicle causes greater degradation
in performance than simply increasing vehicle speed.
Maximum a posteriori adaptation using the proposed framework showed consistent accuracy improvement over baseline
results for all evaluations. More importantly, using identical
test data on models adapted with different data showed variations in recognition rates which were not excessive.
The observations made in this paper show that the division
of speaker groups into a k-fold evaluation scheme provides
reliable performance indicators for in-car speech recognition.
The protocol is therefore suitable to be used as a common
platform upon which various research efforts can be compared.
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3
4
5
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6
7
8
9
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IDL
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Abstract — A scalable video stream can accommodate
various forms of network diversity. Scalability can be provided
by H.264 SVC (scalable video coding) extension, which is an
amendment to the H.264/AVC (advanced video coding)
standard. Among various types of scalability, temporal
scalability is easily implemented using hierarchical B
structure, but the increase in decoding complexity inhibits a
flexible streaming service for low-performance devices like
mobile phone. In this paper, we present two ways of
increasing temporal scaling by realizing non-dyadic temporal
scalability with low complexity. Both methods are shown to be
easily merged into the standard, H.264 SVC extension. We
have observed that, at the expense of a small amount of
additional data, the decoding complexity can be reduced by up
to 35%, offering a more flexible streaming service for mobile
devices.
Index Terms — Video codec, H.264, AVC, low-complexity,
mobile device, scalable video.

I. INTRODUCTION
There is a wide diversity of network connections in a
modern video streaming service as in the case of telephone
lines vs. gigabit LANs. There are also significant differences
in device resources, such as display resolution and
computational power. In addition, the throughput of a user’s
connection can fluctuate dynamically over time. Thus, we
must take these dissimilarities into account when we provide
high-quality video streaming efficiently over the wireless
network.
A simulcast is a simple approach to stable video streaming
that copes with both static and dynamic diversity. In this
scheme, many encoders are used to encode a stream in parallel
into many versions, each of which is suitable for a different
bandwidth or resolution. To overcome dynamic diversity, the
streaming server can adjust the streaming rate within the
user’s current reception throughput by switching the stream.
However the simulcast wastes network resources and users
cannot avoid a long ‘zap-time’ when they wish to change the
stream that they are receiving.
Scalable video can be used to avoid these problems and
enable a more flexible streaming framework. Thus such a
provision has been included in video standards since MPEG-2
[1] and the recent H.264 SVC extension is an amendment to
the H.264/AVC standard.
This work was supported by Varo Vision Co., Ltd.

There are three types of scalability in H.264 SVC extension.
Unlike other two scalable coding, temporal scalability can be
used with the original H.264/AVC decoder without any
modification because this is implemented using the
hierarchical B structure, which is already compatible to the
standard [2]. Because of this simplicity, there has been little
investigation on temporal scalability.
It should be noted, however, that the hierarchical B
structure has a grave disadvantage: Its time resolution can only
be dyadic. This poses a serious problem, especially for lowperformance mobile and embedded devices, because the
complexity of video decoding is proportional to the number of
frames. This means that adding a layer doubles the decoding
complexity. A dyadic solution makes the complexity gap
between two frame-rate levels very large, and thus restricts the
freedom with which a streaming service can move from one
layer to another. Since the frame rate is an important metric of
video quality, just like the PSNR of each picture in a video,
overcoming the dyadic constraint would be the major
contribution to improving video quality.
In this paper, we present two methods for extending
temporal scalability to provide non-dyadic temporal resolution.
Our approaches are designed to provide a more flexible video
streaming scalability, especially for low-performance devices,
and they are based on the techniques adopted in the standard
[2]; so, they do not cause any changes to the standardcompliant decoders.
The rest of this paper is organized as follows: the
background is summarized in Section II, and in Section III we
describe the problems of temporal scalable coding using the
hierarchical B structure in more depth. In Sections IV and V,
we present coding structures followed by experimental results.
Concluding remarks are made in Section VI.

II. THE H.264 SCALABLE VIDEO CODING EXTENSION
There are three types of scalable video coding in the H.264
extension; spatial, temporal, and quality (or SNR) scalability
[3]. Temporal scalability is implemented using the hierarchical
B structure. Unlike older video standards, any frame can be
marked as a reference frame in H.264. Allowing any frame to
be the reference for a frame in an enhancement layer makes it
relatively easy to implement temporal scalability with high
coding efficiency. The resulting coding structure is shown in
Figure 1. In the figure, arrows indicate ‘prediction’. The key
frames (in the base layer) are coded using only other key
frames as reference, and the frames between two key frames
are predicted hierarchically.
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size for more general scenario of low-performance devices.
Table 1 summarizes the details of this stream.
Table 1. Test stream.
Sequence
Harbor

Spatial scalability is used when a stream services the users
who demand different resolutions. The stream with the lowest
resolution consists of the base layer only, but streams with
higher resolutions include one or more of the enhancement
layers.
In terms of SNR (or quality), there are two types of
scalabilities; FGS (fine-grain scalability) and CGS (coarsegrain scalability). CGS uses the same concept of spatial
scalability, but the up-sampling operations of the inter-layer
prediction mechanisms are omitted [3].
The FGS technique was standardized in MPEG-4 [4], but
some additional techniques are included in the H.264 SVC
extension. For example, intra-layer prediction is allowed to
increase coding efficiency. Also, Van der Schaar and Radha
have also proposed [5] using FGS to improve temporal
resolution. Their scheme achieves good video quality and
makes streaming services more flexible, but it is still a dyadic
solution like the hierarchical B structure.

III. PROBLEMS WITH THE HIERARCHICAL B
STRUCTURE
Before introducing our proposal, we will look at the
problems of legacy temporal scalability caused by the
hierarchical B structure.
A. Decoding Complexity
The decoding complexity of a video sequence is mainly
determined by the number of frames. It is easy to see that this
complexity is proportional to the number of frames. And the
decoding complexity of a single frame is determined by its
prediction type, if other factors such as the QP (quantization
parameter) are similar. Ray et.al. [6] showed how the
complexity of a frame varies with its prediction type in the
H.264 JVT decoder. They demonstrated that a B frame has the
highest complexity, which can be 20% more than that of other
frame types in some sequences.
In the hierarchical B structure, switching to the upper layer
forces the decoder to deal with double the number of frames,
all of which are of bi-directional prediction type. The
observations above suggest that the complexity will be at least
doubled in this situation. We conducted a preliminary
experiment using the ‘Harbor’ stream. First, we extracted a
sequence at a frame-rate of 20Hz from the original 60Hz video.
After this, we downsampled the sequence to CIF (352x288)

Frame rate (Hz)
20

We encoded this 20Hz sequence using the hierarchical B
structure with the JSVM H.264 SVC encoder [7]. The encoded
bit-stream had three different temporal resolutions with frame
rates of 5, 10, and 20Hz. After encoding, we decoded it using
the JSVM H.264 decoder and evaluated the complexity by
measuring the decoding time. The JSVM decoder was slightly
modified to obtain the decoding time, and we ran it on a
Pentium 3 platform. Figure 2 shows the decoding times at
each frame-rate.
1000
Decoding time

Figure 1. The coding structure of the hierarchical B structure.

Resolution
352 x 288

800
600
400
200
0
5

10
Frame-rate (Hz)

20

Figure 2. The decoding complexity of a hierarchical B structured
stream.

The results suggest that the complexity almost doubles for
each increment in frame-rate. The increases will, therefore,
inhibit layer switching. This problem motivates the
development of a scalable video streaming policy which
improves the picture quality (i.e. the PSNR) of each frame,
rather than the temporal resolution.
B. The Relationship between Stream Quality and FrameRate
It is difficult to evaluate the quality of a video stream from
its frame rate. There have been intensive research efforts on
this problem; still, objective quality metrics like PSNR have
not been agreed upon. It is, however, always the case that a
higher frame-rate will improve the quality of a video if the
quality of each frame is fixed. Furthermore, most researchers
agree [8] that a video encoder should allocate additional bitrate to increase the frame-rate rather than to improve the
PSNR of each frame, especially when a video contains more
motion information. This observation supports our contention
that more flexible temporal scalability is required.

IV. METHOD 1: USING SNR SCALABILITY
In this section and the next, we will introduce two methods
that can provide non-dyadic temporal resolution.
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hierarchical B 10Hz
hierarchical B 20Hz

Method 1 10Hz
Method 1 15Hz

31

PSNR (dB)

30
29
28
27
26
180

Figure 3. The coding structure of the Method 1.

A. Coding Structure
The first method does not use bi-directional prediction,
making it suitable for low-delay applications and lowperformance decoders. Instead of using a B frame, this method
uses SNR scalability as shown in Figure 3. The base layer
contains a video stream at a low frame rate and the
enhancement layer contains differences between the videos of
the low frame rate and a higher frame-rate. If the display
durations of those two frames are the same, there would be no
difference and thus no data for enhanced layer is needed.
Otherwise the enhancement layer needs to incorporate some
residual data to correct the errors caused by the difference in
display time.
B. Picture Quality
We extracted 10 and 15Hz video sequences from the 60Hz
‘Harbor’ sequence and encoded them into a stream with two
temporal resolutions, 10 and 15Hz, using Method 1, which we
had implemented on a JSVM SVC encoder. The target bitrates were 192, 256, 320 and 384Kbps. For comparison we
encoded four streams with the same target bit-rate using the
hierarchical B structure. The details of the encoded streams
are summarized in Table 2.

352 x 288

Bit-rate
(Kbps)
183
271
318
391
191
262
338
384

Temporal
scalability

Temporal
Resolution (Hz)

Type 1
method

10, 15

Hierarchical
B structure

380

We can see that the quality of the 10Hz stream is a little
lower with Method 1 than that of the stream of the same
frequency with the hierarchical B structure. This is because of
the low efficiency of the scalable coding [3, 9] and also
because the 10Hz sequence produced by Method 1 does not
use bi-directional prediction for low-delay applications.
However, this level of degradation is not considered severe
and it can be offset against the improved temporal quality of
the 15Hz stream.
C. Decoding Complexity
We evaluated the decoding complexity of our scheme in the
same way as we did in the preliminary experiment in Section
III. Then we compared this result with the decoding times for
the 20Hz stream encoded using the hierarchical B structure.
Since the decoding complexity is dominated by, and almost
proportional to, the number of frames, we only show
representative results for a 318Kbps stream encoded using
Method 1 and the hierarchical B structure, which can be found
in Figure 5.
1000
Decoding time

Harbor

Spatial
Resolution

280
330
Bit-rate (Kbps)

Figure 4. The averaged PSNRs of the streams.

Table 2. Encoded streams.
Sequence

230

800
600
400
200
0

5, 10, 20

5

All streams have just one IDR (instantaneous decoding
refresh) frame (which is, of course, the first frame) and are
encoded during the first second. The coding efficiency of SVC
is not high when compared to the use of bi-directional frames
[3, 9]. Therefore, we use CGS, which achieves better picture
quality than FGS [3, 9] as the SNR scalable coding for
Method 1. To measure the coding overhead of our method, we
calculate the PSNR of the stream for each frame rate. Figure 4
shows the averaged PSNR of each stream.

10
15, Method 1
Frame-rate (Hz)

20

Figure 5. The decoding complexity of a stream encoded using
Method 1, compared with a hierarchical B structured stream.

The reduction in complexity does not match the reduction in
frame rate because increased compression is achieved by SVC
at the expense of greatly increased computational complexity
[10]. The decoding complexity of the 15Hz stream is only
13% less than that of the 20Hz hierarchical B structured
stream, but this is enough to enable more generous temporal
scalability. There are additional savings from the drop in
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frame rate, such as a lower transmission cost for the decoded
data. Recent research has addressed the complexity of SVC
[10, 11], and any resulting reduction in decoding complexity
would promote more flexible streaming.

V. METHOD 2: SHARING KEY PICTURES
Method 1 has a simple structure and can be easily merged
with a current streaming service system. But its compression
performance is not as high as expected. Method 2 can
overcome the efficiency problem, assuming that some
cooperation is available from routers, a gateway, an access
point or a base station. The required cooperation will be
described later.
A. Coding Structure
Method 2 uses bi-directional prediction like the hierarchical
B structure, but with the additional feature that there are two
parallel upper enhancement layers. Two streams at different
frame rates to share a single anchor stream, which is the base
(or a lower layer), as shown in Figure 6.

Figure 7. A delivery scheme used by routers that is capable of
supporting Method 2.

B. Picture Quality
We encoded the 10 and 15Hz ‘Harbor’ sequences into 4
streams on the modified JSVM SVC encoder in the same way
as in Section IV. The details of the streams encoded using
Method 2 are in Table 3.
Table 3. Streams encoded using method 2.
Sequence

Spatial
Resolution

Harbor

352 x 288

Figure 6. The structure of Method 2.

Temporal
scalability

Temporal
Resolution (Hz)

Method 2

5, 10, 15

The picture quality was measured in the same way as in
Section IV. We compared it with the quality of the
hierarchical B-structured streams already itemized in Table 2.
Figure 8 shows the results of the experiment.
hierarchical B 10Hz
hierarchical B 20Hz

Method 2 10Hz
Method 2 15Hz

31
30
PSNR (dB)

In this parallel scheme, an encoder can not exploit the
information of the next highest layer when it encodes the
highest layer. But, since Method 2 inherits the coding
efficiency of the B frame, and the length of a B frame is
relatively small, it can largely avoid degradation of picture
quality caused by the extra data.
In a scalable video streaming service, routers, gateways,
access points or base stations are important constituents. They
check the priority in the NAL (network abstraction layer)
packet header and drop the lowest-priority NAL packets if
resources are limited. As the situation deteriorates, packets
with the next lowest priority are dropped, and so on.
Scalability is realized by this mechanism where the priority is
assigned by its layer level in the hierarchical way. However,
since two layers of Method 2 are in parallel, above packet
delivery scheme can not realize the full scalability. The
flowchart of a delivery scheme suitable for supporting Method
2 is given in Figure 7. Using a cooperative delivery scheme of
this sort, a scalable video streaming service can offer nondyadic temporal scalability using Method 2.

Bit-rate
(Kbps)
199
270
322
377

29
28
27
26
180

230

280
330
Bit-rate (Kbps)

380

Figure 8. The averaged PSNRs of the streams.

Since the total number of frames in the two bit-streams is
the same, and a similar coding structure is used, the picture

- 348 -

quality of the two streams is similar. Note that the correlation
between two neighboring frames in the hierarchical Bstructured stream is larger because the time between two
neighboring frames is smaller. This implies that the coding
efficiency of the hierarchical B structure is better. The larger
correlation and the extra coding overhead of the hierarchical B
structure affect the streams of each bit-rate in different ways.
C. Decoding Complexity
The decoding complexity is measured in the same way as in
Section IV and the results are shown in Figure 9.

[6]
[7]
[8]
[9]
[10]

Decoding time

1000
[11]

800
600

[12]

400
200
0
5

10
15, Method 2
Frame-rate (Hz)

20

Figure 9. The decoding complexity of a stream generated using
method 2 compared to a hierarchical B structured stream.

Method 2 reduces the complexity more than a reduction of
frame rate, because it has less additional layer information
than the hierarchical B structure. This decreased complexity
can allow a low-performance device to select the appropriate
temporal resolution from a set of varying resolutions.

VI. CONCLUSIONS
We have proposed two methods to enable non-dyadic
temporal scalability with low complexity. Both methods can
be implemented in the standard H.264 SVC extension, and
easily merged into current streaming services. At the expense
of a small amount of additional data, the decoding complexity
can be reduced by up to 35%, offering a more flexible
streaming service for low-performance devices. Recent rate
distortion theory [12] suggests that we may anticipate good
performance by merging our scheme into a middle layer of a
hierarchical B structure, not into the highest layer. This
extended temporal scalability can be easily and transparently
built into the legacy temporal scalability.
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Abstract— In this paper, we propose an error estimate algorithm (EEA) for stereophonic acoustic echo cancellation (SAEC)
that is based on an extension of the set-membership normalized
least mean-squares (SM-NLMS) algorithm combined with the
affine projection (AP) algorithm. In the EEA, with the minimum
error signal fixed, we compute the filter lengths so that the error
signal may approximate the minimum error signal. When the
echo paths change, the adaptive filter automatically adjusts the
filter lengths to the optimum values. We also investigate the
difference between the adaptive filter lengths. In contrast with
the conclusion in [1]–[6], our simulation results have shown that
the filter lengths can be different. Our simulation results also
confirm that the EEA is better than SM-NLMS algorithm in
terms of echo return loss enhancement.

The organization of this paper is as follows. In Section 2,
we introduce a stereophonic acoustic echo canceler. In Section
3, we present the error estimate algorithm for stereophonic
acoustic echo canceler to optimize the filter lengths. Section 4
presents simulation results regarding the relationship between
the filter lengths and the minimum error signal. The echo
return loss enhancement (ERLE) and the convergence of the
adaptive filter are also considered in this section. Finally,
conclusions are given in Section 5.
II. S TEREOPHONIC ACOUSTIC ECHO CANCELLATION
SYSTEM

I. I NTRODUCTION
An echo is the phenomenon in which a delayed version
of an original signal is reflected back to the source. Acoustic
echo cancellers (AEC’s) are necessary in applications such
as mobile phones, hands-free telephony, speakerphones, audio
and video conferencing. AEC’s rely on an adaptive filter to
estimate the echo paths and subsequently use this estimate
to reduce the echo in transmitted signals. Typical adaptive
algorithms for the filter update procedure in the AEC are the
normalized least mean square (NLMS) [7], affine projection
(AP) [8], [9], recursive least squares (RLS) [1] and fast
recursive least squares (FRLS) [4].
The length of the acoustic echo path is dependent on
the environment. Therefore, the computational complexity of
the stereophonic acoustic echo cancellation (SAEC) may be
very high and critically dependent on the echo cancellation
algorithm. Using a long adaptive filter, the adaptive algorithm
becomes very slow in terms of convergence speed and is more
expensive to implement in terms of memory. In this paper,
we present the error estimate algorithm (EEA) to optimize
the filter lengths. We also investigate the differing between
the adaptive filter lengths. With differing positions of the
loudspeakers and the microphones (Fig. 1), the lengths of the
acoustic echo paths in the receiving room are different. They
will change when the environment is changed. To identify
the echo paths in a stereophonic or multichannel system, the
lengths of the adaptive filters have different values. Although
many papers [1]–[6] assert that the filters lengths of two
channel or multichannel systems should be equal, we will
show in this paper that they do not necessarily have to be
equal.
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y2 ( n, T )
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Fig. 1.

Stereophonic acoustic echo cancellation system.

In a stereophonic acoustic echo cancellation system shown
in Fig. 1, s(n) is the source of x1 (n) and x2 (n) signals in the
transmission room. We have xi (n) = gi (n)∗s(n), where gi (n)
is the impulse response between the source and microphone
in the transmission room. We define the echo signals in the
receiving room as
yj (n, θ) =

2
X

θ T xi (n) + vj (n),

j = 1, 2,

(1)

i=1

and the impulse response vector at time n by
θ = [θij,0 (n), θij,1 (n), ..., θij,L−1 (n)]T

(2)

is the echo path (length L) of the receiving room between
loudspeaker i and microphone j and (·)T is the transpose.
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xi (n) = [xi (n), xi (n − 1), ..., xi (n − L + 1)]T

(3)

is the far-end speech (loudspeaker) and vj is the near-end
speech added at microphone j in the receiving room. We
assume that vj is uncorrelated with xi (n). The estimated
response based on the least-squares fit θ̂ can be defined by
ŷj (n, θ̂) =

2
X

T

θ̂ xi (n),

The adaptive filter is used to identify an unknown system
(the loudspeaker-to-microphone transfer function in receiving
room)
T
T
ŷ1 (n, θˆ1 ) = x1 (n)θ̂11
+ x2 (n)θ̂12
,
(11)
T
T
ŷ2 (n, θˆ2 ) = x1 (n)θ̂21
+ x2 (n)θ̂22
,

(4)

i=1

with the adaptive filter coefficients is

and the adaptive filter vector at time n by
T

θ̂ = [θ̂ij,0 (n), θ̂ij,1 (n), ..., θ̂ij,Nj −1 (n)] .

(5)

Nj is the length of the adaptive filter when we estimate the
error ej (n). The error signal for the estimation is defined by
ej (n) = yj (n, θ) − ŷj (n, θ̂) + vj (n).

III. T HE ERROR ESTIMATE ALGORITHM FOR SAEC
Conventional filtering schemes estimate the parameter vector θ so as to minimize a cost function J(ej (n)) of the estimation error ej (n). The cost function is usually chosen to be a
squared error measure J(ej (n)) = 1/2E[ej (n)2 ]. The optimal
θ̂ parameters are found by solving ∇θ̂ E[ej (n)2 ] = 0 in [10].
In this section, we propose the new algorithm, achieving a
specified bound δ on the magnitude of the estimation error
ej (n) over a model space of interest. Any parameter estimate
that results in the error being less than the specified bound
δ (Fig. 2) is an acceptable solution. When the bound on the
error is properly chosen [11]–[13], we have
(xi (n), yj (n, θ)) ∈ Ω.

θ̂ = [θ̂1 , θ̂2 ]T = [θ̂11,Nj , θ̂12,Nj , θ̂21,Nj , θ̂22,Nj ]T .

T
T
y1 (n, θ1 ) = x1 (n)θ11
+ x2 (n)θ12
,

(8)

T
T
y2 (n, θ2 ) = x1 (n)θ21
+ x2 (n)θ22
,

(9)
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Stereophonic acoustic echo cancellation control error system .

|ej (n)| ≤ δ. We compare the new algorithm (EEA) with the
set-membership normalized least mean-squares (SM-NLMS)
algorithm [12].
Algorithm 1: The set-membership normalized least meansquares (SM-NLMS)
Set-membership identification (SMI) theory is a wellestablished paradigm in the area of system identification that
exploits the assumption of a bounded noise process added to
a linear-in-parameter model. The set-membership normalized
least mean-squares (SM-NLMS) algorithm was presented in
[12]. The set-membership filtering criterion is to find θ̂ that
satisfies
|ej (n)|2 ≤ δ 2 ,

(xi (n), yj (n, θ)) ∈ Ω.

(14)

We have
θ̂(n + 1) = θ̂(n) + µ
½
µ=

1−
0

δ
|ej (n)|

ej (n)xi (n)
,
xTi (n)xi (n)

i = 1, 2,

if
|ej (n)| > δ,
otherwise.

(15)

(16)

Algorithm 2: The error estimate algorithm
From the SM-NLMS algorithm and affine projection (AP)
algorithm, we propose the error estimate algorithm to optimize
the filter length, as following
ej (n) = yj (n, θ) − ŷj (n, θ̂),

with the transfer functions of the receiving room is
θ = [θ1 , θ2 ]T = [θ11,L , θ12,L , θ21,L , θ22,L ]T .

x2 ( n)

g 2 ( n)

(7)

Ω is the model space comprising input vector-desired output
pairs over which we wish to impose the bounded error
criterion. From (1-6), We have

(13)

In Fig. 2, the error will be fedback and compared with δ until

(6)

From (6), we can see that once the synthesized echo ŷj (n, θ̂)
is equal to the echo yj (n, θ), the echo is completely cancelled
and the signal transmitted to the transmission room is the
near-end speech vj (n) only. This is the goal of the echo
cancellation. An adaptive filter is used to identify the echo
paths of the receiving room. The output of the adaptive filter,
which is an estimate of the echo signal, can be used to cancel
the undesirable echo. The estimated coefficients are chosen
through an adaptive filter algorithm such that the cost function
J(ej (n)) is minimized. The estimation errors are labelled with
two subscripts. The first subscript denotes the filter length Nj
and the second subscript indicates the length L of the observed
data [10]. We note that when the filter length Nj increases,
the error decreases and vice versa. However, if the filter
length increases, the adaptive filter algorithm becomes a rather
expensive algorithm because its computational complexity
grows in proportion to the check of the filter.

|ej (n)| ≤ δ,

(12)

(10)
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θ̂(n + 1) = θ̂(n) + µej (n)xi (n),

i = 1, 2,

(17)
(18)

·

¸
P (n)xi (n)xTi (n)P (n)
µ = P (n + 1) = P (n) −
,
1 + xTi (n)P (n)xi (n)

(19)

where µ is defined from AP algorithm [9].
Let Nj = 5 be the start length, the length of adaptive filter is
computed by
½
Nj + 1 if |ej (n)| > δ,
Nj =
(20)
Nj
if |ej (n)| ≤ δ,
N = max(Nj ).

(8) and (9) show the relationship between x1 (n), x2 (n) and
y1 (n), y2 (n). Using the transfer function matrix in [14]
#
"
−6
−7
−8
−9
G(x) =

IV. S IMULATION RESULTS

, (22)

we have
θ11 =

N11
,
D11

θ12 =

N12
,
D12

θ21 =

N21
,
D21

θ22 =

N22
,
D22

(21)

When the algorithm is to converge, we have the simulation
results in Table. I. In the error estimate algorithm, when the
minimum error signal is fixed, we compute the filter lengths
so that the error signal may approximate the minimum error
signal δ. When the echo paths change, the adaptive filter
automatically adjusts the filter lengths to the optimum values.
The optimum value of the filter lengths is the N in (21). It
is the necessary minimum value for the minimum error signal.
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= [1, 0.2, −0.2, 0, 0, 0, 0, 0, 0, 0],
= [0.01, −0.03],
= [1, 0.02, 0.01, 0, 0, 0, 0, 0],
= [−0.02, −0.02],
= [1, 0.01, −0.01, 0, 0, 0, 0, 0, 0],
= [−0.2, −0.3],
= [1, 0.1, −0.2, 0, 0, 0, 0, 0, 0, 0].
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SAEC control error simulation .

The structure shown in Figure 3 is the echo canceller
simulation system. Using Matlab and Simulink software, we
have the function blocks as:
- Stereo music block: read time and output values from the
first matrix in the specified MAT file. In this block, thu.mat
file is made from thu.wav file with Tsam sample time,
1
. In this paper, we used the stereo music
Tsam = F1s = 8Khz
file because stereo music frequency is higher than talk signal
frequency. And the stereo music identification is more difficult
than the talk signal identification.
- Demux block: split thu.mat file into two vector x1 (n) and
x2 (n).
- Transfer function block: The top two panels of Figure 4
shown the loudspeaker signals, x1 (n) and x2 (n). The bottom
two panels show the echo signals, y1 (n) and y2 (n). Equations

2000
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6000

8000

10000

12000

x1 , x2 input signals and y1 , y2 output signals .

- Identification block: simulate the adaptive filter with the
θ̂ parameters. Equations (11) and (12) show the ŷ1 , ŷ2 output
signal. The Matlab programs compute the parameters θ̂ and
link these results with identification block.
- Scop block: The error signals between the echo signals and
the identification signals are shown on the scope1 and scope2
(Fig. 5).
In this simulation, vj (n) is assumed to be zero when there
is the stereo signal activity at the far-end. We consider the
following parameters:
• The error signals,
• The relationship between δ and Nj ,
• The echo return loss enhancement (ERLE),
• The convergence between θ and θ̂.
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TABLE I
T HE BOUNDED ERRORS AND THE LENGTHS OF THE ADAPTIVE FILTER

A. The error signals
We can observe the y1 , ŷ1 and e1 signals of the scopes
in Figure 3. In Figure 5, panel (a) show the error with δ =
45 × 10−3 , when the filter length have the value N1 = 16.
With δ = 15 × 10−3 and δ = 4.5 × 10−3 , we have N1 = 24
and N1 = 32 in panels (b) and (c). When the δ decreases, the
filter length increases.

e1 (n) < δ
N1
25
27
31
37
52
55
57
62
77

e2 (n) < δ
N2
45
51
58
63
74
79
82
87
98

echo. The steady-state residual echo equates the true echo
subtracted by the synthesized echo after the algorithm is
converged. We see that ERLE is a measure of how good
an echo canceller is in terms of steady-state residual echo
and convergence time. To see the results more clearly, in
Figure 6, we have presented plots showing the echo return
loss enhancement (ERLE) of the lengths of the adaptive filter
(N = 16, N = 24, N = 32). The ERLE is lower for the
case δ = 10 × 10−3 and higher for the case δ = 0.1 × 10−3
than the ERLE compute with δ = 1 × 10−3 . When the δ
decreases then the ERLE increases. This result confirms the
high robustness of the EEA. We also compared the ERLE of

(a) Error 1, N = 16, δ = 0.045

(b) Error 1, N = 24,

The bounded error
δ
10 × 10−3
7.0 × 10−3
5.0 × 10−3
3.0 × 10−3
1.0 × 10−3
0.7 × 10−3
0.5 × 10−3
0.3 × 10−3
0.1 × 10−3

δ = 0.015

EEA

with differents δ

90
80

Fig. 5.

δ = 0.0045

70
ERLE (dB)

(c) Error 1, N = 32,

y1 , ŷ1 and e1 signals with N=16, 24, 32.

B. Relationship between δ and Nj
Table I shows the simulation results for the relationship
between the length Nj of the adaptive filter and the bounded
error δ. When the bounded error decreases, the length Nj of
the adaptive filter will increase. Nj is the necessary minimum
length of the adaptive filter. Let N1 and N2 be the result when
we use the EEA. When the bounded error criterion is chosen,
the values of N1 and N2 are different. In [1]–[6], the authors
defined the value of Nj to be the same. But in this paper, we
show that they are different when we use the conditioning in
(7). Therefore, when we design the adaptive filter, we must
choose the length of adaptive filter equal to the maximum of
Nj .
C. The echo return loss enhancement (ERLE)
Pk
Let n=1 yj2 (n, θ) be the power of the echo signal yj (n, θ)
Pk
at time n, and n=1 e2j (n) be the power of the residual-echo
signal. The ERLE is defined as
Pk
y 2 (n)
ERLE = 10 log10 Pn=1
.
(24)
k
2
n=1 e (n)
There are two important performance measures for echo
cancellation: the convergence rate and the steady-state residual
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the EEA with the SM-NLMS algorithm. Figure 7 shows the
ERLE of the proposed EEA and the SM-NLMS algorithm. The
ERLE simulation results show that the EEA is better than the
SM-NLMS algorithm.
D. The convergence between θ and θ̂
The adaptive filtering algorithm for echo cancellation adapts
the adaptive filter (θ̂) by minimizing the error between the
echo and the synthesized echo. Once the error is minimized,
θ̂ is said to converge with the impulse respones θ. Figure 8
and 9 show the simulation results for the convergence of the
adaptive filter with the EEA and the SM-NLMS algorithm.
We set θ̂ ≡ θ∗ , δ = 0.01 (N = 25). In Figure 9(b, c),
we observe that θ̂ 12 is not to converge with θ 12 . They only
converge in Figure 8.
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V. C ONCLUDING R EMARKS
Stereophonic acoustic echo cancellation with two acoustic
paths becomes problematic since the two excitation signals
are highly correlated. In this paper, we propose the EEA for
SAEC and compare the ERLE of the EEA with the SM-NLMS
algorithm. Simulation results show that the ERLE of EEA is
higher than the ERLE of SM-NLMS algorithm. Our results
show the convergence of the EEA is better than that of the
SM-NLMS algorithm. The results in Table. I also show that
the filter lengths are different. This result will help us to choose
the optimal filter length. Although we only discussed the twochannel case here, the approach can be extended to the multichannel case.
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Abstract-This paper presents the integrated architecture of
worldwide TV-OUT video processor that can be used throughout
the world. SECAM, one of the color TV standards, uses FM
modulation by contrast with NTSC and PAL. So SECAM must
have an anti-cloche filter, but the filter recommended by standard
is not easy to implement the hardware due to the sharpness of the
frequency response. We modified characteristic of anti-cloche
filter and modulation method so as to be identical with a result
required by standard so that it is easy to design the hardware.
The hardwired TV-out function is requisite since portable devices
are widely getting popularized. Therefore, we propose TV-out
video processor that has low hardware complexity, which can be
applied to various portable multimedia applications.

I.

compact architecture to reduce production costs and to cover
worldwide TV-OUT formats.
TABLE I
SUMMARY OF WORLDWIDE COLOR TV SYSTEM

Output formats
M, J/NTSC
4.43/NTSC
M/PAL
B,D,G,H,I, N/PAL
Combination N/PAL
SECAM

INTRODUCTION

II.

To transfer color images through a broadcasting channel,
current television broadcasting standards use Composite Video
Baseband Signals (CVBS) such as National Television
Standards Committee (NTSC), Phase Alternation Line (PAL),
and Sequentiel Couleur Avec Memoire or Sequential Color
with Memory (SECAM). The TV-OUT video processor takes
component video signals (e.g., RGB or YCbCr) and encodes
these into the CVBS. The RGB represents red, green and blue.
The YCbCr represents luminance(Y) corresponding to
brightness and chrominance components (Cb, Cr) corres
ponding to hue and saturation. The International Telecomm
unication Union (ITU) has established the standard format of
the CVBS, which is ITU-R BT.470 [1]. Table 1 summarizes
the formats and their characteristics. The proposed video
processor supports all formats in Table 1. AM means
amplitude modulation and FM is frequency modulation in
Table 1.
Formerly, DVD-players, digital camcorders, video game
consoles and etc, needed the TV-OUT function, but the newly
debuted devices such as a Potable Multimedia Player (PMP), a
laptop computer, a camera phone and etc, commonly require
TV-OUT function as well. A video processing technology for
TV-OUT is not the latest technology but it has widely being
used for multimedia devices. The TV-OUT processor must
support all standards in Table 1 to cover the worldwide market.
Therefore, we propose a TV-OUT video processor using a

Modulation
Method
AM
AM
AM
AM
AM
FM

Sub-carrier
frequency(MHz)
3.5795454545
4.43361875
3.5756118881
4.43361875
3.58206525
4.40625 or 4.25

PROCESSING ALGORITHM

The NTSC and PAL use Amplitude Modulation (AM) and the
SECAM uses Frequency Modulation (FM) to transmit color
component signals. Therefore, data processing of NTSC and
PAL differ from that of SECAM.
A. NTSC and PAL
To modulate the component signals based on the output
formats as shown in Table 1, the YCbCr is transformed into the
YUV color components by using the following
transformational matrix. Eq. (1) is for both M & 4.43 modes of
NTSC and M & N modes of PAL. The color space
transformation such as Eq. (1) is used to prevent saturation of a
modulated signal.
Y = 0.591× (Y601 − 16),
U = 0.504 × (Cb − 128),
V = 0.711× (Cr − 128).

(1)

Low-pass filtering of YUV must be done to follow the
channel bandwidths restricted by the standard and to increase
the signals-to-noise ratio. The Y contains the brightness
information with a 6 MHz bandwidth and the UV signals
include the hue and saturation information with a bandwidth of
1.5 MHz or less [2]. A blanking pedestal is added to the
filtered Y during active video, and the sync information is
added to the partial blanking areas. In Eq. (2), Ysync means the
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luminance signal that is added to the pedestal, blanking and
sync signal. During active video, the UV data is modulated
with sine and cosine sub-carriers, it makes a chrominance(C)
signal as a result. The chrominance signal is presented by:

C = U sin ωt + V cos ωt for NTSC
= U sin ωt ± V cos ωt for PAL

(2)

(ω = 2π f sc )
Where f SC is a sub-carrier frequency in Table 1. The
chrominance signal for PAL has the sign of V alternating from
one line to the next. Once the chrominance signal (C) is
generated, CVBS is obtained easily by using Y and C like
shown in Eq. (3).

CVBS = Ysync + C

(3)

B. Modified SECAM for Digital System
The horizontal and vertical timing for SECAM is the same
things as PAL. The main difference is that SECAM uses FM
modulation to convey color information whereas NTSC and
PAL use AM modulation. The input YCbCr signals are
transformed into YDbDr signals that represent the luminance
signal of Y and two color-component signals of Db and Dr
because SECAM uses the YDbDr color space.

of 4.286MHz. It requires the filter order that needs at least one
hundred coefficients for finite impulse response (FIR) filter.
Thus, it is very difficult to design the anti-cloche filter in
hardware. Nevertheless, it is symmetric around this frequency,
fortunately. We now shift the symmetric axis to the 0Hz
frequency as shown in Fig. 1(b). Thus, the anti-cloche filter
looks like a high pass filter (HPF). However, it requires
numerous filter orders because it has the gain more than 20dB
within 3MHz bandwidth if it is designed by FIR filter. So we
designed it with infinite impulse response (IIR) filter. This
makes the hardware implementation easier. The previous FM
formula in Eq. (5) and Eq. (6) must be changed to use the
modified anti-cloche filter. Eq. (5) and Eq. (6) can be easily
changed into Eq. (7) and Eq. (8) by using the shifting factors of
fOt and – fOt in order to derive the HPF of the modified anticloche filter. The fO is 4.286MHz that is an axis of symmetry in
the anti-cloche filter in Fig 1(a).
Although the modulation method using Eq. (7) and Eq. (8) is
more complicated than it of Eq. (5) and Eq. (6), the modified
anti-cloche filter in Fig. 1(b) is easy-to-design and simple when
implemented to the hardware [3].

Y = 0.625 × (Y601 − 16),
Db = 0.0119 × (Cb − 128),

(4)

4.286 MHz

Dr = −0.0119 × (Cr − 128).
The component signals are then pre-emphasized to generate
Db* and Dr*. The frequency deviations are obtained by
multiplying ΔfOB and ΔfOR by the integrals of the preemphasized values, respectively. The deviations are then added
to the center frequencies of fOB and fOR to generate the FM subcarriers of sinusoidal functions. By doing so, the SECAM
system can use frequency modulations to transmit the Db to
one video line and the Dr to another line.

CVBS = Ysync +

{
G sin 2π { f

}
∫ Dr (τ )dτ } for Dr line

(a) Anti-cloche filter in standard

t

G sin 2π fOB + ΔfOB ∫ Db* (τ )dτ for Db line
0

OR

+ ΔfOR

t

0

*

(5)
(6)

(b) Modified Anti-cloche filter
Fig. 1 Frequency response of anti-cloche filter and modified Anti-Cloche filter

Where fOB =4.25MHz, ΔfOB =230kHz, fOR =4.40625MHz,
and ΔfOR =280kHz. The G is used to reduce the visibility of the
sub-carriers in areas of low luminance and to improve the
signal-to-noise ratio of highly saturated colors.
Fig. 1(a) shows the characteristic of the anti-cloche filter
proposed by ITU-R standard. As we can see, the characteristic
of the filter is very narrow and sharp around the fO frequency
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{

t

CVBS = Y + G sin 2π f OB t + ΔfOB ∫ Db* (τ ) dτ

{

0

}

}

t

= Y + G sin 2π f O t + ( fOB t − fO t + ΔfOB ∫ Db* (τ )dτ )
0

t

= Y + G[cos 2π f O t ⋅ sin 2π {( f OB − f O )t + ΔfOB ∫ Db (τ )dτ }
*

0

t

+ sin 2π f O t ⋅ cos 2π {( fOB − fO )t + ΔfOB ∫ Db* (τ ) dτ }]
0

(7)
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Fig. 2 Block diagram of the TV-OUT video processor
t

CVBS = Y + G sin 2π fOR t + ΔfOR ∫ Dr (τ )dτ
*

0

}

}

t

= Y + G sin 2π f Ot + ( fOR t − fO t + Δf OR ∫ Dr * (τ )dτ )
0

t

= Y + G [cos 2π fO t ⋅ sin 2π {( f OR − fO )t + ΔfOR ∫ Dr * (τ )dτ }

(8)

0

t

+ sin 2π fOt ⋅ cos 2π {( f OR − fO )t + ΔfOR ∫ Dr * (τ )dτ }]
0

III.

Anti
_cloche

10

Anti
_cloche

vs

{

CVBS_on
S_Y_on
S_C_on

reg_store

in Eq. (2), Eq.(7) and Eq.(8). The programmable values in this
proposed video processor are controlled through the I2C
protocol. The controlled values are stored in the ‘reg_store’ for
the hardware operation. After the verifications are conducted,
the models are synthesized into gates to see the hardware
complexity by using the Synopsys synthesizer with the
Samsung 0.35-um library. Total gate counts are 66,854 gates
that a 2-input NAND is counted as one gate.

ARCHITECTURE DESIGN

When designing any hardware system, we contemplate such
issues as fabrication costs, hardware complexity, accuracy of
the system, speed of operation. The proposed video processor
considered the efficiency of system, primarily. Fig. 2 shows the
block diagram of the proposed video processor. The processor
is comprised of fourteen major building blocks. In the block
diagram, the blocks that have grey color use only in the case of
SECAM output mode. Thus, in the case of NTSC and PAL
mode, data is bypassed through these blocks. Other blocks are
used commonly for all output modes. The numerals represent
the signal’s bit width of each block.
Block ‘Time_gen’ generates various timing signals for each
block. The ‘Pattern_gen’ generates two kinds of internal
patterns of color bars in order to self-test the functions of the
proposed TV-out video processor. The ‘Format_conv’ converts
the BT.656 data into BT.601 data. The ‘Interpolator’ upsamples the 13.5 MHz rate to the 27 MHz. The ‘Conv_matrix’
converts the YCbCr into the YUV or YDbDr as shown in Eq.
(1) and Eq.(4). The ‘Y_1pf’ conducts digital filtering for the
luminance(Y) signals as shown in Eq. (3). The ‘C_lpf’
conducts digital filtering for the color component(C) signals.
The block, ‘Pre_emp’ is pre-emphasizing band-limited color
component signals of SECAM to prevent FM signal distortion.
The block, ‘Anti-cloche’, is filtering out and functions as the
Fig. 1(b). The block, ‘Base_mod’, works the low base-band
modulation as Eq. (7) and Eq.(8).
The band-limited signals through the ‘Y_lpf’ are then added
to horizontal sync, vertical sync and blanking signals in the
‘Add_sync’. The ‘Sub_gen’ generates the various sub-carriers
based on output formats. The ‘Modulator’ modulates the bandlimited color-component signals to the sub-carriers and
produces both the CVBS and the S-video of Y and C as shown

IV.

EXPERIMENTAL RESULTS

The proposed video processing system that is described by
Verilog hardware description language and the designed
models are verified by using the Cadence simulator [4]. The
Altera FPGA APEX20KE EP20K600EBC652-3 device and
17” TFT LCD are used to demonstrate the performance of the
proposed TV-out video processor [5]. Also, we verified
feasibility of the proposed system.4
Fig. 3 shows experimental results of proposed video
processor. Fig. 3(a) shows the display for full-screen 75%
M/NTSC color Bars and Fig. 3(b) shows the display for fullscreen 75% SECAM color Bars, respectively.

(a) NTSC CVBS
(b) SECAM CVBS
Fig. 3 Experimental results of real time verification of proposed video
processor

V. VLSI IMPLEMENTATION OF PROPOSED SYSTEM
The proposed system-characteristics are shown in Table 2.
In addition, to compare with the implemented results of other
TV-out video processors, [6] and [7] are listed in Table 2.
Chip layout of the proposed processor is shown in Fig. 4,
which is implemented in Samsung 0.35um, 1-poly, 4-metal
CMOS logic fabrication line with 67K logic gates(2-input
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Table II
COMPARISON WITH SOME TV-OUT VIDEO PROCESSORS

Proposed in this paper

Technology
Logic gates(2-input NAND)
Core area/mm2
On-chip memory
Supported ITU-R Standard
Supported Input Format
In / Out bit width
Operating Frequency
Core Supply Voltage

Samsung 0.35um CMOS
67K
2.2 × 2.2 ㎟
None
NTSC,PAL ,SECAM
BT.601/656 YCbCr [9],[10]
8 bits /10 bits
27MHz
3.3V only

NAND gate) in 2.2mm x 2.2 mm die. It is captured by
Synopsys Astro layout tool. We tested the proposed chip by
using the logic analyzer of Agilent 1684A. Fig. 5 shows the
result of test, which means that the chip is normally activated.
In the power consumption, the power will be constantly
consumed if all blocks are supplied with clock. So, we
designed the system so as to cut off the clock supply to the
anti-cloche filter and base-modulation blocks in case of NTSC
or PAL. In brief, the anti-cloche filter and base-modulation for
SECAM are not activated when output mode is NTSC or PAL.
Consequently, the proposed system can actively control the
power consumption by output mode [8].

[6] Proposed by Joohyun

Hynix 0.35um CMOS
104K
3.1 × 3.1 ㎟
None
NTSC,PAL, SECAM
BT.601/656 YCbCr
10bits /10bits
27MHz
3.3V / 5V

[7] Propose by
Analog device
Unknown
Unknown
Unknown
None
NTSC,PAL
BT.601/656 YCbCr
8bits/ 10bits
27MHz
5V only

complexity of the proposed processor is decreased since the
design of the high pass filter shown in Fig. 1(b) is simpler than
that of the very narrow band rejection filter shown in Fig. 1(a).
Moreover, we can obtain the simplified structure of the video
processor because NTSC, PAL and SECAM have the common
data path. The display of composite video signals on the TV
screen was also experimentally tested to demonstrate the
feasibility of the proposed video processor. It was fabricated in
the Samsung 0.35um 1-poly, 4-metal CMOS technology. The
proposed TV-out video processor can be reused throughout the
world for various consumer products such as mobile camera
phones, laptop computers, PMPs, etc.
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Abstract- In this paper, we have compared three recently
developed techniques for image enhancement and denoising.
These methods are based on the use of partial differential
equations, including second order, fourth order, and the complex
partial differential. We consider various well-known measuring
metrics used in image processing applied to standard images in
this comparison. In this study, it is shown that the capability of
the PDE-based approaches depends highly on the neighboring
structure. Our investigations show that in an image where the
energy of noise is low, the complex diffusion method offers a
better result in image denoising compared to other methods.
However, when the energy of the noise increases, performance of
the complex diffusion method declines. In general, for the case
when the energy of noise in an image is unpredictable, using the
heat equation for image denoising is recommended.

I.

INTRODUCTION

Noise reduction is usually the first process that is used in
the analysis of digital images. In any image denoising
algorithm, it is very important that the denoising process has
no blurring effect on the image, and makes no changes or
relocation to image edges.
There are various methods for image denoising. Using
simple filters, such as average filter, median filter and
Gaussian filter, are some of the techniques employed for image
denoising [1]. These filters reduce noise at the cost of
smoothing the image and hence softening the edges.
To overcome the above-mentioned problems, the partial
differential equations (PDEs) –based methods have been
introduced in the literature [2,3]. These methods assume the
intensity of illumination on edges varies like geometric heat
flow in which heat transforms from a warm environment to a
cooler one until the temperature of the two environments
reaches a balanced point. It was shown that these changes are
in the form of a Gaussian function [3]. Consequently, sudden
changes in edges might be due to the existence of noise. In
fact, an image includes a series of regions in which different
regions might have different standard deviations.
The paper is organized as follows: Section 2 briefly describes
the PDE-based approaches for image denoising. Section 3
introduces various metrics used for performance measuring
algorithms in this paper. The experimental results are provided
in Section 4. Finally, the conclusion is given in Section 5.

II. REVIEW THE PDE-BASED IMAGE DENOISING TECHNIQUES
The capability of PDE-based methods in image denoising
prompted many researchers to search for an improvement in
the technique [2,11]. In this section we introduce three recently
developed methods in image denoising.
A. The Second order PDEs
In recent years the second order PDEs are widely used for
image enhancement and denoising. Perona and Malik initially
proposed the idea [4] which is based on heat diffusion
equations. For an image I, the equation can be defined as
follows :
∂I ( x, y, t )
= ∇ ⋅ (c( x, y, t )∇I ( x, y, t ))
∂t
(1)
I ( x, y,0) = I 0 ( x, y )

Where ∇ is the gradient operator,

c( x, y, t ) is the diffusion
factor, and ∇ ⋅ is the divergence operator. If c has a constant
value (independent to x, y , t ), the obtained equation is called a
diffusion equation with an isotropic diffusion factor. In this
case, all points and edges would be smoothed as there is no
difference between a pixel on an edge and other pixels. It is
obvious that this is not an ideal solution. To resolve this
deficiency, the diffusion factor could be considered a function
of x and y . Hence, the above equation is changed to a linear
and anisotropic equation. If c is dependent on the image, the
linear equation would be transformed to a nonlinear equation.
This is the idea that was suggested in [5],[7]. In these
researches two different equations for the diffusion factor were
suggested as shown below:
1

c( x, y, t ) =
(1 +

| ∇ I |2

c( x, y, t ) = exp(−

k2

(2)

)

| ∇I |2
2k 2

)

(3)

In the above equations the diffusion factor c changes at
different points in the image. For those points where the
gradient of the image is large, this factor has a small value.
Consequently, the diffusion factor would be small around the
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edges, hence the edges are preserved from smoothing. In both
(2) and (3) k is used to control the diffusion factor.
Equation (1) is considered an efficient tool for noise removal
and scale space analysis of images. Although the method is
thought to be comparably better than the other methods [6], it
tends to cause blocky effects in images. These blocky effects
are visually unpleasant and the possibility of detecting them as
false edges by edge detection algorithms is high. Several
papers [5]-[8] have noted that anisotropic diffusions with
diffusion coefficients given by (2) and (3) are ill disposed in
the sense that images close to each other are likely to diverge
during the diffusion process. In [9] it is noted that even without
noise, a stair-casing effect can arise around smooth edges.
Since anisotropic diffusion is designed such that smooth areas
are diffused faster than less smooth ones, blocky effects will
appear in the early stage of diffusion, even though all the
blocks will finally merge to form a smoother image. When
there is backward diffusion, however, any step image
(piecewise level image) is a global minimum of the energy
functional, so blocks will appear in the early stage of the
diffusion and will remain as such [6].
B. The Fourth order PDEs

∇ 2 denotes the Laplacian
2
2
operator. Since f ( ∇ I ) is an increasing function of ∇ I ,
Where Ω is the image support and

its global minimum at
minimum of

∇ 2 I = 0 . Consequently, the global

E ( I ) occurs when:

2

∇ I =0

for all ( x, y ) ∈ Ω

(6)

A planar image obviously satisfies (5)[10], hence is a global
minimum of E(u). Planar images are the only global minimum
of E(u) if :

f '' ( s ) ≥ 0

for all

s≥0

(7)

because the cost function E(u) is convex under this condition.
Therefore, the evolution of (4) is a process in which the image
is increasingly smoothed until it becomes a planar image. But
in the case of second order anisotropic diffusion, ƒ"(s) may not
be greater than zero, and as a result the image evolves towards
a step image and that is why it suffers from blocky effects. So
on image processed by fourth order PDEs will look less blocky
than that processed by second order anisotropic diffusion.
In [7] two different functions have been proposed to measure
the oscillations in the noisy data and is given below:

∫

E1 ( I ) = ( I xx + I yy )∂x∂y
In the past few years, a number of authors have proposed
(8)
Ω
fourth order PDEs for edge detection and image denoising with
the hope that these methods would perform better than their or
second order analogues [6,9]. Indeed there are good reasons to
2
2
2
2
E2 ( I ) =
I xx + I xy + I yx + I yy ∂x∂y (9)
consider fourth order equations. Firstly, fourth order linear
Ω
diffusion dampens oscillations at high frequencies much faster
than second order diffusion. Secondly, there is the possibility The main difference between the two functions is that E2 (u) is
of having schemes that include the effects of curvature in the a rotational invariant while E1(u) is not. However the
dynamics, thus creating a richer set of functional behaviors. On implementation with E1(u) is more simple for higher
the other hand, the theory of fourth order nonlinear PDEs are dimensional problems. Based on the above functions Lysaker
th
far less developed than their second order analogues. Also such proposed the following 4 order PDE:
equations do not possess a maximum principle or comparison
 I yy 
 I 
∂I
principle, and the implementation of the equations could thus
 − α (I − I0 )
= −  xx  − 
(10)
 I 
introduce artificial singularities or other undesirable behavior
∂t
 xx  xx  I yy  yy
[11].
In this paper, we implemented and tested the fourth order where:
PDEs proposed in [5] and [7]. For these methods, the fourth

I
1  I
order PDEs, uses the L2 – curvature gradient flow method as α = − 2  xx ( I − I 0 ) xx + yy ( I − I 0 ) yy ∂x ∂y
(11)

I yy
σ Ω  I xx
below:


∫

∫

∂I
= −∇ 2 [c(∇ 2 I )∇ 2 I ]
(4)
∂t
2
Where ∇ is the Laplacian of the image I . Since the
Laplacian of an image at a pixel is zero if the image is planar in
its neighborhood, these PDEs attempt to remove noise and
preserve edges by approximating an observed image with a
piecewise planar image. The equation (4) was associated with
the following energy functional:

E ( I ) = ∫ f ( ∇ 2 I )∂x∂y
Ω

(5)

This method offers similar results when compared with the
method proposed in [6].
C. The Complex Diffusion
Complex diffusion is a comparatively new method and can be
applied for image denoising. This is a generalization of
diffusion and free Schrodinger equations. In various areas of
physics and engineering, it was realized that extending the
analysis from the real axis to the complex domain is very
helpful, even though the variables and/or quantities of interest
are real. Analysis of linear complex diffusion shows that the
generalized diffusion has properties of both forward and
inverse diffusion [12].
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In 1931, Schrodinger proposed the possibility of using
diffusion theory as a starting point for the derivation of the
equations of quantum theory. This idea was developed by
Fuerth who indicated that the Schrodinger equation could be
derived from the diffusion equation by introducing a relation
between the diffusion coefficient and Planck’s constant, and
stipulating that the probability amplitude of quantum theory
should be given by the resulting differential equation [13]. It
has been the goal of a variety of subsequent approaches to
derive the probabilistic equations of quantum mechanics from
equations involving probabilistic or stochastic processes.
Complex diffusion-type processes are encountered in quantum
physics and in electro optics. The time dependent Schrodinger
equation is the fundamental equation of quantum mechanics
[13] . In the simplest case for a particle without spin in an
external field it has the form:

∂ψ
η2
(12)
=−
∆ψ +V (x )ψ
∂t
2m
Whereψ = ψ ( x, t ) is the wave function of a quantum particle,
i η

m is the mass of the particle, η is Planck’s constant, V(x) is the
external field potential, ∆ is the Laplacian and
With an initial conditionψ

ψ (0, t ) ∈ L2 for
ψ (0, t ) = e

each

t =0

fixed

c(Im( I )) =

the

 Im( I ) 
1+ 

 kθ 

(17)

III. PERFORMANCE METRICS
In this paper four well known metrics are used to evaluate the
algorithms, which are introduced here briefly.

A: Figure of Merit Metric
The figure of merit (FOM) the edge preserving measure that is
defined as below [14]:

i = −1 .

solution

2

In the above equation k is the threshold parameter. The phase
angle θ should be small ( θ  1 ). Since the imaginary part is
normalized by θ , the process is hardly affected by changing
the value of θ , as long as it stays small [12].

∧

{

∧

max N , N

is

N

1

FOM =

= ψ 0 ( x) , requiring that
t,

eiθ

ideal

}

1

∑ 1+d
i =1

2
i

λ

(18)

∧

−i
tH
h

ψ 0 , where

the exponent is shorthand for the

corresponding power series, and the higher order terms are
defined recursively by

H nψ = H ( H n −1ψ ) . The operator:

H =−

η2
2m

∆ + V ( x)

(13)

called the Schrodinger operator, is interpreted as the energy
operator of the particle under consideration. The first term is
the kinetic energy and the second is the potential energy. The
duality relations that exist between the Schrodinger equation
and the diffusion theory have been studied in [13]. By solving
equations (1) and (12) we will get the following two equations:

I RT = CR I Rxx − CI I Ixx , I R ( x, y, 0) = I 0
I IT = CI I Rxx + CR I xx , I I ( x, y, 0) = 0

N ideal are the numbers of detected and
original edge pixels, respectively; d i is the Euclidean distance
between the i th detected edge pixel and the nearest original
In this equation N and

edge pixel; λ is a constant typically set to 1/9. The dynamic
range of FOM is between the processed image and the ideal
image. We used the Canny edge detector [15] to find the edge
in all processed results.
B: Structural SIMilarity Metric
The structural similarity etric (SSIM) proposed in [20]
consists of three different metrics. Let x = {x i i = 1, 2,3,..., N }

{

}

, y = yi i = 1, 2,3,...N be the original and the test images,

(14)

where IRT is the image obtained for the real plane and IIT is the
image obtained for the imaginary plane at time T and
CR = cos(θ ), CI = sin(θ ) . The relation I Rxx  θ I Ixx holds
for small theta approximation :

respectively. The proposed quality index is defined as:

SSIM = Q =

4σ XY XY
2
X

(σ + σ Y2 )[( X ) 2 + (Y ) 2 ]

(19)

where:

(15)

X=

where IR is controlled by a linear forward diffusion equation,
whereas II is affected by both the real and imaginary
equations. The above-mentioned method is a linear complex
diffusion equation. A more efficient nonlinear complex
diffusion can be written as in equation (16) :

1 N
∑ xi
N i=1

σ x2 =

1 N
1 N
2
2
(
x
−
X
)
,
σ
=
( yi − Y )2
∑
∑
i
y
N −1 i=1
N −1 i=1

σ xy =

1 N
∑(xi − X )( yi − Y )
N −1 i=1

I RT ≈ I Rxx ; I IT ≈ I Ixx + θ I Rxx

I t = ∇.(c(Im( I )∇I )

(16)

where:
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,Y =

1 N
∑Yi
N i=1
(20)

SIMM is [-1, 1]. The best value 1 is
achieved if and only if yi = xi for all i = 1, 2, 3,..., N . The

The dynamic range of

yi = 2 X − xi for all

lowest value of -1 occurs when

D: SNR Metric
The SNR is well known in signal processing like MSE. Its
definition is as follows:

i = 1, 2,3,..., N . This quality index models any distortion as a
combination of three different factors: loss of correlation,
luminance distortion, and contrast distortion. In order to
understand this, we rewrite the definition of Q as a product of
three components:

( SN R ) db = 10 log

σ xσ y

×

2 XY
2

( X ) + (Y )

2

×

2σ xσ y

σ x2 + σ y2

(21)

To compare the performance of the above-described
techniques in image denoising, they have been implemented
using Matlab. Then the algorithms were applied to 100
standard images provided in [18].
To find the numerical solution for the algorithms under
comparison, we used two neighboring structures shown in
Figure 1 [22].
N1

i = 1, 2,..., N , where a and b are constants and a >0. Even if x

N

and y are linearly related, there still might be relative
distortions between them, which are evaluated in the second
and third components. The second component, with a value
range of [0, 1], measures how much the x and y are close in
luminance. It equals 1 if and only if X = Y . σ X and σ y can
be viewed as an estimate of the contrast of x and y, so the
third component measures the similarities between the
contrasts of the images. Its range of values is also [0,1], where
the best value 1 is achieved if and only if σ X = σ Y .
Parameters α , β , γ are used to adjust the significance of each
of the three components. This metric can be implemented for
an image as below:

1
M

M

∑ SSIM ( x , y )
j

j

(22)

j =1

where X and Y are the reference and the distorted images
respectively, M is the number of local windows in the image,
SSIM is the Structural Similarity Index Matrix, xj and yj are the
image contents at the jth local window.
C. Mean Square Error (MSE) Metric
This metric is frequently used in signal processing and is
defined as follows

MSE =
Here,

1

N M

∑∑(Iorginal (i, j) − Idenoised (i, j))2

NM i=1

I original

(24)

IV. EXPERIMENTAL RESULTS

= s( x, y)α × l ( x, y )β × c( x, y)γ
The first component is the correlation coefficient between x
and y, which measures the degree of linear correlation
between x and y, and its dynamic range is [-1,1]. The best
y i = ax i + b for all
value 1 is obtained when

MSSIM ( x, y ) =





Here, when the denoised image has a large SNR it will be
closer to the original image and will have a better quality.

SSIM = Q = Q1Q2Q3 =

σ xy

2
 σ Signal
 2
 σ N oise
10

(23)

j =1

is the original image and I denoised is the

denoised image. In this metric, the smaller the MSE value, the
better is the denoising performance.
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Figure 1. The neighboring structures for numerical solution of
PDEs

In these experiments, to make the images noisy, the Gaussian
noise and impulse noise have been used with 64 as the average
value for both of the noises, and a variance of 400 for the
Gaussian noise, respectively. These noises have been added to
the images, once separately and then together.
The implemented results on 5 images are shown in Figure 2.
As can be seen from the figure, those algorithms that use the
neighboring structure shown in Figure 1.b have a better
performance.
It may need to be mentioned that in those equations which use
the structure shown in Figure 1.a, only horizontal and vertical
edges are under consideration. In using this neighboring
structure, the edges are considered sharp or sudden.
Consequently, a single point is assumed to be the edge, and
hence, preserved whereas in a real image the edges have a
smooth nature. Therefore the neighboring structure shown in
Figure 1.b can have a better performance when considering the
smoothly changing structure of edges. The results of the FOM
measure shown in Figure 2-a attest that the second neighboring
structure has a better performance in preserving edges.
The obtained results using the SSIM measure shown in Figure
2-b indicate that the second neighboring structure offers more
similar images to the original images.
Our investigations show that in an image in which the energy
of noise is low, the complex diffusion offers a better result in
image denoising compared to the other methods. However,
when the energy of noise increases, performance of the
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complex diffusion declines. In general, for the case where the
energy of noise in an image is unknown, using the heat
equation for image denoising is recommended.

The results of applying different algorithms on one of the
images are shown in Figure 3 for visual comparison.

Figure 2. Results of measuring performance of the compared algorithms on 5 different images have shown in Appendix I using: a)
FOM, b) SSIM, c) MSE, and d) SNR. (Right chart using Gaussian noise and Left chart using Impulse noise)
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Figure 3: the results of using different algorithms respectively from up to down and left to right: original image, noisy image, the rest ones are respectively
enhanced from of noisy image by using second order PDEs using neighboring structure based on Figure 1.a, second order PDEs using neighboring structure
based on Figure 1.b, fourth order PDEs using neighboring structure based on Figure 1.a, second order PDEs using neighboring structure based on Figure 1.b,
Complex PDEs using neighboring structure based on Figure 1.a, Complex PDEs using neighboring structure based on Figure 1.b

V. CONCLUSION
In this research various methods of PDE-based noise reduction
have been analyzed. In the analysis, various well-known
measuring metrics have been used. The results show that by
using the heat equations noise reduction gives a better result
compared to other methods. In addition, by using this method
the quality of the image is better enhanced.
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Abstract - This paper proposes a new feature
extraction technique for paper currency recognition.
In this technique, the texture characteristic is used
in the recognition. The Markov chain concept has
been employed to model the texture of paper
currencies as a random process. The method
proposed in this paper can be used for recognizing
paper currencies from different countries. In this
method only intact examples of paper currencies
from each denomination are used for training the
system. We tested this method on more than 100
denominations from different countries, and the
system was able to recognize 95% of data, correctly.

research for paper currency recognition [1],
initially the edges of patterns on a paper currency
are detected. In the next step, paper currency is
divided into N equal parts along a vertical vector.
Then, for these parts on each edge the number of
pixels is counted and fed to a three-layer, back
propagation neural network. For this method, to
overcome the problem of recognizing dirty worn
banknotes, the following linear function is used
as a pre-processor:

f ( x) = Fa x + Fb
I.

INTRODUCTION

With the development of modern banking
services, automatic methods for paper currency
recognition are important in many applications
such as in Automated Teller Machines and
automatic vending machines. The need for an
automatic
banknote
recognition
system
encouraged many researchers to develop a robust
and reliable technique [1], [2], [3]. Speed and
accuracy of processing are two important factors
in such systems. Of course, the accuracy may be
more important than the speed.
Paper currency recognition systems should be
able to recognize banknotes from each side and
each direction. Since banknotes may be defaced
during circulation, the designed system should
have a meaningful accuracy in detecting torn or
worn banknotes.
Currently, there is a number of techniques for
paper
currency
recognition
[1][2][3].
Symmetrical masks have been used in [2] for
recognizing paper currency in any direction.
Using this method, the summation of nonmasked pixel values in each banknote is
computed and fed to a neural network for
recognizing paper currency. This method uses
two sensors for the recognition of the front and
back of the paper currency, but the image of the
front is the only criterion for decision. In other

(1)

where x is the input image in gray scale, f(x) is
the output image; and Fa , Fb and N have the
values 3, -128 and 50 respectively [1]. In this
method, the algorithm depends on the number of
paper currency denominations. In other words,
complexity of the system increases by increasing
the number of classes. Therefore, this method
can be used only for recognition of a few
banknote denominations, for example, banknotes
of one country.
In [4], we employed characteristics of paper
currencies used by people for distinguishing
different banknote denominations. In fact, at first
glance, people may not pay attention to the
details and exact characteristics of banknotes for
their recognition, rather they consider the general
characteristics of banknotes such as the size, the
background color
(the main color), and
templates (texture) appearing on the banknotes
In many countries, the size and color spectrum of
some banknotes are very close to each other.
Further more, these characteristics of banknotes
from different countries may be too similar to
each other. Hence, these characteristics may not
be enough to easily distinguish between the
different banknotes. Consequently, we consider
template of the banknotes in addition to the
forgoing characteristics.
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55
50
10
9
2
7
6
1
0
0

32
806
292
65
47
41
53
7
2
0

15
301
1252
579
170
65
37
25
9
0

12
73
527
2192
783
180
61
41
18
0

10
48
168
622
6838
239
288
112
62
0

7
24
118
624
1869
5148
566
265
143
0

4
11
40
94
278
562
1267
1004
225
0

5
22
28
68
135
261
1000
12668
451
0

0
3
18
13
65
82
213
522
304
0

0
0
0
0
0
0
0
0
0
0

Table 1. Transition matrix ( N x ) for a 5 Euro banknote whose image was quantized to a 10-level gray
scale.

II.

FEATURE EXTRACTION

value of different states in the matrix is
computed as follow:

In this paper, texture characteristics of banknotes
are used for recognition. We use the Markov
chain concept [6] to model texture of the
banknotes as a random process. The features
employed in this paper are independent of the
way that a paper currency is placed in front of
the sensor. It needs to be noted that the proposed
technique may not be able to distinguish genuine
notes from counterfeits. Indeed, techniques such
as [8] which use infrared or ultraviolet spectra
may be used for discriminating between genuine
and counterfeit notes.
A random process {x k , k = 0,1, 2,...} is
called a Markov chain if the possibility value in
state x n +1 depends on just the possible value in
state x n , that is:

Pij =

(2)

This possibility can be shown by Pij . The state
space of a Markov chain can be shown in a
matrix, that is:

 P11
P
P =  21


 Pn1

P12 ... P1n 
P22 ... P2 n 

 

Pn 2 ... Pnn 

(3)

where n , is the number of states in the chain. In
a discrete time Markov chain, the possibility

(4)

n

∑n

ik

k =1

where n ij , is the number of transitions from
state

i to state j . Consideringn (4), matrix P

can be multiplied by the factor

∑n

ik

to obtain

k =1

 N11
N
N =  21
 

 N n1

P (x n +1 = β | x n = α , x n −1 = α n −1 ,..., x 0 = α 0 )
= P (x n +1 = β | x n = α )

nij

N12
N 22

Nn2

... N1n 
... N 2 n 
 

... N nn 

(5)

We use this matrix in this paper to differentiate
between textures in different denominations.
Although an image is recognized by the value of
its pixels at different places, the way that
adjacent pixels vary can also be used to
distinguish different images [7]. Therefore, we
consider the value of each pixel as one state,
hence, we compute the matrix in (6) for each
banknote.
We can scan the banknotes from top to bottom
and from left to right to obtain the transition
matrix across the row ( N x ) and across the
column ( N y ). Table 1 shows the transition
matrix N x obtained for a 5 Euro banknote
whose image was quantized to a 10-level gray
scale. To reduce the feature space we only use
the values on the main diagonal in this paper.
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U.S.A

Kinds
of
paper
currency
20 (B)

U.S.A

20 (F)

U.S.A

50 (B)

U.S.A

50 (F)

EURO

5 (B)

EURO

5 (F)

EURO

50 (B)

EURO

50 (F)

U.A.E

10 (B)

U.A.E

10 (F)

U.A.E

20 (B)

U.A.E

20 (F)

IRAN

1000 (B)

IRAN

1000 (F)

IRAN

10000 (B)

IRAN

10000 (F)

Main Diagonal
4

22
863 3913 8480 10431
12408 46574 44053 74 0
0 95 4616 8808 10112
11860 36505 65997 2550 0
0 399 3020 6708 9483 7676
15642 63371 23012 0
0 0 0 47 508 4653 12968
24605 7591 0
55 806 1252 2192 6838
5148 1267 12668 304 0
5 121 1242 2867 3746 7288
5846 10954 167 0
0 770 663 2142 5451 8240
9487 27912 31068 0
3 23 448 1523 7027 9603
16062 26328 23621 1
22 58 330 684 1567 4123
8848 14439 983 0
0 0 108 954 2499 3541 11242
14063 6278 0
41 300 450 782 1361 3733
5081 27814 2521 1
0 5 304 525 1227 2291
6940 34987 3783 0
7 21 74 1866 4239 3716
3564 34123 3068 0
0 0 0 47 508 4653 19968
24605 7591 0
0 51 2403 3326 2727 4228
11950 10488 19868 0
0 12 61 498 2429 5035
14631 12657 21796 0

7

x 10

6
5

Values

Countries

4
3
2
1
0
1

2

3

4

5

6

7

8

9

10

Index number of the main diagonal for the transition matrix

Figure 1. The main diagonal values of the transition
matrix extracted from the back image of 20$ (solid
line), 50$ (dashed line), 5€ (dash dotted line), and

50€ (dotted line) represented in Table 2.

currency recognition system is described as
follows:
a) Image of the banknote is transformed to
an image in gray scale [5].
b) The transition matrices ( N x and N y )
are computed for the banknote, then, the
main diagonal values of the matrices
(namely D x and D y ) are extracted as a
feature for distinguishing between different
denominations.

Table 2- Name of the countries, their banknote
denominations and the main diagonal of the
transition matrix used in the assessment process.
In this table B and F represent the back and front
of the paper currency.

c) The paper currency under analysis is
assigned to a denomination class if the
Euclidean distances between the main
diagonal elements of its transition matrices
( D x and D y ) and the main diagonal
elements of the corresponding matrices of
the reference banknote ( D Rx and D Ry )
are smaller than a predefined value.

Our investigation shows that the main diagonal
values are enough to distinguish different
denominations.
Table 2 shows the main diagonal of different
paper currencies. These values associated with
the transition matrix extracted from the back of
20$, 50$, 5€, and 50€ represented in Table 2
have been drawn in Figure 1. As can be seen
from Table 2 and Figure 1, the values on the
main diagonal of the transition matrix of
different paper currencies are different. Hence, it
can be used as a feature for recognition.

IV.

RECOGNITION
BANKNOTES

OF

DIRTY

The above algorithm has good accuracy in
recognizing banknotes which are not dirty. In
other words, it has the desired accuracy in
recognizing banknotes, even torn banknotes.

III. PAPER CURRENCY RECOGNITION
The technique proposed in this paper is
independent of the number of paper currency
classes. The algorithm of the proposed paper
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(a)

(b)

Figure 1- Using the linear transform function to reduce the effect of dirt: a) before filtering ,

 Fa x

f ( x) = 
x


To improve the accuracy of the proposed method
in recognizing dirty banknotes, it
is necessary to pass the paper currency through a
filter in order to reduce the effect of dirt by
improving the lightness of the image. In fact, a
dirty paper currency is one for which the
darkness of its image has increased. The
important point is that the severity of the
increased darkness is almost the same on the
whole surface of the paper currency.
Consequently, to reduce the effect of dirt on the
image a linear transform function could be very
helpful [1]. Hence pixels of the images are
multiplied by a factor as follows:

f ( x) = Fa x

b) after filtering.

if
if

x < 125

 (7)
x ≥ 125 


In Figure 1, images of a dirty paper currency and
a clean paper currency have been shown before
and after implementing the filter in (6). As the
figure shows, the image of the dirty banknote has
been improved and the lightness of the clean
banknote after filtering is acceptable.
In the proposed method, both sides of the
banknotes have been used in the recognition. In
fact, both sides are processed separately. The
system should assign the same denomination to
both sides; otherwise the banknote is assigned to
an unknown class.

(6)

where x is the gray scale of the input image
and Fa >1. Applying the linear transform
function on a clean banknote gives it an
excessive lightness. In the proposed method all
banknotes (dirty or clean) are passed through the
preprocessing stage, hence, the filter should not
cause a noticeable change on clean banknotes.
For this reason we suggest the following
function:

V. PERFORMANCE EVALUATION
To assess the performance of the proposed
method the technique was applied on 101
different denominations from 23 countries (see
Table 3). The technique described in Section 3
was applied
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Countries
Azerbaijan
Jordan
Afghanistan
U.A.E
Iran
U.S.A
Pakistan
Turkmenistan
Turkey
China
Russia
Japan
Syria
Iraq
Saudi Arabia
Kazakhstan
Qatar
Kuwait
Euro
India
Kyrgyzstan
Uzbekistan
Armenia

Kinds of paper currency
500,1000,10000,50000
1,5,10,20
5,10,20,50,100,500
5,10,20
1000,2000,5000,10000, 20000
1,2,10,20
5,50,100,500,1000
500,1000,5000,10000
10,20,50,100
10,20,50,100
10,50,100,500
1000,2000,5000,10000
100,200,500,1000
250,5000,10000,250000
5,10,20,50
200,500,1000,5000
1,5,10,50
1/4 ,1,10,20
5,10,20,50,100,200,500
5,20,100,500,1000
20,50,100,500,1000
100,200,500

REFERENCES
[1] E. H. Zhang, B. Jiang, J. H. Duan, Z. Z. Bian,
“Research on Paper Currency Reconition by Neural
Networks”, Proceedings of the 2nd Int. Conference on
Machine Learning and Cybernetics, 2003.
[2] F. Takeda and T. Nishikage, “Multiple Kinds of
Paper Currency Recognition using Neural Network
and application for Euro Currency”, IEEE Int. Joint
Conf. on Neural Networks, pp:143-147, 2000.
[3] F. Takeda, T. Nishikage and Y. Vatsuwato,
“Characteristics Extraction of Paper Currency using
Symmetrical Masks Optimized by GA and Neurorecognition of Multi-national paper currency”, World
congress on computational Intelligence, vol. 1, pp:
634-639, 1998.
[4] H.Hassanpour, A. Yaseri, and G. Ardeshiri
"Feature Extraction for Paper Currency Recognition",
International Symposium on Signal Processing and its
Applications (ISSPA), Sharjah, UAE, 2007.

500,1000,2000,5000,20000, 50000

[5] C. H. Gladwin, Ethnographic Decision Tree
Modeling, Sage Publications,1989.

Table 3- Name of the countries and their
banknote denominations that were used in the
assessment process.

[6] M. Iosifescu, Finite Markov Processes and Their
Applications, Wiley, New York, NY, 1980.
[7] M. Kim, D. Kim and S. Lee, “Face recognition
using the embedded HMM with second-order blockspecific observations” Pattern Recognition, vol. 36,
no. 11, pp. 2723-273, 2003.

to both sides of the banknotes, and it could
successfully recognize all of the banknotes. In
this experiment the algorithm was set for
Fa = 1.2 and gray scale level for the transition
matrix was 10.

[8] A. Vila a, N. Ferrer b, J. Mantec´on c, D. Bret´on
c, J.F. Garc´ıa “Development of a fast and nondestructive procedure for characterizing and
distinguishing original and fake euro notes”, Analytica
Chimica Act,. no. 559, pp. 257–263, 2006.

VI. CONCLUSION
This paper proposed a new technique for
recognizing paper currencies of different
countries. The technique uses texture
characteristics of paper currencies. For this
method the system can be trained for a new
denomination banknote by just introducing one
intact example of the banknote to it. In addition
the system may recognize the banknote on each
side or in any direction. The performance results
of applying the proposed methods on banknote
denominations of 23 different countries indicate
that the technique has 95% accuracy.
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Abstract: This paper presents preliminary results
of a new image compression method. The
‘ShadeTree’ method provides compression
performance approaching the standard JPEG format
but with greatly reduced computational complexity.
It works by tessellating an image into a set of
smooth shaded polygons that can be directly
rendered using standard computer graphics
algorithms without further processing.

The various enhancements made to quadtree
schemes to match the performance of transform and
wavelet based approaches have come at the cost of
increased complexity. Similar coding performance
means similar coding complexity and more
importantly decoding complexity. In contrast the
work reported in this paper was based on
developing a compressed image format met the
following objectives:

Keywords:
computing

(a) Reduce computational complexity for low
power computing.

Image

compression,

embedded

1.
Introduction
In very low power and embedded computing
environments performance constraints often limit
the use of computationally complex image
compression standards. Decoding a 1.35 MB JPEG
image on a 16.5 MIPS microcontroller for example
takes 49 seconds. [1]. Alternatives such as quadtree
based image compression have been investigated
for many years [2, 3]. One of its main attractions is
its decoding simplicity and good overall
performance. It provides a mechanism to perform
adaptive or non-uniform sampling of an underlying
image based on its local statistics. In a quadtree,
each leaf is used to represent the colour of uniform
regions in tessellated images. Due to this pointsampling characteristic, quadtrees typically split up
non-flat shaded regions into smaller and smaller
regions until their variation falls below a given
threshold. A number of adaptations have been
proposed to improve quadtree based coding in the
context of smooth image shading [4]. These are
based on approximating the colour between leaf
nodes using first or higher order interpolation. They
may also use iterative optimisation methods
together with node pruning and merging strategies
improve coding performance. These methods have
been reported to achieve performance on par with if
not better than the wavelet based JPEG2000 image
compression standard [5].

(b) Reduced algorithm complexity for ease of
implementation.
(c) Compression performance same as or similar to
existing compression standards.
2.
Interpolating Quadtrees
A traditional quadtree recursively divides an image
into quadrants. Each quadrant is described as either
a node if it has children or a leaf that containing the
colour value of the region it represents as shown in
Figure 1 below.
Image

Quad Tree
A B
1 2
4 3 D

A

D

B

Leaf Node
Non-Leaf Node

1

2

3

4

Figure 1 Typical Quadtree Structure
This approach can be extended to handle smooth
shaded regions by using the leaves to represent
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point samples at the centre of each region instead of
area samples and interpolating pixel values between
leaves as shown below in Figure 2

Figure 3 Corner Sampling

Figure 2 Interpolating leaf values
In the case of two-dimensional images, the nonuniform sample distribution created by the quadtree
makes direct bilinear interpolation impossible.
Difficulties arise with treatment of image
boundaries, and non-equidistant spaced leaf values.
These problems are normally overcome by using
methods such as cubic spline surface fitting with
assumed smoothness constraints. With this and
similar approaches, the interpolated pixel values in
each quadrant are dependent on usually at least four
leaf values in each direction of neighbouring
quadrants. These methods are reasonably effective
but tend to be as computationally complex as
standard compression methods such as JPEG being
of the order O(n2 log n).
3.
Shaded Quadtrees
A simpler solution would be to interpolate in from
the corners of each quadrant rather than out from
the centres. Each quadrant can then be processed
independently of its neighbouring quadrants. In this
case instead of providing a single sample at the
centre of the region at each leaf we provide values
of samples for each region corner as shown in
Figure 3.
In this situation we can directly use bilinear
interpolation without the need for any assumed
constraints. As corners may be coded multiple
times a simple prediction scheme may be used to
avoid recoding an edge that has already been
processed.

In the case of images, we start with the values at the
four corners of the image. In a traditional quadtree
structure splitting a quadrant generates four (area)
leaf node values. In a ShadeTree, splitting a
quadrant requires values for each of the corners of
the quadrants that will be formed by the split that
are not already available. In the example shown in
Figure 4 the left side shows an image before being
split. Splitting the image into the first four
quadrants requires initialising the encoding by
sending the corners of the original image, followed
by the values 0…4 as shown. Next, splitting the top
right quadrant requires sending values 5…9.
x

x

x

1

x

... 2

0

3

x

4

x

x 7 1

x

6 5 8

x

x

...

2 9 0

3

x

x

4

Figure 4 Quadrant Splitting
Statistical redundancy is then removed from the
resulting linear tree structure through the use of an
appropriate symbol encoding method.
The entire image is essentially transformed into list
of shaded polygons. Decoding simply involves
reading the corner values for each quadrant from
the linear quadtree and passing them to a shaded
polygon render to be drawn to the display buffer.
Shaded polygon rendering is an algorithmically
simple and very high-speed operation that is the
core of all computer graphics systems, whether
implemented in hardware or in software. The
decoding algorithm is as follows:
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Begin
Read image corner values a,b,c,d from input
Call FillQuadrant(a,b,c,d) for entire image
End

implementation was written for clarity rather than
speed. The result for the ShadeTree coder didn’t
consider entropy-coding overheads, but does
include the time for shaded polygon rendering in
software.

FillQuadrant (TL, TR, BL, BR)
Begin
Read first (X) byte from input
If value is zero then return
FOR current quadrant Do
Begin
If we don’t have L value read input
If we don’t have T value read input
If we don’t have R value read input
If we don’t have B value read input
Call FillQuadrant (TL, T, L, X)
RenderPolygon (TL, T, L, X)
Call FillQuadrant (T, TR, X, R)
RenderPolygon (T, TR, X, R)
Call FillQuadrant (L, X, BL, B)
RenderPolygon (L, X, BL, B)
Call FillQuadrant (X, R, B, BR)
RenderPolygon (X, R, B, BR)
End

The rate distortion results in Figure 5 demonstrate
that the ShadeTree together with an entropy coder
performs better than standard quadtree coders and
close to but not as well as JPEG. (The decoded
image is shown in Figure 6 and 7.) This result is
largely due to not having used a bit allocation
process to optimise the rate distortion performance.
It has been shown that use of iterative bit allocation
techniques in tree-structured codecs can achieve
performance exceeding that of both JPEG and
JPEG2000 [5]. We are confident that the
performance of the ShadeTree method can
significantly be improved by optimising bit
allocation using appropriate bit allocation methods.
Rate-Distortion
40

38

4.
Experimental Results
The performance of ShadeTree was compared
against traditional quadtree and JPEG coders in
terms of rate distortion and decoding speed. The
decoding tests were performed using a 384x256
grey scale casa.png image and the rate distortion
tests were performed using a 512x512, grey-scale
LENA image.

36

34

32

P
S 30
N
R 28
26
JPEG

24

Codec

ShadeTree

Ticks

RLE

0.14

ShadeTree’

0.55

JPEG

1.0

22

Quadtree

20
0

0.2

0.4

0.6

0.8

1

1.2

BPP

Table 1 Decoding Times

Figure 5 Rate Distortion Performance

The normalised decoding performance of the
ShadeTree algorithm as shown in Table 1 indicates
that it is roughly twice as fast as JPEG and just over
three times slower than simple run-length encoding.
Being a work in progress a few caveats need to be
taken with regard to the results. First the highly
optimised IJG library was used to implement the
JPEG encoder/decoder while the ShadeTree
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such as using an iterative bit allocation method to
optimise its rate distortion performance.
Improvements can also be made to the image
quality in areas of high variations in the image by
Haar transform encoding those regions. The method
is particularly suited to low power microcontrollers
or simple hardware implementation.
Figure 6 JPEG (L) & ShadeTree (R) at 0.5 BPP

6.
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network [5]. Previous attempts to improve headphone listening
have
been made by reversing the phase of stereo channels and
stereo widening using an efficient approach for headphones.
introducing
the delays between them of the order of 1 ms [2]. A
Our system is based on centre signal to side signal ratio
and uses suitable delay lines and tuneable gain parameters majority of existing schemes use a decorrelator and crossfeed
to explore binaural cues. An extensive study is performed network to explore ITD to widen the sound image. In this paper
on centre to side phantom image shift analysis for better we propose a new approach which uses dominant binaural cues
audio externalization effect. The lateralization effect is like ILD and ICC along with ITD for realistic sound. The
highly minimized and appreciable externalization is proposed stereo widening scheme involves boosting of side
obtained through implementation of IID, ITD and ICC signal (i.e., L-R, difference signal) and reducing the correlation
binaural cues. This paper also proposes the use of one between the two channels. Our system comprises of three
dominant early reflection circuit to generate spaciousness modules, Difference circuit, Crossfeed circuit and the Early
in the stereophonic sound. The results obtained are Reflector circuit. The Difference circuit boosts the side signal
satisfactory and encouraging to proceed for real-time audio in order to make the side components of the L and R signals
more prominent. The crossfeed circuit simulates the
post processing applications for headphones.
loudspeaker environment over headphones using inter-channel
time difference (ITD) and inter-channel level difference (ILD).
Keywords Binaural Cues, stereo widening, externalization, delay, The early reflector circuit extracts one dominant early
reflection and adds it back to the original signal with different
headphones.
delay lengths for both the channels. This helps to lower the
I. INTRODUCTION
inter-channel coherence (ICC) by making the signals out of
phase. The detailed description of all blocks is given in section
Stereophonic headphones are common in our daily life. V. Our proposed model reduces the in-head localization and
Stereophonic system is an audio device with two channels of widens the stereo phantom image towards the left and right ears.
information over headphones. In stereophonic reproduction the This algorithm is expected to be useful as an audio post
listener perceives sound images along a line between the processing unit and could fit inside the headphones or can be
headphones [1]. In general, stereophonic headphones create a used independently for a rich widened stereo listening
spatial impression of 60 degrees. Exposure to this unnatural experience.
sound effect for prolonged period of time may eventually cause
III. BINAURAL CUES
sound appearing from with-in (in-head localization) and fatigue
[2]. Low frequency components in almost any music (e.g. bass
Binaural cues are the parameters that measure the extent of
guitar) always appear as coming from inside the head. This inhead localization is unique to recorded music.[3] Several the ‘spaciousness’ of the sound. ILD, ITD, and ICC are the
solutions have been proposed by researchers to externalize the three major binaural cues which play an important role in the
sound with the use of binaural cues[4] and the research is still localization and externalization of the sound.
underway. While evaluating the widening effect, the broader
externalization of the audio phantom image and minimum
spectral coloration are major factors to be considered.
Abstract-This paper proposes a novel system for achieving

II. APPROACH AND METHODS
ITD

Basic stereo widening can be achieved by generating
decorrelated signals in the left(L) and right (R) channels with
the help of binaural cues by using phase shift network or delay
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Fig.1. Inter-Channel Time Difference

The time delay between the sounds arriving at the left and
right ears differs depending on the location of source as shown
in figure(1), called inter-channel time difference (ITD). Interchannel Time Difference (ITD) is a primary horizontal
localization cue and is a function of frequency. As the sound
intensity in free field is inversely proportional to the square of
distance from the source, the sound appears

ILD

Fig.2. Inter-Channel Level Difference
to be louder to the ear which is close to it. This phenomenon is
called ILD as shown in figure (2). Similar to ITD and ILD,
Inter-channel coherence (ICC) also plays an important role in
the creation of more spaciousness in the sound. ICC is the
cross-correlation function between the impulse responses at the
two ears. Low ICC results into more spacious sound and a
greater feeling of immersed ‘fuller’ sound image. Along with
these binaural cues head shadow, torso reflections also play a
major role for realistic listening scenario [6].
IV. CHALLENGES IN AUDIO EXTERNALIZATION
The major challenges for the successful implementation of
audio externalization involve:
a.
b.
c.
d.

Decorrelation of the Left and Right Channel
Increasing the Side signal (S) to Center signal (C)
ratio and determining the widening measure
The spectral coloration
Cross talk for spatial envelopment

be minimized by using static decorrelation technique in which
stereo channels are passed to two different all pass filters either
with random phase characteristics or with complementary
phase characteristics. Dynamic decorrelation can be obtained
by calculating all pass filter with random phase response for
every new time frame [7]. Preferably IIR filters are used in
dynamic decorrelation as the filter coefficients can be easily
updated by randomly varying the distances of the poles and
zeros from the unit circle [8]. In the conventional stereo, centre
signal appears to come from middle of the listeners head. The
side signal is a sound that comes from the surrounding rather
than directly from the sound source. The centre signal
components are 0.707*(L+R) and side signal components are
0.707*(L-R). The S/C ratio can be increased by adding the
attenuated delayed side signal to Left and Right channels.
These two signals C(shown in solid line) and S(shown in
dashed dot line) are perpendicular to each other and form a
new coordinate system, as shown in figure (3). The ratio of S/C
is a measure to determine the extent of widening of signal. A
highly widened signal possess high S/C ratio and vice versa.
Almost all of the stereo widening algorithms create a little or
some spectral coloration to the signal because of the feedback/feed-forward delay networks [9]. Since the early
reflections are the major cause for the coloration effect on the
audio signal, our model uses only one dominant early reflection
to minimize the spectral coloration. In the loudspeaker setup,
the sounds which are intended to be heard on only one channel
leak onto the other channel and is called as crosstalk. This
phenomenon is frequency dependent in which lower
frequencies gets diffracted and high frequencies get attenuated
by almost nearly 20 dB. The crosstalk that is present in normal
hearing is mimicked by mixing a time-delayed and low pass
filtered signal of one channel to the other channel.
V. IMPLEMENTATION
Our method involves time domain approach for audio
externalization, as shown in figure (4). The detailed description
of our algorithm is explained in this section.
Stereo
Input

Difference

Crossfeed

Early

Circuit

Network

Reflector

Widened
Stereo
Output

Fig.4. Stereo Widening system

Fig.3. Scatter plot showing the centre signal (L+R) and side
signal (L-R) components
As the above problems are not related to each other directly,
different solutions exist. In general, correlation coefficient can

A. Difference Circuit
The block diagram of the difference circuit is shown in figure
(5). Let Lin and Rin be the stereo audio channels in time domain.
The input signals are passed through the optional decorrelator,
consisting of two all-pass filters of linear phase characteristics
that introduce complementary phase shifts in the left and right
audio channel [10]. The decorrelator is highly useful if the
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stereo channels are highly correlated. Decorrelation reduces the
timbral coloration when applied to individual channels [8]. By
this method the cross correlation coefficient of left and right
channels is highly reduced as shown in figure (6). The
widening is achieved by enhancing the directional information
in each channel. The side signal is delayed in the range of 10
ms to 25 ms. Empirically, the delay of 15 ms was selected as
optimum as the delay exceeding 25 ms may incorporate echo
artefacts and more timbral coloration.
+
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on headphones a crossfeed network can be used to recreate
inter-aural crosstalk [11]. The low frequency sounds gets
diffracted as they go behind the head. The high frequency
sounds above 1.5 KHz are blocked as the sound wavelength is
short compared to the head dimension, also termed as head
shadow effect. ITD and ILD cues are prominent cues below
1.5 kHz and head shadowing becomes prominent above 1.5
kHz [12]. The cross-feed circuit is shown in figure (7) which
simulates the inter-channel cross talk. The delay (∆d) is chosen
as 15 samples (We assume that it takes 0.3 ms for sound to
reach from loudspeaker to listener at 44.1 KHz sampling
frequency). The delay introduced in cross talk path is ∆x =
(∆d+itd) where itd is the inter-aural time difference which is
approximately 9 samples (0.2 ms). The direct path signal is
passed through an all pass filter (Hd). Cross path signal is
passed through a cross talk filter (Hx) which is a low pass filter
of cut-off frequency 2 KHz. Delayed cross talk filtered output
from the left channel is multiplied by cross-feed gain parameter
‘β’ and added to right channel and vice versa. The cross-feed
gain parameter controls ILD between the cross path and direct
path. The gain parameter is chosen in the range of 0.3 to 0.7.

The delayed difference signal is passed through the band pass
filter (BPF) for frequency selective spatial enhancement.
Default is the band pass filter with cut-off frequencies 250Hz
and 12 KHz for lower bound and upper bound respectively.
The output of the BPF is attenuated by a widening depth
parameter ‘α’ and added to the left channel and the 180 degrees
phase shifted signal is added to the right channel. This circuit
increases the side to centre signal ratio, thus enhancing the
spatial fidelity of the signal.

+

Hd

Ld

Fig.5. Block diagram of difference circuit

Z -∆d
Z -∆x

BPF

+

Hx

β

Hx

β

Z -∆x

Lc

APF

BPF

Z -∆d

+

APF

Rd

Hd

+

Rc

Fig.7. Block diagram of Crossfeed circuit
C. Early Reflection Circuit
Out of head localization can be achieved by adding the
appropriate amount of indirect sound to direct sound. The
system shown in figure (8) simulates the addition of a single,
dominant early-reflection by using a feed-forward delay
network.
Lc

Fig.6. Cross correlation plot of original stereo channels (top)
and the decorrelated stereo channels (bottom)
B. Cross-feed circuit
It is a well known phenomenon that crosstalk occurs when
the left ear hears a little of the right channel signal and vice
versa in a loudspeaker set-up. To create similar listening effect
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Rc

+

LPF

Z -∆p

LPF

Z -∆q

γ

+

γ

+
+

Fig.8. Early Reflection Circuit

Lout

Rout

The early reflections provide most of the spatial information,
recognizable directionalities as well as distinct arrival times of
an environment [13], [14]. A low pass filter is inserted in the
delay loop as suggested by Schroeder [15] and Moorer [16] as
the walls tend to absorb more high frequencies than low
frequencies in a room environment. In our implementation,
each channel signal is added to a delayed attenuated version of
the channel itself, to reduce the inter-channel coherence while
preserving the quality of the signal. The two slightly different
delays are used in both the channels to minimize the Inter
channel coherence. Empirically we have chosen the gain
parameter, ‘γ’ as 0.5 and the ‘∆p’ and ‘∆q’ delays can lie in the
range of 5 ms to 10 ms and the difference between two delays
was selected as 3 ms for good results. Thus, the lower ICC
improved the spatial legibility and immersiveness in the stereo
audio channels.

experimentation shows that the appreciable extent of
externalization is achieved without affecting the timbral quality
of original signal. Since our approach was limited to time
domain, it opens up many possibilities for future extensions
using frequency domain analysis. Flexible modifications are
possible within our approach, as HRTF processing and use of
additional cues like pinna cues etc., along with late
reverberation could result in better realistic listening.
Rating
5

4

VI. RESULTS
3

0
Country

Hiphop

Vocal

Disco

Folk

Rock

Widening and sensation of externalization
Widening
Better than Original
No difference
Poor quality

1

Jazz

5.
4.
3.
2.
1.

2

Pop

To evaluate the model more systematically, the subjective
listening tests and objective tests were performed. In subjective
listening tests, the task of the listener was to perceive the extent
of pleasing widening effect and sensation of the externalization
with reference to the input audio. A variety of music genre
(Pop, Rock, Hip-hop etc.,) of CD quality dataset was collected
and subjectively evaluated by 25 listeners independently. They
are asked to rate the quality by giving a 1 - 5 score. The rating
is as follows (with respect to the input audio):

Fig.9. Results of subjective listening tests

The average rating for each dataset corresponding to various
music genres is shown in figure (9). From the results, as shown
in figure (9), we notice that for most of the music genres, our
system gives good widened output. The listeners felt an
appreciable amount externalization for genre’s containing more
high frequency signal components.
In objective tests, statistically we have measured the extent of
widening by plotting the histogram of the difference signals as
shown in figure (10). Most part of the difference signal of the
conventional stereo is concentrated at the centre while the
difference signal of the widened audio is more spread towards
left and right ears. The centre signal is almost reduced one
third when compared to the original stereo.
VII. CONCLUSION
We conclude that ILD, ITD and ICC are the dominant cues
for externalization giving the sensation of the widened sound
stage on headphones which further helps to lessen fatigue. Our
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Fig.10. Histogram of difference signal Conventional stereo (top) and widened stereo (bottom)
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Abstract-This paper presents a new adaptive image quality
enhancement algorithm and hardware implementation for
reducing ringing artifacts. The proposed system operates with a
block structure and 24-bit RGB data. Based on the modified Kmeans algorithm, two representative colors are generated in
neighboring each block of the image, and ringing artifacts are
reduced by moving all the pixels in each block to the closer of the
two representative colors. The proposed system has been
demonstrated experimentally by using a Xilinx VirtexII FPGA
XCV6000, USB interface board, and a conventional CMOS sensor
module for mobile application.

I.

INTRODUCTION

Compression and interpolation are used in a variety of video
devices such as mobile camera phones, digital cameras, and
TV sets [1]. These devices use compressed video data;
therefore, in order to display the compressed data, they should
use interpolation to generate the missing data. For a higher data
compression ratio, more visual artifacts are generated due to
quantization and truncation errors involved in interpolation.
We focus on the ringing artifacts of some visual artifacts.
Ringing artifacts are generated due to noise yielded by the
boosted high-frequency components. We observe an
International Organization for Standardization (ISO) resolution
chart image with ringing artifacts; this image was taken by a
mobile phone camera with a CMOS sensor module with the
Bayer pattern. Since each pixel of the image through the Bayer
pattern has only one of the three colors, we use color
interpolation to generate the missing color data. This is when
ringing artifacts are generated. Therefore, this paper presents
an ringing artifacts removing algorithm and a system called
Advanced Detail ENhancement (ADEN)

In order to handle the algorithm, we first decide the number
of clusters, which is denoted by K. Assume a point in a cluster
as the center. We calculate the distances between the assumed
center and all objects. The objects that are the closest to a
particularly assumed center are grouped into one cluster. In the
next step, all of the distances in each cluster are iteratively
summed to obtain a new center in each cluster. The
optimization process involves the determination of a center
such that the smallest sum is produced; this is the final point in
each cluster. However, too many iterations are required in the
abovementioned K-means process to determine each final
point. Therefore, we propose a modified K-means algorithm
that will be used in ADEN. There are two modifications made
to the K-means algorithm. One is that the number of clusters is
two (K = 2). The other is that the number of iterations is
limited to only one [3]. Figure 1 shows the modified K-means
algorithm on three-dimensional RGB spaces.
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II. PROPOSED ALGORITHM
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ADEN is based on a block structure and on 24 bits of RGB
data. The block size is 16 × 16 pixels. For each block of the
image, we set two representative colors by the K-means
algorithm which is clustering objects based on attributes into K
mutually exclusive partitions (K, positive integer) [2].

C1

Pixel
distribution

5

6

B2

R B
(c)
(d)
Figure 1. Diagram of the modified K-means algorithm

R

In Fig. 1(a), we select two pixels having maximum and
minimum values of luminance among all of the pixels in the
block. We know that ① is the pixel with the maximum value
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of luminance and ② is the pixel with the minimum value of
luminance in the pixel distribution. For the modified K-means
algorithm, we consider the ① and ② as the initial points,
Y_Max and Y_Min.
In Fig. 1(b), we divide the pixel distribution into two parts
far and close by the halfway line and define two clusters, C1
and C2. Eq. (1) groups all the pixels in each block into C1 or
C2 by comparing the distance between each pixel and the
initial points and summing up the value for each pixel.

Using the dot product, we can obtain the pixel locations in the
outer region between B1 and B2. Further, we can select pixels
within the spheres S1 and S2 using limited distance. We define
two clusters C3 and C4 in Fig. 1(c).
if ((dist3_1 <= limitdist ) || (dotproduct3_1 <= 0 ) )
t2 rp1 = t2 rp1 + Rin ; t2 gp1 = t2 gp1 + Gin ;
t2bp1 = t2bp1 + Bin ; N 21 + +;
else

if ( dist 2_1 <= dist 2_2 )

else

" idle "

if ((dist3_2 <= limitdist ) || (dotproduct3_2 <= 0 ) )

t1 rp1 = t1 rp1 + Rin ; t1 gp1 = t1 gp1 + Gin ;
t1bp1 = t1bp1 + Bin ; N 11 + + ;

(7)

t2 rp2 = t2 rp2 + Rin ; t2 gp2 = t2 gp2 + Gin ;
t2bp2 = t2bp2 + Bin ; N 22 + +;

(1)

else

t1 rp 2 = t1 rp2 + Rin ; t1 gp2 = t1 gp 2 + Gin ;
t1bp2 = t1bp2 + Bin ; N 12 + + ;

where dist2_1 is the distance between Y_Max and all pixels,
while dist2_2 is the distance between Y_Min and all pixels. Rin,
Gin and Bin denote the component values of each pixel in the
pixel distribution. t1rp1, t1gp1 and t1bp1 are the accumulated
values of the RGB pixels and N11 is the number of pixels in the
C1 area. t1rp2, t1gp2 and t1bp2 are the accumulated values of the
RGB pixels and N12 is the number of pixels in the C2 area. We
define two representative colors as follows:
B

Rep2_1 = (t1rp1 / N11 , t1 gp1 / N11 , t1bp1 / N11 )

(2)

Rep2_2 = (t1rp2 / N12 , t1 gp2 / N12 , t1bp2 / N12 )

(3)

where Rep2_1 and Rep2_2 denote the average values and are
indicated by ③ and ④ in Fig. 1(b).
In Fig. 1(c), we update the representative colors by using the
limited distance and dot-product to compensate for the weak
points caused by the two modifications. We define two spheres
S1 and S2 and two bars B1 and B2 that are centered at Rep2_1
and Rep2_2, respectively. We now assign the limited distance
by considering a sphere whose radius is one-fourth of the
distance between Rep2_1 and Rep2_2. The dot product is defined
as follows:

(8)

" idle "

where dist3_1 is the distance between Rep2_1 and all pixels,
while dist3_2 is the distance between Rep2_2 and all pixels.
limitdist indicates the radii of two spheres S1 and S2. t2rp1,
t2gp1 and t2bp1 are the accumulated values of the RGB pixels
and N21 is the number of pixels in the C3 area. t2rp2, t2gp2 and
t2bp2 are the accumulated values of the RGB pixels and N22 is
the number of pixels in the C4 area. We define two updated
representative colors as follows:
Rep3_1 = (t2 rp1 / N 21 , t2 gp1 / N 21 , t2bp1 / N 21 )

(9)

Rep3_2 = (t2 rp2 / N 22 , t2 gp2 / N 22 , t2bp2 / N 22 )

(10)

where Rep3_1 and Rep3_2 denote the average values and are
indicated by ⑤ and ⑥ in Fig. 1(c).
We can eliminate the ringing artifacts in the image by using
Interval and Approach. In Eq. (11), Interval is defined as the
difference between the values of the representative colors and
the values of all the pixels in the block. It accumulates all the
difference values (Interval) of each RGB value. The
accumulated value is denoted by Acc_interval for later use.
Interval = Rin − RRep 2 _ i + Gin − GRep 2 _ i + Bin − BRep 2 _ i (11)

where RRep2_i, GRep2_i, and BRep2_i with i = 1 or 2 denote the
component values of the representative colors of the pixels
given by Eq. (1). We define Approach as follows:
B

aib = a b cos θ

(4)

where a and b denote the magnitude of a and b, and θ is the
angle between a and b. When the cosine values are less than
zero (dot-product < 0), the angles range from π/2 to 3π/2. We
define dotproduct3_1 and dotproduct3_2 as follows:
dotproduct3_1 = (( Rin , Gin , Bin ) − Rep2_1 ) • ( Rep2_2 − Rep2_1 )

(5)

dotproduct3_2 = (( Rin , Gin , Bin ) − Rep2_2 ) • ( Rep2_1 − Rep2_2 )

(6)

Approach =

(Rin - RRep2_1)2 + (Gin - GRep2_1)2 + (Bin - BRep2_1)2
(Rin - RRep2_2 )2 + (Gin - GRep2_2 )2 + (Bin - BRep2_2 )2

(12)

In Fig. 1(d), we calculate new RGB values by using Eqs.
(11) and (12). Eqs. (13)-(15) show the final RGB values
obtained by using the proposed method.

Eqs. (7) and (8) group all pixels in each block into two
clusters on the basis of either limited distance or dot product.
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Rin _ mod = Rin + k ×

1 - Approach
× ( RRep 3 _ i − Rin )
Acc _ interval

(13)

1 - Approach
× (G Rep 3 _ i − Gin )
Acc _ interval
1 - Approach
= Bin + k ×
× ( BRep 3 _ i − Bin )
Acc _ interval

Gin _ mod = Gin + k ×
Bin _ mod

(14)
(15)

input of the next step. Since the amount of data processed in
the modified K-means algorithm is four times that processed in
the original algorithm, the pipeline architecture is used in this
block to allow the parallel execution of four consecutive steps.
Figure 3 shows the block diagram of CRIN.

where k is a constant and Rin_mod indicates the final R value.
Moreover, Gin_mod and Bin_mod are obtained in a similar manner.
RRep3_i, GRep3_i and BRep3_i with i = 1 or 2 denote the component
values of updated representative colors of the pixels as given
in Eqs. (7) and (8). We then shift all the pixels of each block
to the closer of the two updated representative colors inversely
proportional to the distance between each updated
representative color and each pixel. In this manner, we can
eliminate the ringing artifacts.
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B
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We present a system based on ADEN. Figure 2 shows the
block diagram of ADEN.
Y_in 8

Firstparsing
Firstparsing
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R
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Memory2
Memory2
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B

8 Y_out

RGB2
RGB2
YCbCr
YCbCr

8 CbCr_out

Memory3
Memory3

Figure 2. Block diagram of ADEN

The proposed system consists of five parts. Since the mobile
application output is based on YCbCr samples for a 4:2:2
format, the bit width of the input and output signals used in the
hardware is 16 bits. However, 24-bit RGB data is transferred
over the inner blocks. Two blocks, YCbCr2RGB and
RGB2YCbCr, are included to provided an environment that is
compatible with the input and output signals. In the
YCbCr2RGB block, 4:2:2 YCbCr data is first converted to
4:4:4 YCbCr by using interpolation to generate the missing Cb
and Cr samples [4]. Secondly, the YCbCr color space is
converted into an RGB color space. On the other hand, the
RGB2YCbCr block follows a reverse order.
A general method to transfer image is as follows: we start at
the top left corner of the image, move towards the right edge of
the image, after which we move down one line. However, the
proposed algorithm is based on block structure. The block
line2blk stores the image data in the Memory1; this image data
is for a 16 × 16 pixel image with 24 bits of RGB data per pixel.
The data is then transferred to the block CRIN. The Hanning
block restores the data of the 16 × 16 pixel image with 24 bits
of RGB data per pixel in the form of lines by storing the block
data in Memory3.
In the CRIN block, the modified K-means algorithm requires
a set of four processing steps connected in series. This
architecture requires that the output of the front step is the

Figure 3. Block diagram of CRIN

The CRIN block consists of six parts. Since this block
utilizes pipeline architecture, four Memory2 blocks are used.
The CRIN_cont block generates the signals that decide the
order in which the memories can be accessed and store initial
points, representative colors, updated representative colors
and etc. for consecutive processing. The Firstparsing block
selects two pixels with maximum and minimum luminance to
define representative colors as shown in Fig. 1(a). The
Secondparsing block finds the representative colors by
modified K-means algorithm with K=2 and with one iteration
as shown in Fig. 1(b). The Thirdparsing block updates
representative colors by using dot-product and limited distance,
as shown in Fig. 1(c). The Makegauge block calculates
Interval and Approach. The Shifting block calculates new
RGB values to shift the closer of the two updated
representative colors, inversely proportional to the distance as
Fig. 1(d) [5].
The proposed system is designed by using Verilog-HDL
models and is verified by using the Synopsys simulator. The
models are synthesized into gates to observe the hardware
complexity by using the Synopsys synthesizer with the TSMC
0.25-μm ASIC library.
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TABLE I
SYSTEM GATE COUNT
Block

Gate Count

YCbCr2RGB

5,224

Min Timing[MHz]
57.33

Line2Blk

5,298

85.98

CRIN

72,107

42.08

Hanning

12,672

43.78

RGB2YCbCr

4,785

55.55

Memory1

98,304 byte

Memory2

3,200 byte

Memory3
Logic Total
Used Memory

123,840 byte
100,086

43.1
225,344 byte

IV.

EXPERIMENTAL RESULTS

For performance of the proposed system, experiments were
executed with the ISO resolution chart, as shown in Fig. 4. We
took the original image inputted as Bayer pattern from a
camera of mobile phone using the CMOS sensor module.

sensor stores the real image data to the Frame Memory, and the
processed data is then transferred to the display device by
using the USB Output.

USB Output to PC
FPGA

Frame Memory

(a) Original image from a portion of the ISO resolution chart

CMOS Sensor Module
Figure 5. PCB demonstration board

V.

150

In this paper, we have proposed an ADEN system that can
be applied to mobile application camera. The ADEN system
operates on a block structure with 24-bit RGB data. The block
size is 16 × 16 pixels. First, two representative colors have
been generated by the modified K-means algorithm on each
block of the image. Secondly, the representative colors are
updated by using dot-product and limited distance. Finally, this
system eliminates ringing artifacts by moving all pixels of the
block to the closer updated representative color. The ability of
the proposed system was shown in Fig. 4.
Since we have verified the feasibility of this system for a
processed image with ringing artifacts, we can conclude that
the proposed ADEN system can be used in any mobile
application camera.

50
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(d) One dimensional plot of (b) in Red Channel
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Abstract-This paper presents a robust algorithm for
segmentation of moving objects in video, that first solves
the global camera motion estimation problem and then
processing the local object motion using the global motion
parameters. This is work in progress.

be applied to video surveillance, traffic monitoring, data
compression for video conferencing and video editing.
In current state of art, segmentation of moving objects is
classified into two groups; those based on optical flow versus
change detection. The optical flow of a pixel is a motion
Key Words-Camera motion, global motion, extraction,
vector represented by the motion between a pixel in one
segmentation
frame and its correspondence pixel in the following frame.
Optical flow methods suffer from high computational
I.
INTRODUCTION
complexity. Potter [ 1 ], Thompson [ 2 ], and Schunck [ 3 ]
The characterization of the visual content using the assume that all parts of an object have the same velocity.
concept of video objects (VOs) is increasingly important in a Optical flow estimation is often based on the movement of
variety of new multimedia applications such as content-based edges. The motion estimate for a given reference point on an
image retrieval, video editing, object-based compression and edge is determined by the distance it travels relative to a
transmission and intelligent video surveillance. The superimposed grid. On the other hand, while change
introduced VOs roughly correspond to meaningful (semantic) detection based method can achieve low computation
content entities, such as persons, animals, buildings, or ships. complexity they are very sensitive to noise and small camera
VOs consist of regions of arbitrary shape with varying colour, motion. Segmentation using this method begins with
texture, and motion properties. Such object-based detecting changes between two successive frames to
representations provide new capabilities for accessing and distinguish between temporarily changed and unchanged
manipulating visual information. For example, improved regions. Regions where motion has occurred are extracted as
compression may be achieved by allowing the encoder to moving objects. Jain [4] used accumulative difference picture
place more emphasis on objects of interest. Sophisticated (ADP) technique to detect pixels belonging to actual moving
content-based video analysis and retrieval can also be more regions. Ong [5], and Zhong [6], proposed various adaptive
effectively performed on video databases. The MPEG-4 thresholding techniques in thresholding the difference. Lo [7]
standard which introduced the concept of VOs by specifying Wren [8], Stauffer and Grimson [9] proposed algorithms that
a general coding methodology for them, but it did not construct the background images.
These reported
address the problem of VO extraction which remains a very segmentation algorithms can reduce the high computation
interesting and challenging task.
and problem and achieve high accuracy of extracting video
Image and video object segmentation has always been a objects captured from stationary cameras. This work reported
challenging task Although much work has been done in in this paper focuses on natural video sequences captured
decomposing images into regions with uniform features, and from non-stationary cameras undergoing any affine motion
especially for video data captured from fixed cameras, transformation. We assume that the camera motion is
accurate and robust techniques for segmenting semantic consistent enough to ensure continuity of its motion with no
video objects in general video sources captured from non- rapid, haphazard movements. We do not consider changes
stationary cameras are used are still lacking. When the video induced by fast luminance changes. In comparison to the
source (or camera) is non-stationary the camera’s self-motion proposed approach, Farin [ 10 ], and Thakoor [ 11 ] used
needs to be first compensated for before further video similar approaches to extract video objects with arbitrary
analysis can be performed. Also, without relying on object rotational camera-motion. But the steps in estimating the
recognition methods to identify image regions with specific camera motion parameters are different. Farin used leastsemantic import, one is left with methods that identify squares solution to solve perspective camera motion
regions that exhibit behaviors known to have semantic parameters problem and a Least-Trimmed Squares regression
implications. Our goal is to develop a fully automatic, algorithm in feature point selection. Thakoor used iterative
unsupervised method for real time video processing that can weighted least square method to estimate affine motion
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parameters. Structurally, this document is organized into
three sections. The first section presents some background
information necessary to place this work in context and
facilitate the understanding of the research results presented
herein. The second section presents research concepts and
proposed algorithms. In the third section, an objective video
object segmentation evaluation method is proposed.
II.

Z-1

F
n1

Corners Detection

Z-1

Cn-1

Cn

VIDEO OBJECT EXTRACTION

This section describes our approach for video object
extraction and tracking. There are two main stages in
proposed algorithm. In first stage, image registration is
applied to every frame to compensate the camera motion.
In second stage, difference frames are generated and the
moving objects are segmented out.

Corners Matching

Cn, Cn-1

Stage 1
1. Apply Harris Corner Detector to Frame Fn and Fn-1.
2. Map selected corner set Cn in Fn with corner set
Cn-1
3. Calculate the camera motion with 4 pairs of
selected corners
4. Inversely transform Fn with calculated camera
motion parameter
5. Generate Difference frame Dn between Fn-1 and
transformed

Fn

Video
Sequence

Camera Motion Estimation

Camera Motion Parameter

Inverse Transform

F̂ n

Create Difference Frame

F̂n

Stage 2
6. Determine scene changes with difference frame Dn
7. If there is any scene change, go back to step 1 in
stage 1, otherwise continues
8. Segment moving regions using the three frame
method by evaluating union between region sets in
difference frames Dn and Dn-1.
9. Generate moving objects by removing shadows

Thresholding

Dn

Figure 1. Image Registration in Stage 1.

Dj-1

Dj

REGION SET
UNION

Moving Regions

Shadow Detection

Moving Objects
Figure 2. Moving Object Segmentation in Stage 2.

During the first stage, the Harris Corner detector is used as
the feature extraction technique. The variation of the
autocorrelation over different orientations is found by
calculating functions related to the principle curvatures of the
local autocorrelation. Harris Corner detector operates on the
smoothed local structure matrix, C, which has the form
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is an isotropic Gaussian filter with standard

Then for each corner point Pi in the frame Fj, an exhaustive
search in its local neighbourhood is performed among all
detected corners {Ci} in frame Fj+1 to find its best match. The
measure of closest match between corner Ci and Cj in two
frames is based on the Euclidean Distance among all the
features.
D (C i , C j ) =

measure of the corner response at each pixel coordinates (x,
y) is the then defined by

r( x, y) = det(CHarris( x, y)) − k (trace(CHarris( x, y)) , (1)
2

where k is an adjustable constant and C Harris ( x, y ) is the
2x2 local structure matrix at coordinates (x, y).

1

2

be the two eigen-values of the

matrix C Harris ( x, y ) , det( C Harris ( x, y )
trace( C Harris ( x, y )

1

2.

1 2,

and

(2)

The most difficult step is matching of the corner
candidates. The correspondence between the corners from
the two frames must be established and the candidates having
no counterparts should be rejected. Depending on the
imagery this can result in thousands of corners needing to be
matched which is time consuming. Furthermore these corners
potentially belong to both static and moving objects in the
scene. Ideally we limit the number of corners to be matched
to around 100 to 200 of the more significant. Our approach
uses the nearest neighbour method to find candidate corner
matches between frames. The observed features of each
detected corner Ci include
•

f1, the average distance or the mean between the
corner and its neighbouring corners, which is the
sum of all distances / the number of neighbouring
corners.

•

f2, the variance of those distance between the corner
and its neighbouring corners

•

f3, the two dimension skewness of the distance
distribution relative to corner's two principal axes.

•

f4, kurtosis is a measure of the "peakedness" of the
distribution relative to corner’s two principal axes.

By identifying those 4 neighbouring features, plus the x, y
coordinates of the corner, and the orientation, we can have a
complete set of corner feature descriptors {f1, f2, f3, f4, x, y,
orientation). Thus for each corner Pi found in Fj, we can infer
how close the detected corner Ci in Fj+1 is to be its closest
match.

n −1

∑(f
k =0

k

( C i ) − f k ( C j )) 2

(3)

where n represents the number of features a corner Ci can
have, fk(Ci) is the value of feature in Kth dimension. The best
corner match is the one with minimum sum of Euclidean
Distance among all the feature dimensions.
It is important that selected feature points do not belong to
the moving objects but belong to the background. We solve
this problem by the following method. First we assume that
in any scene the screen area occupied by moving objects is
less than the area occupied by the static background. Then
for each feature point at [x,y]t within the block Bi the
previous frame, map the corresponding point at [x`,y`]t
within the block Bi in the current frame. The estimated
motion vector for the feature point is [(x-x`), (y-y`)]t. The
magnitude mi of each motion vector is defined as:

mi = ( x − x' ) 2 + ( y − y ' ) 2 , (4)
From all the pairs of feature points between corresponding
blocks in two frames, select feature points which have the
magnitude within one standard deviation of average
magnitude. In such way, feature points selected come from
the background and the feature points from the moving
object are removed.
Once we have the registration points in two frames we use
Wolberg’s [ 12 ] approach to directly estimate the global
camera motion. It first estimates the six affine transformation
parameters for each split the block in the frames. Then the
remaining two perspective parameters representing the
distortion in x and y directions are derived by estimating the
overall distortion of other six affine transformation caused by
these two parameters.
In stage 2, the scene cut change can be easily detected if
the total absolute pixel difference, t, in difference frame Dj, is
greater than a certain threshold T. If the scene cut change is
detected, camera motion parameters need to be calculated
again. After scene changes have been processed, moving
objects can be extracted by considering the set union from
two difference images Dj and Dj+1.
Bj = Dj AND Dj+1 ,

(5)

The difference images represent a binary motion mask
which distinguishes the changed and unchanged regions from
frame Fj to frame Fj-1. The changed regions found in
difference frame Dj are divided into moving regions and the
uncovered background. Similarly, those changed regions
found in difference frame Dj+1 are divided into moving
regions and uncovered background as well. The set union
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operation on two difference frames extracts the common
moving regions and removes uncovered background.
For each pixel belonging to the shadow resulting from the
segmentation step, the brightness component should change
significantly in terms of absolute difference. The shadow
mask SM [ 13 ] for each point p resulting from moving
regions based on the following equations

I( p).V

≤β
α ∈[0,1] β ∈[0,1], (6)
1 ifα ≤
SM( p) = 
B( p).V



0 otherwise

where I(p) is the value of vector with R, G, B components,
B(p) correspond to a point in the background, .V represent
denotes brightness component in HSV space, which is
transformed from RGB colour space. The lower boun
used to define a maximum value for the darkening effect of
shadows on the background and is approximately

terms of the pixel values in the distance transform map hit by
the pixel in the segmented edge image is measured. In this
way, the pixel distance between the segmented edge map and
ground truth distance map can be computed. The total
distance is the sum of the values of the pixels covered.
Therefore, the likeliest match occurs when the sum of the
pixel distance is the minimum. This minimum takes place
when the segmented object boundary matches those in the
reference distance map.
The precision-recall curve is a parametric curve that
captures the accuracy and noise as the time varies. In
disparity evaluation measure of pixel location, recall is the
ratio of the number of relevant pixels found within the
boundary of segmented object to the total number of relevant
pixels in the boundary of target object. Precision is the ratio
of the number of relevant pixels found within the boundary
of segmented object to the total number of pixels within the
boundary of segmented object. Both recall and precision are
usually expressed as a percentage.
IV. CONCLUSION

prevents the system from identifying as shadows those points
where the background was darkened two little with respect to
the expected effect of the shadow.
III.

EVALUATION METHODOLOGY

Video segmentation technology has received considerable
attention to literature, and many segmentation algorithms
have been proposed. However, very few comparative results
of segmentation algorithms have been conducted. Currently,
there are no standard, or commonly accepted, methodologies
available for objective evaluation of image or video
segmentation quality. Many researchers prefer to rely on
qualitative human judgment for evaluation [14], [15]. This is
a time-consuming and expensive process since there is no
standard subjective video quality evaluation guideline for test
environment setup and for how to score. Therefore, there is a
need for an automatic, objective methodology both to allow
the appropriate selection of segmentation algorithms as well
as to adjust their parameters for optimal performance.
In this work, we will investigate quantitative performance
measures for video object tracking and segmentation. The
ground truth images are generated every 20 frames to
compare the difference between segmented objects and
reference objects. This method first compares the number of
regions between the segmented images and ground truth
images, where the regions in segmented images are
generated with component labelling method. Then an edge
pixel based method is applied to evaluate the difference
between segmented objects and reference objects.
We use the property of pixels that lie on the boundary of
regions to compare with the ground truth boundary.
Specifically, we use the property of pixel location. The
disparity evaluation of pixel location is based on chamfer
matching [ 16 ]. By observation, overlaying a distance
transformed image generated from ground truth image over
its corresponding edge map generated from the segmented
image, the extent of how well the segmented objects fit in

This paper investigates algorithms for automatic
segmentation of moving objects in image sequences, which
strives to achieve a set of goals. Firstly, this algorithm is to
automatically and accurately segment and track moving
objects from image sequence without any user interaction.
Secondly it should be able to handle the camera motion, such
as titling, rotation, panning and the fast moving objects as
well. The shadow and ghost in each moving objects and
image sequence can be automatically identified and removed.
This algorithm can also adjust its camera motion parameter
when there is a scene change. One of the aims is to provide a
robust video segmentation algorithm which can be applied in
real time application and adapt to different types of video
sequences. Finally, this algorithm is evaluated in an objective
and accurate way.
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Abstract— JPEG and MPEG International Standards have
been used as formats for compressing and storing still images and
moving pictures, respectively. In these standards, DCT (Discrete
Cosine Transform) has been being used for compression of
data because of compression perfomance. However, there is a
problem with blocky noise appearing in reconstructed images
when a higher compression rate is set. This is because there are
no correlations between DCT blocks as a result of quantizing
DCT coefficients, and as the horizontal and vertical dimensions
of reconstructed images are scaled up, blocky noise becomes
correspondingly more apparent.
There have been a lot of studies on reducing blocky noise.
One of the most well-known methods is a deblocking edge filter
(DEF), which is defined by the international standard of H.263.
However, this method increases the computational cost and does
not decrease blocky noise at low bit rates.
In this study, we propose a new decoding method of reducing
blocky noise using inverse wavelet transform for moving pictures.
In the proposed method, MPEG-II images, which are low
resolution and include blocky noise, are transformed to wavelet
transform coefficients. A masking process using these coefficients
is also done. As a result of applying the proposed method to a
decoder, blocky noise is decreased and the resulting image is
clear.

I. I NTRODUCTION
JPEG and MPEG International Standards [1], [2] have been
used as formats for compressing and storing still images
and moving images, respectively. In these standards, DCT
(Discrete Cosine Transform) has been adopted because of
compression performance and image quality. In DCT coding,
the original image is divided into blocks, and the DCT is
processed in each block, integrating signals in all blocks
into low bands and quantizing the DCT coefficients so that
compression performance can be increased. However, the
higher the compression rate is set, the lower the quality of
reconstructed images because of increased blocky noise. This
is because there are no correlations between blocks as a result
of quantizing low band signals, and since the high band signals
are quantized, reconstructed images become blurry and include
mosquito noise. Therefore, wavelet transform coding [3] is
an attractive field because these noises can be decreased, and
this coding has been adopted as the JPEG2000 International
Standard [4]. However, there were many images which were
encoded with low resolution devices with blocky noise in the
past, and the removal of those images is intolerable. There
were also many images which were encoded and shown with

high resolution devices. In this case, blocky noise appears in
the magnified image.
For international JPEG and MPEG standards, a block transform coding such as DCT has been used so a reconstructed
image includes blocky noise at a low bit rate at these standards.
Y.Yang, N. P. Galatsanos and A. K. Katsaggelos proposed
a noise removal techniques which is called POCS (Projection
Onto Convex Sets) [5], [6]. This proposed method repeats
the filtering processes to reduce blocky noise. However, the
process takes a long time because of the repetition, so this
technique is not applicable to a moving image.
There are other approaches in which the data is transformed
to the DCT coefficients in a coder with significant reduction
in blocky noise. This approach, which is called LOT (Lapped
Orthogonal Transform) [7], can reduce the blocky noise by
overlapping the blocks. Other approaches, which involve prefiltering and post-filtering [8], have been proposed. However,
these approaches cannot reduce the blocky noise in the reconstructed image. This means that a new approach to improve
the image quality using coded data in a decoder is needed.
In this study, we propose a new method of reducing blocky
noise using inverse wavelet transform for moving pictures. In
the proposed method, MPEG images, which are low resolution
and include blocky noise, are transformed to wavelet transform
coefficients, and as a result, reconstructed images which are
clearer than the original MPEG images and which have no
blocky noise are obtained.
In this paper, we argue for the noise removal technique of
the conventional and proposed methods in chapter II. We make
estimates using computer simulation to check the usefulness
of our method in chapter III. And we explain the conclusion
in chapter IV.
II. N OISE R EMOVAL
A. DEF (Deblocking Edge Filter)
DEF is one of the most well-known methods of reducing
blocky noise, which is defined on ITU-T H263–Annex J [9].
In DEF, by filtering both sides of 2 pixels between the blocks
in the reconstructed images with blocky noise, blocky noise
is smoothed out. However, it is not enough to reduce blocky
noise at low bit rates because processing is only on two sides
of a two-pixel area. And every side of an average and a
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DCT coefficient

deviation in each DCT block needs to be calculated, which
increases the computational cost.

AC u

DC

B. Proposed Method
In this study, we propose a new decoding method of
reducing blocky noise using inverse wavelet transform. We
will show that DCT coefficients are the same as wavelet transform coefficients, and we will try to use the band classified
coefficients to reduce blocky noise.
1) Sub-band Expression of DCT Coefficients: A basis with
a one-dimensional N point DCT can be presumed as an N
division analysis filter bank.
In a two-dimensional signal such as an image, the signal
which is transformed to N × N DCT coefficients can be
expressed as a sub-band signal (for an example of 4 × 4 DCT
see Fig. 1). In Fig. 1 (a), each pixel is a DCT coefficient,
and pixels 1 through 9 are DC components in each block.
These coefficients are mapped as shown in Fig. 1 (b), and
these coefficients can be considered as sub-band coefficients.
2) Decoding of DCT Coefficients using Inverse Wavelet
Transform Coding: A proposed decoding flow is illustrated
in Fig. 2. In JPEG and MPEG, the block size that is generally
used is 8 × 8 pixels. When data is compressed, quanting low
band signals, discontinuity is generated between the blocks.
As a result, blocky noise is included in reconstructed images.
In the proposed method, each block of 8 × 8 pixels is linearly
transformed into 4 × 4 blocks of 2 × 2 pixels (see Fig. 3)
using the transformation
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Fig. 1.

Relationship between block expression and sub-band expression

where X0 is input 8 × 8 DCT coefficients, A is 8 × 8 matrix:
3) Masking Process: An LL band as shown in Fig. 2, which
is
a
low frequency component both horizontally and vertically,
⎞
⎛
0.50 0.64 0.46 0.22
0 −0.15 −0.19 −0.13
is
filtered
to reduce the discontinuity so that blocky noise
0.05 0.19 0.36 0.50 0.54 0.46 0.27 ⎟
⎜ 0
can
be
decreased.
In this process, the edge of the images is
⎜ 0.50 0.27 −0.46 −0.54
0
0.36 0.19 −0.05 ⎟
⎟
⎜ 0
0.13
0.19
−0.15
−0.50
−0.22
0.46
0.64
blurry
because
of
filtering,
so masking that corresponds to the
⎟
A=⎜
⎜ 0.50 −0.27 −0.46 0.54
0 −0.36 0.19 0.05 ⎟ (3)
high
frequency
components
is done. This masking involves
⎜ 0
0.13 −0.19 −0.15 0.50 −0.22 −0.46 0.64 ⎟
⎠
⎝
the
following
process:
First,
the thresholds (τLH,HL,HH ) are
0.50 −0.64 0.46 −0.22
0
0.15 −0.19 0.13
0
0.05 −0.19 0.36 −0.50 0.54 −0.46 0.27
set. If the value of the high frequency components (LH,
which has a low frequency horizontal component and a high
frequency vertical component; HL, which has a high frequency
and Fij is 2 × 2 DCT coefficients:
horizontal component and a low frequency vertical component;
and HH, which has both a high frequency horizontal and
 i,j
i,j
vertical component (see Fig. 2)) are higher than that of the
f11 f12
,
i,
j
=
1,
·
·
·
,
4.
(4)
Fij =
threshold, the pixels are not filtered because these pixels are
i,j
i,j
f21
f22
the edge component. This results in keeping the edge so that
a clear image is maintained. These thresholds will be chosen
These 2 × 2 DCT coefficients are mapped as shown in section based on experimental results.
II-B.1, so it is possible to consider these coefficients as sub4) Inverse Wavelet Transform: The DCT coefficients exband coefficients.
pressed as a sub-band signal are processed for 1-level inverse
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the intraframes, with the quantizer coefficients being different
in each type of frame. Therefore, doing the masking process
independently in each frame, the number of correlations
between frames diminishes, and then flicker appears in the
reconstructed moving pictures. To solve this problem, the
masking area and value for P- and B-frames following an Iframe are the same as those for an I-frame in this study.
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To check the usefulness of the proposed method, we experimented using C-language. The Peak Signal to Noise Ratio
(PSNR) was calculated by using the original MPEG image
and the reconstructed image, and the GBIM [10], which is a
measurement of the quantity of blocky noise, was calculated.
We experimented with some moving pictures, and in this
paper, the experimental images encoded by the MPEG-II are
the Foreman, which is 352 × 288 pixels and 300 frames, the
Hall monitor, which is 352 × 288 pixels and 125 frames, the
Football, which is 352 × 240 pixels and 300 frames, and the
Stefan, which is 352 × 240 pixels and 300 frames as shown
in Fig. 4 ∼ 7 (a). Where the first image is 15th frame at 403
kbits/s, and the second one is 45th frame at 403 kbits/s, and
the third one is 15th frame at 604 kbits/s, and the last one is
15th frame at 623 kbits/s.

2 F41 F42 F43 F44
8

A. Subjective Evaluation

2

8

The reconstructed images are shown in Fig. 4 ∼ 7. The
images reconstructed with the DEF method and the proposed
method are shown in (b) and (c) of Fig. 4 ∼ 7, respectively.
In the DEF method in these figures, almost all blocky noise
was decreased, however, blocky noise was seen in several
parts of the images. In the proposed method, blocky noise
was decreased and the reconstructed images were improved.
However, the edge area of the reconstructed images was
notched. This is because the high frequency signals were
filtered with 5/3 filters, and this reduced the PSNR for the
proposed method.
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Fig. 3.

2

Transformation from X0 to X0

B. Objective Evaluation
wavelet transform, and by adjusting the brightness, the reconstructed images are obtained. In this process, there are
a number of filters for inverse wavelet transform. In this
study, haar filters are used for reversible transform, so that the
reconstructed images are the same as those of inverse DCT.
5/3 filters, which are used in JPEG2000, are used to remove
more blocky noise.
5) Processing between frames: A typical MPEG sequence
consists of three separate parts: a series of intraframes (called
I-frames), which are image frames coded individually without
any temporal prediction; a series of forward predicted frames
(called P-frames), interspersed between the intraframes; and
bidirectionally predicted frames (called B-frames) interspersed
between the forward predicted frames and the intraframes.
The bidirectionally predicted frames can be considered to be
motion-compensated interpolation between the predicted and

The experimental results are shown in Fig. 8. The red, blue
and green lines are the results of the proposed method, the
DEF method and MPEG decoding, respectively. In Fig. 8, the
PSNR of the proposed method is smaller than those of the DEF
method and MPEG decoding at all the bit rates. It is noted
that the PSNR is not an absolute evaluation but a relative one
of difference between the original image and the reconstructed
image, therefore this is not a serious problem.
The GBIM of the proposed method is smaller than those
of the other method at all bit rates, so the quantity of blocky
noise in the proposed method is smaller than those in the
other method in the objective evaluation. Also, as the bit rate
is set lower and lower, the GBIM of the MPEG decoding
and the DEF method increases. Therefore, the quantity of
blocky noise in those methods increases. However, the GBIM
of the proposed method does not change at all bit rates, so the
quantity of blocky noise in this method is invariable.
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(a) Original image
Avg.PSNR : 27.13[dB], Avg.GBIM : 3.02

(a) Original image
Avg.PSNR : 28.76[dB], Avg.GBIM : 2.96

(b) DEF method
Avg.PSNR : 27.19[dB], Avg.GBIM : 2.25

(b) DEF method
Avg.PSNR : 28.87[dB], Avg.GBIM : 2.56

(c) Proposed method
Avg.PSNR : 26.99[dB], Avg.GBIM : 1.89

(c) Proposed method
Avg.PSNR : 28.29[dB], Avg.GBIM : 2.09

Fig. 4.
Part of an original MPEG-II image and reconstructed images
(Foreman, 15th frame, 403 [kbits/s])

Fig. 5. Part of an original MPEG-II image and reconstructed images (Hall
monitor, 45th frame, 403 [kbits/s])
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(a) Original image
Avg.PSNR : 21.58[dB], Avg.GBIM : 3.08

(a) Original image
Avg.PSNR : 22.40[dB], Avg.GBIM : 2.67

(b) DEF method
Avg.PSNR : 21.65[dB], Avg.GBIM : 2.54

(b) DEF method
Avg.PSNR : 22.43[dB], Avg.GBIM : 2.37

(c) Proposed method
Avg.PSNR : 21.39[dB], Avg.GBIM : 2.05

(c) Proposed method
Avg.PSNR : 22.11[dB], Avg.GBIM : 1.99

Fig. 6.
Part of an original MPEG-II image and reconstructed images
(Football, 15th frame, 604 [kbits/s])

Fig. 7. Part of an original MPEG-II image and reconstructed images (Stefan,
15th frame, 623 [kbits/s])
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Proposed method (GBIM)
DEF method (GBIM)
MPEG-II (GBIM)

IV. C ONCLUSION

32

7

30

6

In this study, we proposed a decoding method of the DCT
coefficients using inverse wavelet transform as a way to reduce
blocky noise for moving pictures, and we showed its behavior
using C language simulation to check the usefulness of the
proposed method.
By considering the frequency components, it was possible
to save the edge deletion of filtering so that fine images were
obtained. As a result, the examples demonstrated that a better
quality of reconstructed images was obtained.
For further research, we are going to correct the notched
edge area as a way to improve the PSNR and the reconstructed images for the proposed method. And we are going
to study the algorithm to determine the masking thresholds.
And we are going to improve the reconstructed image quality
by interpolating the non-existent high frequency components
which are made using the properties of the wavelet transform
coefficients.
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Abstract-In this paper, a novel method for single-channel
speech enhancement based on Kalman filtering is
proposed. Instead of applying the Kalman algorithm for
full-band speech or uniform sub-band speech, speech
enhancement is performed by applying the Kalman
algorithm to non-uniform sub-band signals obtained from
the decomposition of whole-band speech using
gammatone filters. Simulation results indicate that in
terms of perceptual evaluation speech quality (PESQ), our
proposed method shows a relative improvement of 21.4%
over the conventional full-band Kalman filtering
technique.
I. INTRODUCTION
Speech enhancement aims to extract a clean speech estimate
from a noisy observed signal. Given that we live in a natural
environment where noise is ubiquitous, speech enhancement
is necessary for many real-life systems such as mobile
communication, speech recognition and speech verification.
However, speech enhancement is a very difficult task due to
the non-stationary nature of a speech signal. As a result, it
still poses a challenge to researchers despite the availability of
various algorithms. Among several approaches used to
improve the quality of speech signal, Kalman filters are
widely known not only for their low speech distortion but also
for their reasonable computation complexity [1], [2]. Recently,
it has been reported that by applying Kalman filters to
individual sub-band speech signals which were previously
decomposed by a filter bank, the effectiveness of speech
enhancement is much improved in terms of performance as
well as computational complexity [2], [3]. Although this
uniform sub-band Kalman filtering method has many
advantages compare to full-band Kalman filtering in speech
enhancement, problem still remains as reported in [2]. It is the
mismatch between the uniform filter bank exploited to
decompose the full-band speech signal and the critical band
of human auditory system which is non-uniform. The
performance of speech enhancement in this method is
therefore still limited because the masking property of human
auditory system is not fully incorporated into speech
enhancement process.
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In this paper, a simple but effective method for single-channel
speech enhancement is introduced. In this method, speech is
firstly decomposed by an array of analysis filters. The
individual sub-band speech is then filtered using the Kalman
algorithm. The sub-band signals at the output of Kalman
filters are then passed through reconstruction filters whose
impulse responses are the time reverse of those of the analysis
filters. The final enhanced speech is obtained from the
synthesis of sub-band signals at the output of the
reconstruction filters. The analysis and reconstruction filters
in this paper are designed as gammatone filters which are
widely recognized as a model of the human auditory system
[4], [5]. To evaluate the performance of our method, PESQ
scores are used, which are well known for their high
correlation with subjective speech quality scores [6]. The
relative improvement of our proposed method and the
conventional method compared to the noisy speech is also
determined in order to evaluate the performance of our
method more intuitively.
II. KALMAN FILTER FOR SPEECH ENHANCEMENT
On a short-time basis, a speech sequence can be modeled as
an autoregressive (AR) process which considers each speech
sample as the output of an all-pole linear system driven by an
excitation signal:
p

x(n ) = ∑ ai x(n − i ) + ω (n )

(1)

i =1

where n = 1,2,... is the sample index, ai is the ith AR
coefficient, and the excitation signal ω (n ) is a zero-mean
white Gaussian noise process with variance σ ω2 . The speech
signal s (n ) is assumed to be contaminated by a zero-mean
additive white Gaussian noise v(n ) with variance σ v2 ,
s (n ) = x(n ) + v(n ) .

(2)

Let x(n ) = [x(n ) x(n − 1)...x(n − p + 1)] . To apply Kalman
filtering, (1) and (2) are reformulated in the state-space
domain as
T

x(n ) = Fx(n − 1) + gω (n )

s(n)=x(n)+v(n)

(3)

s (n ) = h T x(n ) + v(n )

(4)
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(8)

Fig. 1. Sub-band speech enhancement system.

(9)

The analysis filter bank in this paper is based on the
gammatone filters whose frequency responses are matched to
the critical bands [4]. Practically, gammatone filters can be
implemented using FIR or IIR filters. In this paper, FIR filters
were employed in order to implement linear phase filters with
identical delay in each critical band [6]. The analysis filter for
the m th sub-band is obtained by the following expression,

n

n

}

n

n

T
P(n | n − 1) = E [x( ) − Fxˆ (n − 1)][x( ) − Fxˆ (n − 1)]
is
the
prediction-error covariance matrix where E is the expectation
T
operator, P(n ) = E [x( ) − xˆ (n )][x( ) − xˆ (n )] is the estimation

{

Kalman
filter

+

(7)

here x̂(n ) is the estimate of x(n ) , k (n ) is the Kalman gain,

{

Kalman
filter

1
n
|
n

n

) = F P(n − 1)F
P( ) = [I − k (n ) h ] P(

(6)

1
n
|
n
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n
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) h [ R + h P(
T

1
n
|
n

k (n ) = P(

u1(n)

HM(z)
sM(n)

y2(n)

y1(n)

x

where

s2(n)

Kalman
filter

By applying the Kalman algorithm, the optimal estimate of
(n) can be obtained as
xˆ (n ) = Fxˆ (n − 1) + k (n )[s(n ) − h T Fxˆ (n − 1)]

H2(z)

…

⎡a1
⎢1
⎢
F = ⎢0
⎢
⎢M
⎢0
⎣

…

where

}

error covariance matrix, R = σ is the measurement-noise
2
v

hm (n ) = am (nT )N −1 e −2πbBWm nT cos(2πf cm nT )

x

variance, and Q = σ ω2 is the driving-noise variance. A speech

sample at time instant n can be estimated as ˆ (n ) = h T xˆ (n ) .

III. PROPOSED APPROACH
By filtering the speech signal s (n ) using a bank of
M analysis filters, assuming that the m th analysis filter has
the impulse response hm (n ) , the sub-band speech on m th
band can be obtained as
s m (n ) = s (n )* hm (n )

(11)

where f cm is the center frequency of the m th sub-band, T is
the sampling period, n is the discrete time sampling index,
BWm is the bandwidth of the m th filter, the constant b = 1.65
and values for am were selected for each filter such that the
filter gain was normalized to 0dB . The magnitude response
of 18 gammatone filters in the frequency range from 0 to 4
kHz is showed in Fig. 2.

(10)

The Kalman algorithm is then applied to each sub-band
speech s m (n ) . The outputs of Kalman filters y m (n ) are then
passed through reconstruction filters which are the time
reverse of the analysis filters. The final enhanced speech
signal is obtained from the synthesis of sub-band signals
u m (n ) .
Fig. 2. Magnitude response of gammatone filters.
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To achieve perfect reconstruction, the reconstruction filters
g m (n ) are designed as the time reverse of the analysis filter,
g m (n ) = hm (− n ) .
IV. SIMULATION RESULTS
In order to evaluate the performance of our proposed method,
extensive simulations have been carried out to achieve speech
enhancement. In these simulations, the 8 kHz sampling rate
input speech samples were taken from the EBU SQAM
dataset. This dataset consists of speech samples spoken by 6
speakers (three males and three females). The speech
enhancement performance using the proposed method was
also confirmed by employing eleven types of common
background noises that are listed in Table 2. These noise
signals were taken from NOISEX-92 database. In our
simulations, the noise variance was adjusted to obtain input
noisy speech signal SNRs ranging from -5 dB to 10 dB. This
adjustment is expressed in the following equation:
s (n ) = x(n ) + v(n ) ×

σs
1
× SNR 10
2
σ v 10
2

(12)

Table 1 shows the PESQ improvement in relative measure
δ of six different speech signals contaminated by car noise
using different enhancement algorithms. The values of
PESQ improvement of our proposed NSK (Non-uniform
sub-band Kalman filter) method are always much larger than
those of the conventional FK (full-band Kalman filter)
method. From this table, it’s also likely that the enhancement
performance of our proposed method for female speech is
better than that of male speech.
Table 2 shows the PESQ improvement in relative measure
δ of English female speech contaminated by eleven different
kinds of noise using different enhancement algorithms.
Similar to the previous case, our proposed method
outperforms the conventional method.
It is more intuitive to describe the PESQ improvement using a
bar diagram as in Fig. 4. This bar diagram shows the result of
speech enhancement for German female speech contaminated
by street noise at various values of SNR using our proposed
algorithm and conventional algorithms.

where σ s and σ v are the power of clean speech and noise
respectively, and SNR is the signal to noise ratio in dB of the
input noisy speech signal.
2

2

TABLE I
PESQ IMPROVEMENT δ (%) OF VARIOUS SPEECH FILES
CONTAMINATED BY CAR NOISE AT 0 dB SNR
Speech
English Male
English Female
French Male
French Female
German Male
German Female

In this paper, speech enhancement was implemented within
frames of 128 samples corresponding to a duration of 16 ms.
The speech AR prediction order p was set to 10. The
simulations in this paper were initially performed on an ideal
case where the AR coefficients are estimated from clean
speech and noise power is perfectly estimated. This was done
to judge the performance of an ideal Kalman filter. Later they
were replaced with AR estimates obtained from pre-enhanced
speech using spectral subtraction. The performance indices
used were ITU-T P.862 PESQ scores which are highly
correlated with subjective speech quality scores. In the P.862
standard, PESQ scores range from 4.5 (the highest quality of
speech) down to -0.5. Fig. 3 shows the PESQ scores of
enhanced speech obtained from our proposed method in the
same plot with those of noisy speech and full-band Kalmanfilter-enhanced speech. It is clear that in terms of PESQ
scores, the proposed method out-performs the conventional
Kalman filter, especially at the low SNR regions.
In order to have a more intuitive comparison, the measure of
relative PESQ improvement introduced in [4] was also
employed in this paper. This measure is described as follows

δ (%) =

PESQ proc − PESQref
PESQref

× 100

Here PESQref and PESQ proc are the PESQ scores of the noisy
speech and enhanced speech, respectively, referenced to the
clean speech.

FK (%)
36.84
33.11
22.85
33.87
28.19
65.07

NSK (%)
54.16
58.80
55.59
72.14
59.43
134.70

TABLE 2
PESQ IMPROVEMENT δ (%) OF ENGLISH FEMALE SPEECH SIGNAL
CONTAMINATED BY DIFFERENT KINDS OF NOISE AT 0 dB SNR
Noise
Airport noise
Babble noise
Car noise
Exhibition noise
Factory noise
Pink noise
Restaurant noise
Street noise
Subway noise
Train noise
White noise

FK (%)
40.8327
48.4252
37.0567
136.1446
61.1366
69.7318
129.6937
60.8916
40.8327
35.2545
63.6520

NSK (%)
68.37
100.39
80.85
174.83
91.75
98.75
181.49
108.21
68.37
56.27
79.33

A total of 264 combinations from six speech signals, eleven
noisy signals at four SNR values which are -5 dB, 0 dB, 5 dB,
and 10 dB were used to test the algorithm. It is derived that
the average improvement in terms of PESQ our proposed
method is 0.25 higher when compared to that of conventional
method. In terms of relative measure δ , the performance of
our proposed method is 21.4% better than that of the fullband Kalman filter method.
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(a)

Fig. 4. Comparison of PESQ improvement δ (%) of German
female speech file contaminated by street noise.

(b)

V. CONCLUSION AND FURURE WORK

Fig. 3. PESQ scores obtained from noisy speech (dashed line) and enhanced
speech using NSK (solid line) and FK (dotted line) algorithms. (a) German
female speech contaminated by car noise (b) German female speech
contaminated by airport noise.

In order to evaluate the performance of our method in the real
system, speech enhancement with AR parameters estimated
from the speech signal enhanced by spectrum subtraction
algorithm [9] is also simulated in this paper. The results of
this simulation are shown in Fig. 5. It reveals that our
proposed method outperforms the conventional full band
Kalman filtering method not only in the ideal case in which
the AR parameters of speech signal is estimated from clean
speech signal but also in the real case in which the AR
parameters of speech signal is estimated from the enhanced
speech signal.

Rather than processing the whole frequency band of the
speech signal, we have applied the Kalman filter algorithm to
non-uniform sub-band speech signals obtained from the
decomposition of full-band speech using gammatone filters.
In this manner, a novel approach for speech enhancement has
been presented. Simulation results have shown that the
performance of our proposed method is better than that of the
conventional Kalman filter method. The effectiveness of our
approach could be further improved by exploiting
characteristics of the human auditory system such as masking
property [7], [8]. The masking threshold taking both temporal
and simultaneous masking into account would be
conveniently determined in the time domain and in individual
sub-band signals [4], [10]. By extending our algorithm in that
way, the performance of our proposed method is expected to
be further improved and better than those of conventional
Kalman algorithms not only full band but also uniform
subband speech enhancement.
This paper is expected to be extended by fully incorporating
the masking property of human auditory system into
enhancement process. The performance of our proposed
method then is compared to that of full band and uniform subband Kalman filtering speech enhancement.
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(a)

(b)

Fig. 5. PESQ scores obtained from noisy speech (dashed line) and enhanced speech using NSK (solid line) and FK (dotted line)
algorithms. (a) German female speech contaminated by car noise (b) German male speech contaminated by F16 noise.
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significant improvement in the performance of the AIC
estimator.

Abstract- Akaike’s Information Criterion (AIC) is a popular
method for estimation the number of sources impinging on an
array of sensors, which is a problem of great interest in several
applications. The performance of AIC degrades under low
Signal-to-Noise Ratio (SNR) conditions due to errors in
estimating the data covariance matrix from finite data. This
paper explores the possibility of employing the wavelet denoising
technique to arrest the degradation in the finite-data
performance of AIC under low SNR. We propose the application
of wavelet denoising to the noisy signal at each sensor to boost
the SNR before performing estimation of the number of the
sources by AIC. A comparative study of the finite data
performance of AIC is presented for the undenoised and
denoised data, and it is shown that denoising leads to the
enhancement of the AIC method.

II. AIC PRINCIPLE
Consider an array of L sensors that receives signals
transmitted from M narrowband far field sources with
direction parameters 
......, M . The complex signals
1,
received at the L sensor elements at time t can then be
expressed as the L-dimensional vector:
M

x
t sm 
t 
a m n
t

(1)

m
1

Keywords: Wavelet Denoising, AIC

sm 
t is the scalar complex waveform referred to as
the m-th signal, a 
m is the steering vector corresponding
to direction m , and n 
t is the L-dimensional complex
Where,

I. INTRODUCTION
The problem of detecting the number of sources impinging on
an array of sensors has received wide interest in many
research problems. Termed as a model order selection
problem, Akaike’s Information Criterion (AIC) is the most
widely known information theoretic methods to solve this
problem in a noisy environment, using an array of L sensors
[1]. The method involves eigen decomposition of the spectral
covariance matrix R of the L dimensional data vector. The
matrix R is estimated from a finite number of samples of the
data vector. For a given data size N, reduction of the signal
to- noise ratio (SNR) at the sensor array output causes an
increase in the covariance matrix estimation error and a
corresponding increase in the AIC estimation error. The
estimation errors may be reduced by increasing N, but
requirements of temporal coherence and speed impose an
upper limit on the permissible value of N. Inevitably, the
performance of The AIC estimator suffers a progressive
degradation as the SNR is reduced.
In this paper, we explore the possibility of using a wavelet
denoising technique to improve the performance of AIC in a
low SNR environment. The wavelet denoising algorithm of
Donoho and Johnstone [2] is used to enhance the SNR at the
output of each sensor. It is shown that denoising leads to a

vector containing noise.
We assume that the M (M <
L) signals
s1 
t
, ......., s M 
t
, are complex (analytic), stationary,
and ergodic Gaussian random processes, with zero mean and
positive definite covariance matrix. The noise vector n(t) is
assumed to be complex, stationary, and ergodic Gaussian
vector process, independent of the signal , with zero mean and
covariance matrix given by  I , where  is an unknown
scalar constant and I is the identity matrix.
A crucial problem associated with the model described in (1)
is that of determining the number of signals M from a finite
2

set of observations x
t1 ...

2

x
tN 
.

A promising approach to this problem is based on the
structure of the covariance matrix of the observation vector
x(t). To introduce this approach, we first rewrite (1) as:

x
t As
t n
t
A 
a

, .........., a
M
1
s 
t 
s1 
t
, ......, s M 
t
.

Where
T
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(2)




and

Because the noise is zero mean and independent of the
signals, it follows that covariance matrix of x(t) is given by:

R  2 I

L
1
U i
L

P
i P 1
P (U ) 
1
L U L P
 i


i P 1


(3)

(6)



Where ψ = ASA . With denoting the conjugate transpose,
and S denoting the covariance matrix of the signals, i.e,
†
S = E[s(t)s(t) ].
Assuming that the matrix A is of full column rank, i.e., the
vectors
a
m 

m 1, ......, M  are
linearly
†

Where

†

the arithmetic and geometric mean of the eigenvalues [5].
Aaike’s information criterion (AIC) can be written as:

AIC (P ) 2 N ( L P) ln P (U ) 2v( P, L )

independent and that the covariance matrix of the signals S is
nonsingular, it follows that the rank of  is M, or
equivalently, the L-M smallest eigenvales of

v( P , L) denotes the number of independent
parameters that are to be estimated for a given P . This is

 are equal to

found to be [6]:

v (P , L) P( 2L P ) 1.

2 , i.e.,

M 1 M 2 ...... L 2

N

X t
X t 
H

(8)

The optimal solution is the value of P that minimizes (7).

(4)

As stated earlier that in practice only sample estimates which
is denoted by a hat “^” are available. An estimation of R is
presented in (5).
^
1
R
N

(7)

Where

zero. Denoting the eigenvalues of R by 
1 
2 ........ 
L
it follows, therefore, that the smallest L-M eigenvalues of R
are equal to

Ui denote the eigenvalues of R which is the ratio of

III.WAVELET DENOISING
The wavelet transform is a time-scale representation
technique, which describes a signal by using the correlation
with translation and dilation of a function called mother
wavelet. The translation operation allows signal features to be
isolated in time, while the dilation operation allows features
existing at different scales to be identified. In this way, the
wavelet transform represents a signal as a sum of wavelets
with different locations and scales [7,8,9]. The definition of a
discrete wavelet transform is given by:

(5)

i
1

The number of signals M can hence be determined from the
multiplicity of the smallest eigenvalues of R. The problem is
that the covariance matrix R is unknown in practice. When
estimated from a finite sample size, the resulting eigenvalues
are all different with probability one, thus making it difficult
to determine the number of signals merely by “observing” the
eigenvalues. Amore sophisticated approach to the problem
developed by Rartlett and Lawley [3], is based on a sequence
of hypothesis tests. The problems associated with this
approach are the subjective judgment needed in the selection
of the threshold levels for the different tests.
The Akaike’s Information Criterion (AIC) method [4] used
for estimation the number of sources. The method required
computation of the likelihood ratio for the (L-M) lowest

C j ,k x 
t
g j ,k 
t
, t 1,..., Q
t z

Where

g j ,k 
t 2

C j ,k
j / 2



are

wavelet



coefficients

(9)

and

g 2 t k is the scaling function. We
j

consider the following model of a discrete noisy signal.

x(t ) s(t ) e (t ), t 1,..., Q



(10)

eigenvalues of R , and this has been shown to be:
Where x(t) represents the noisy signal, s(t) is the deterministic
useful signal s(t), the white Gaussian signal, e(t) modeled as
N(0,1), will be distributed across scales with a white spectrum
and its energy will be preserved, here we assume that
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C j ,k 
C j, k

. We use soft thresholding method to eliminate
noise from the wavelet coefficients by replacing the
coefficients that are in the range of , 
with zero [2].





Therefore the wavelets coefficient Cj,k , between 
and

is set to zero, while the others are shrunk in absolute value.
Figure (1) shows the Donoho’s “soft thresholding” or
“shrink” function.

(b)
Figure 2: (a) Noisy input signal and (b) Denoised output signal.

IV. THE PROPOSED MODEL
Figure (3) shows the block diagram of the proposed model for
AIC method. The main procedure of the system is described
as follows. First, the received signals by antennas. Next,
computation of the covariance matrix. Then, wavelet
denoising by one type of wavelet family for the covariance
matrix. Finally, AIC method is calculated to estimate the
number of signals.

Figure 1: Soft- threshold function

The

 proposed

threshold


by

Donoho

is



 2 log 
M
2 . Here 2 
is estimation of the noise

 



variance

2 given by [2] 2 median C j,k / 0.6745 .

The algorithm used for denoising of the signal by wavelet
thresholding is outlined below:
1. Perform a suitable wavelet transform of the noisy data x(t)
[10].
2. Calculate the threshold d depending upon the noise
variance.
3. Apply thresholding to the resulting wavelet coefficients
4. Perform inverse wavelet transform to obtain the denoised
signal.
Figure (2) shows input and output of the algorithm above.

Covariance Matrix Compution

Wavelet Denoising

AIC Method

Output of the Number Signals
Figure 3: Block Diagram of the Proposed Model for AIC Method

V. SIMULATION RESULTS
The response of the AIC method is investigated according to
the proposed model by using type of wavelet. A ULA of 10
sensors is considered with a half-wave length inter-element
spacing, used to separate two uncorrelated emitters based on a
batch of N=128 data samples with SNR=10 dB. The first

(a)
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source is at 80 o while the second source is at 82o . The type of
wavelet used in proposed model includes “db”.
The first case is without applied proposed model for AIC
method. It is noticed the eigenvalues of the sample –
covariance matrix are 6.6883, 0.0348, 0.0085, 0.0097, 0.0122,
0.0160, 0.0139 and 0.0148, and the response of AIC method
shown in table (1), the minimum value of AIC is obtained
incorrectly for M = 2.

Acoustics, Speech, and Signal Processing, vol. ASSP-33, pp.
387-392, April 1985.
[2] D. L. Donoho, “De-noising by soft thresholding,” IEEE
Trans. Information Theory, 41, 613-627, 1995.
[3] D. N. Lawley, “Tests of Significance of the latent roots of
the covariance and correlation matrices.” Biometrical, vol. 43,
pp. 128-136. 1977.

Table 1: The Response of the AIC Method without Proposed Model.

P
0
1
2
3

AIC
2731.6
2522.7
556.8
87.03

P
4
5
6
7

AIC
99.57
2111.23
120.4
126

[4] H. Akaike, “A New Look at the Statistical Model
Identification,” IEEE Transactions on Automation Control,
vol. AC-19, pp. 716-723, December 1974.
[5] K.V. Mardia, J.T. Kent, and J.M. Bibby, Multivariate
Analysis, Academic, New York, 1979.

The second case is with applied proposed model for AIC
method by using db4 wavelet. It is noticed these eigenvalues
of the sample – covariance matrix are 6.7416, 0.0211, 0.0013,
0.0016, 0.0026, 0.0019, 0.0022 and 0.0023, and response of
AIC method shown in table (2), the minimum value of AIC is
obtained correctly for M = 2.

[6] S.U. Pillai, Array Signal Processing, Springer-Verlag,
New York, 1989.
[7] C. S. Burrus, R. A. Gopinath and H. Guo, Introduction to
Wavelets and Wavelet Transforms, Prentice-Hall Inc., New
Jersey, 1998.

Table 2: The Response of the AIC Method with Proposed Model.

P
0
1
2
3

AIC
2841.1
86.1
22.2
91.3

P
4
5
6
7

AIC
273.6
561.1
1113.7
2728.4

[8] O. Rioul, M. Vetterli, “Wavelet and Signal Processing” ,
IEEE signal processing Magazine, Vol. 8, ISSN 1053-5888,
pp. 14-37, October 1991.
[9] A. Araps, “An Introduction to Wavelets”, IEEE
Transactions on Computational Science and Engineering Vol.
2, pp. 1-19, No. 2, summer 1995.

If the response of AIC method without the proposed model is
compared with the response of the proposed model by using
db4 wavelet, it is seen that the first does not yield the correct
number of the sources but the proposed model gives the
correct number of the sources as seen in Table (1) and Table
(2).

[10] R. K. Pearson, “Outliers in Process Modeling and
Identification,” IEEE Trans Control Systems Technology,
Vol. 10, No. 1, pp 55-63, 2002.

VI. CONCLUSION
We have introduced a new technique to determine the number
of sources in a noisy environment by applying (AIC) to the
output of wavelet denoising, based on the ideal that wavelet
denoising improves the SNR of a noisy signal. We proceeded
to perform wavelet denoising of the signal from each sensor
of the array independently. Wavelet denoising helps to reduce
the error of the covariance matrix estimation. The wavelet of
db4 yield higher response for AIC method.
REFERENCES
[1] M. Wax and T. Kailath, “Detection of Signals by
Information Theoretic Criteria,” IEEE Transactions on
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Applying a Randomized Hough Transform based
on Edge Segment Merging Scheme for Ellipse
Detection
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Abstract - This paper proposes a new ellipse detection scheme
using a Randomized Hough Transform (RHT) modified to use
line segments. It detects line segments in an edge image and
selects every pair of them to test whether they are pertained to
the same ellipse of not using the RHT. If they pass the test,
they are merged. Since the proposed algorithm uses line
segments, it reduces the computation time of the RHT
significantly, and detects all ellipses included in an image
without missing. The experimental results have shown that its
performance is more prominent in detection of ellipses when
they are overlapped and partially occluded.

Keywords - Ellipse detection, Segments Merging,
Randomized Hough Transform, Occluded Ellipse.

I. INTRODUCTION
Elliptical shapes appear in most images dealt with in
computer vision. Not only in most industrial parts such as
volts, rings and tires etc., included they are but also in
natural object such as a human body. To detect elliptical
shapes included in a 2D image, Hough transformation as
well as its variations has been used most popularly and they
have shown reasonable performances.
Standard Hough Transform (SHT) [1] used the concept of
Hough Transform that projects the edge pixels on a X-Y
plane onto the parameter (a,b) plane to find straight line
segments. To find an ellipse, it projects every edge pixel on
a X-Y plane onto the 5D parameter space consisted with 5
parameters of a conic equation. Since each pixel requires 5
memory spaces, the total memory size becomes pretty large
and computational complexity also increases significantly.
Probabilistic Hough Transform (PHT) [3] was provided as a
solution for a large computational complexity problem.
Instead of using all edge pixels, PHT selects a specific set of
edge pixels using probabilistic models to project onto a
parameter space. Since the number of pixels to be used in
the determination of the ellipse parameters is reduced, the
time complexity is reduced, but the memory size is large
since each pixel is still requires 5 memory spaces.
Generalized Hough Transform (GHT) [4] is another
variation for fast detection of object shapes in an image. If a

model shape to detect in an image is determined, GHT
constructs its R-Table first where individual pixels are
represented as a set of distance and angle with reference to a
selected reference point. Then the R-Table is used as the
model to search the image. It reduced the space and time
complexity by reducing the number of parameters required
for each pixel, and included arbitrary shapes in its
application domain. However, it has a disadvantage that it
should provide separately all models of ellipse shapes to
detect.
As a solution of these space and time problems involved in
ellipse detection, Randomized Hough Transform (RHT) [5,
6] was proposed. It represents an ellipse using a second
order polynomial equation which has three parameters so
that they can be derived if the coordinates of three edge
pixels are given. That is, it reduces the computational
complexity by dividing a 5D space, required by the
traditional Hough Transformation, by a 2D space for the
epicenter of ellipse and a 3D space for the rest of the ellipse
parameters. It also selects edge pixels in random, not by
probabilistic model, to reduce the computational time.
However, a random selection of three edge pixels causes a
detection of false ellipses when objects are overlapped.
This paper proposes a new method of grouping edge pixels
by line segments and merging them if they are in the same
ellipse. Whether two line segments are in the same ellipse or
not is tested by comparing their parameters of RHT.
Because it can estimate the exact number of ellipses in the
image through the number of the merged segment set, it
reduces significantly the probability of false ellipse
detection. Also, this method can reduce the total execution
time because it estimates the ellipse parameters in the line
segment level not in the individual edge pixel level.
The rest of this paper is organized as follows: Section 2
describes the overview of the system and the preprocessing
of an input image. Section 3 illustrates the line segment
detection scheme and Section 4 explains how to use the line
segments to detect ellipses using RHT. Section 5 shows the
experimental results and Section 6 gives the conclusion.

- 407 -

II. SYSTEM OVERVIEW AND
PREPROCESSING

making L shape as shown in Fig. 3 are considered as the
redundant ones and they are eliminated. By removing these
redundant pixels, the time required for finding line
segments can be reduced.

A. System overview
The schematic diagram of the proposed algorithm is
summarized in Fig. 1. The algorithm begins with the edge
detection and thinning process in the first stage to find the
boundaries of the objects in the image. The detected edge
pixels are grouped by line segments using a corner pattern
detector and individual line segments are labeled so that
each of them may belong to only one ellipse later. In the
second stage, every pair of edge segments is tested to see
whether they satisfy the ellipse condition to merge. If so,
they are merged. This test and merge process is repeated
until all line segments are tested.

Fig. 3 Redundant pixels to be removed

III.

GROUPING EDGE PIXELS BY LINE
SEGMENTS

To find ellipses using RHT, three edge pixels should be
selected in the object image. As shown in Fig. 2, if there are
ellipses more than one, the RHT has a high chance of
selecting pixels from different ellipses to construct an
ellipse, resulting in false ellipses with spending a large
amount of processing time. To solve this problem, edge
pixels are grouped by line segments first in this paper using
the process given in Fig. 4 and the RHT uses these line
segments instead of edge pixels to detect ellipses.
Fig. 1 Schematic diagram of the proposed algorithm

B. Preprocessing
The preprocessing includes the edge detection and thinning
processes. For detecting edges in the input image, a
modified Canny operator is used which removes noise using
a Gaussian filter and estimates the local maximum edge
point using the magnitude and orientation of the first
differential of each pixel. Fig. 2 (b) is shows the result of
applying the Canny edge detector for an input image given
in Fig. 2 (a).

Fig. 4 Process of grouping edge pixels by line segments

To find line segments from the edge image, the process
illustrated in Fig. 4 finds the crossing pixels in the first step.
(a) Origin image
(b) Edge image
(c) Redundant pixels
For this purpose, edge pixels are classified by four patterns,
using the 8-connectivity window. The first one is the normal
Fig. 2 Canny edge detector
type having two neighboring edge pixels as shown in Fig.
5(a), the second one is the crossing type having more than
For grouping the edge pixels by line segments to use for
three neighboring edges as shown in Fig. 5 (b), and the third
RHT, a thinning operation is required. As shown in Fig. 2(c)
one is the end type having one neighboring edge as shown
which is the zoom-in image of a junction included in Fig.
in Fig. 5(c).
2(b), Canny edge detector leaves redundant pixels around
corners which hinders from correctly segmenting the
boundary edge pixels. Those pixels shown in the corners
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(a) 020

(a) Normal

(b) Crossing

(c) End
(f)101,-10-1

Fig. 5 Types of edge pixels

The fourth one is a corner type to be defined by a difference
chain code on the way of grouping process, since it cannot
be determined simply by a 3x3 window. The difference
chain code expresses an angle difference between two
vectors, A and B, each of which can take one of 8
directional vectors shown in Fig. 6(a). The angle difference
between these two vectors can be represented by one of 7
difference codes ranging from -3 to 3 including 0 as shown
in Fig. 6(b).

(a) Vector definition

(b)02-1,1-20 (c)011,-1-10 (d)101, -10-1
(e)110, -1-10

(b) Code

Fig. 6 Definition of a difference code

Fig. 7 shows an example of describing a sequence of edge
pixels using the difference chain code. A part of the edge
image is described by the difference chain code.

(g)120,0-2-1
(i)-12-1, 1-21

(h)-121,-1-21

Fig. 8 Corner patterns in a 5x5 window

Based on the types of edge pixels, the grouping and labeling
process begins with testing the leftmost top edge pixel in the
input image to see which type it is. If it is a normal type, it is
considered as a starting pixel of a new line segment and the
edge pixel located first in the counterclockwise rotation
with reference to X axis is selected to be tested until an edge
pixel of crossing or end type is found, while merging the
edge pixel as the same line segment if it is a normal type.
Once a crossing or end type is found, the process returns to
the first edge pixel of the line segment and begins the same
procedure with the edge pixel located in the other direction.
One line segment is completed when the tests along both
neighboring edge pixels are finished. If the first edge pixel
is a crossing type, it is the first pixel of three different line
segments and its neighboring pixels are tested one by one
repeatedly. Fig. 9(b) shows the line segment image obtained
by applying the proposed algorithm to the edge image in
Fig. 9(a) where there is no edge pixel of corner type.

(a) Crossing edges (b) Labeled line segments
Fig. 9 Edge grouping based on crossing edges

Fig. 7 Example of representing a curve using a difference chain code:
1-10001100-110-1

By empirically testing the images, the difference chain code
patterns of corners appearing in a 5x5 window are
summarized in Fig. 8.

On the grouping process, if an edge pixel of corner type is
found, then it stops the testing and merging operation. The
edge pixel of corner type becomes the starting pixel of a
new line segment from which the grouping process begins
again. For example, let’s consider an edge image given in
Fig. 10(a) where edge pixels of corner type are included. In
this case, if the pixels of corner type are not detected
correctly, then the wrong line segments which include
sudden curvature changes are resulted. In Fig. 10(b), line
segments 1 and 2 include one corner pixel respectively.

- 409 -

The line connecting m1 and t1 passes the center (O) of the
ellipse. Therefore if three points (x1,x2,x3) on an ellipse are
given, its center can be determined as the intersection of two

(a) Edge image

(b) Wrong result (c) Corner finding (d) Correct result

lines, t1m1 and t 2m 2 as shown in Fig. 11. Thus, the
parameters (p,q) in Eq. (2) can be removed and Eq. (4) can
be used to represent an ellipse where three parameters
(A,H,B) are sufficient.

Ax 2 2 Hxy By 2 1

Fig. 12 Grouping process considering corner pixels

If representing the line segment 1 in Fig. 10(b) with the
difference chain code, 1-10001100-110-1 is resulted where
110, one of corner patterns, is included. At the edge pixel
where this pattern is found, the line segment is divided and
the correct resulting line segments are obtained as given in
Fig. 10(d).

(4)

These three parameters in Eq. (4) can be obtained in the
parameter space if any three points on an ellipse are given in
X-Y plane, using Eq. (5).
x12 2 x1 y1
2
x2 2 x2 y2
x32 2 x3 y3


y12 
1
A  

H 
y22 
1
  
B  
y32 
1
  


(5)

IV. ELLIPSE DECISION
A. Randomized Hough Transform
Ellipses in a X-Y plane can be completely represented by
the following quadratic equation with five parameters
(a,b,c,d,e) as other 2nd order curves can be.

ax 2 by 2 cxy dx ey 1 0

B. RHT with line segments
To test if a pair of line segments consists of the same ellipse
of not, the process given in Fig. 12 is used where RHT takes
the main role in ellipse decision.

(1)

Eq. (1) can be restructured into Eq. (2) to explicitly include
the coordinates of the ellipse center (p,q). Eq. (3) is given as
the ellipse condition of Eq. (2). Still five parameters
(A,B,H,p,q) are required to represent an ellipse.
Ax p 2H 
x p
y q B y q 1

(2)

AB H 2 0

(3)

2

2

Since as the number of parameters increases the
computational complexity in Hough Transformation also
does rapidly, Yuen et al [2] proposed a method of
representing an ellipse with 3 parameters to use for
Randomized Hough Transformation. It takes two points
(x1,x2) on an ellipse and finds their midpoint (m1)and
intersection(t1) of their tangents, as shown in Fig. 11.

Fig. 12 Block diagram for ellipse decision

In the first step, the line segments are sorted by length in a
decreasing order and their ellipse parameters of RHT are
calculated using Eq. (5). If a line segment satisfies the
ellipse condition given in Eq. (3), it stays in the list.
Otherwise, it is considered not a part of an ellipse and
omitted from the list. The merging operation considers the
first, longest one in the list as the reference line segment.
One of the rests in the list is selected and its ellipse matching
ratio (EMR) defined in Eq. (6) is calculated.

N
EMR  c
Nw

Fig. 11 Estimate center of ellipse

(6)

In Eq. (6), Nw is the total number of pixels included in two
line segments and Nc is the number of those pixels of
segments pair that can be included in the reference ellipse
ER which is derived by RHT from the reference line
segment. Thus, Nc can be represented by Eq. (7).
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N

Nc Near 
i
w

i 1

(7)


1 if PQ th
Near 
i 
0 otherwise


(8)

In Eq. (8), if Q is the pixel to be tested and P is the pixel of
the reference ellipse at the intersection with the line from
the center of the ellipse and P, PQ is the distance between
the reference ellipse and the pixel included in the selected
line segment, as shown in Fig. 13(a). If the selected line
segment has an EER with the reference ellipse within the
threshold to be determined empirically, then it is merged to
the reference line segment.
Fig. 13 shows the example images acquired as the results of
the line segment merging two line segments. The first image
in Fig. 13(b) includes two line segments and line segment 1
(longest one) is selected as the reference one to derive the
reference ellipse C given in the second image. Then line
segment 2 is selected and its EMR is calculated which is
smaller than the threshold 0.95. Thus it cannot be merged
with Line segment 1. Fig. 13(c) shows the cases where the
line segments can be merged.

Fig. 14 Test images used in the experiments

Fig. 15(a) shows the rates of correct detection of ellipses,
plotted with changing the number of ellipses in the image.
The figure shows that the performance of the proposed
algorithm gets better outstandingly compared to the two
conventional ones, as the number of ellipses in image
increases.

(a) Rate of correct detection
(a) Distance

(b) Do not merging

(b) Number of estimated ellipse
(c) Merging
Fig. 13 Merging decision

V.
EXPERIMENTS
The performance of the proposed algorithm has been tested
with the ellipse image sets given in Fig. 14 where ellipses
with various parameters are overlapped arbitrarily. It is also
compared with those of SHT [1] and RHT [6], in terms of
accuracy of detecting ellipses and counting their number in
the image. The execution time is also calculated to compare
the computational time.

(c) Accuracy of ellipse detection
Fig. 15 Performance comparison (S: SHT, R: RHT, P: Proposed)

Fig. 15(b) displays the number of ellipses that is estimated
in each image. From this figure, the accuracy (S) of the
ellipse detection can be calculated as given in Eq. (10) and
is illustrated in Fig. 15(c).
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S=

Nd
Ne

(9)

In Eq. (9), Nd and Ne denote the number of correctly
detected ellipses and the number of total ellipses in an input
image, respectively.
To show visually the performances given in Fig. 16, the
ellipses actually detected by the RHT algorithm and the
proposed algorithm as depicted in Fig. 16 . It shows that
RHT algorithm detects ellipses with the pixels located in
different ellipses, resulting in detecting more ellipses than
actual ones.

The experiments have shown outstanding results in terms of
both detection accuracy and execution time. But it is also
conformed in the experiments as the problems that should
be solved that its performance depends on the accuracy of
edge detection and it needs to reserve all the corner patterns.

VI.
CONCLUSION
This paper has proposed a new ellipse detection algorithm
using the RHT based on line segments. The algorithm
intended to solve the problems of RHT which has a
tendency of detecting false ellipses with edge pixels
pertained to different ellipses and whose computational
complexity depends on the number of edge pixels. These
problems have been solved in this paper by reducing the
number of inputs to RHT by grouping the edge pixels by
line segments. The experimental results have shown that the
proposed algorithm is superior to two conventional
algorithms, SHT and RHT, by at least two times on average
in terms of accuracy and processing time, even when
ellipses are overlapped in an input image.
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(a) RHT algorithm

(b) Proposed

algorithm
Fig. 16 Actually detected ellipses

In the experiments, the computation times of three
algorithms are also measured. Since the order of the spent
time for SHT is out of the range, those of other two methods
are depicted in Fig, 17 .
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Fig. 17 Processing time

Fig. 17 shows that the proposed algorithm is faster than the
RHT of using edge pixels, as expected, since the number of
elements to be tested is reduced significantly by grouping
the edge pixels by line segments. The execution time is
measured while executing the algorithm implemented with
Visual C++ in Pentium PC.
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Abstract— The demand for non-invasive vehicle counting and
classifying devices has grown significantly in past decades due
to contributing factors from occupational health and safety
standards developed by state road authorities. In this paper, we
present an automated vehicle classification system based upon
the laser sensor technology. The system is capable of classifying
vehicles in multi-lane, high speed environments, and requires
no apparatus be placed on the carriageway. As opposed to
the conventional Fourier-based filtering method, this paper also
proposes a novel wavelet-based noise reduction technique to
enhance performance.

I. I NTRODUCTION
Contemporary traffic engineers have long relied upon traffic
surveys for collection of data. Most traffic control and design
problems demand a fairly detailed knowledge of the operating
characteristics of the traffic concerned, e.g., traffic counts and
classifications, speed surveys, vehicle dimensions, etc. [1], [2].
Extensive research in automated traffic surveys, produced
by sensors either embedded in or above the road surface,
have been conducted over past decades. Counting and classification systems developed from a wide variety of methods
include pneumatic tubes, inductive loops, infrared traffic logger (TIRTL), radar, ultra sonic, video, etc. These counting
systems can be generally classified into two distinct groups,
namely, invasive and non-invasive systems. Invasive systems
refer to the ones where sensors are installed within or upon
the carriageway, whereas for non-invasive systems sensors
are installed above or adjacent to the carriageway with no
disruption to traffic flow [3].
The demand for non-invasive counting and classifying devices has grown significantly in past decades due to contributing factors from occupational health and safety standards
developed by state road authorities. There is significant risk
associated with departmental personnel working in proximity
to high traffic volume environments.
In the paper, we discuss the development of a non-invasive
automated vehicle classification (AVC) system based upon
the laser sensor technology. The AVC system is capable of
classifying vehicles in multi-lane, high speed environments,
and uses an advanced wavelet-based noise reduction technique
to enhanced performance. The remainder of the paper is
organised as follows. Section II introduces the Austroads
classification standard. Section III is dedicated to the universal

laser sensor. Fourier and wavelet based signal noise reduction
techniques are discussed in Section IV. The vehicle classification algorithm and experimental results are presented in
Sections V and VI, respectively. Finally, concluding remarks
are given in Section VII.
II. AUSTROADS C LASSIFICATION S TANDARD
An AVC system classifies vehicles into one of a number of
distinct groups. It is usually applied in the disaggregation of
traffic data, for example in the analysis and reporting of weighin motion data or the determination of annual average daily
traffic (AADT). The current Austroads vehicle classification
system, comprising 12 classes, has served well in its current
form for the past five years [4].
The Austroads standard, updated in 1994 following Austroads project RUM.3.D.8 [4], is summarized in Table I. The
standard determines the classes of vehicles based upon three
levels, namely, length, axles and axle groups, and vehicle type.
TABLE I
AUSTROADS VEHICLE CLASSIFICATION SYSTEM SUMMARY
Class
1
2
3
4
5
6
7
8
9
10
11
12

Description
Short vehicle
Short vehicle towing
Two axle truck or bus
Three axle truck or bus
Four axle truck
Three axle articulated
Four axle articulated
Five axle articulated
Six axle articulated
B-double
Double road train
Triple road train

A. Evaluation of existing sensor detector methods
We evaluate two typical sensor detector methods for designing AVC systems in this section. The first method called the
pneumatic road sensor is currently the most common system
used in Australia for counting and classifying vehicles. The
sensor was invented in the 1920s as the first intrusive traffic
detector technology. Due to its simplicity and low cost, the
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pneumatic road sensor is still widely in use today. Although
the accuracy of the sensor is high, the pneumatic sensor system
requires that technicians enter the carriageway to secure the
sensors to the carriageway, exposing the workers to inherent
dangers in high volume traffic environments.
The second method termed the infrared traffic logger
(TIRTL) is a portable, light based vehicle counter, classifier
and speed measurement device that measures vehicle axle
breaks. The system consists of a pair of infra-red (IR) beam
transmitter and receiver located on opposite sides of the
carriageway. The system uses the order of timing of IR beams
to determine the location and speed of passing vehicles. The
TIRTL requires a receiver unit on the opposite side of the
carriageway, so the installer may be exposed to road dangers.
B. Laser Sensor Detector
Due to the deficiencies of the two popular sensor detectors
discussed in the preceding section, the laser sensor technology
has been identified as the method for our AVS system. The
laser sensing technology has the advantage of accuracy, and
requires no human intervention for devise deployment and data
collection. The laser sensor product we choose is the Universal Laser Sensor (ULS), manufactured by Laser Technology
Incorporated [5].

Fig. 1.

There is a trade-off between having a faster measurement
rate with lower accuracy and a slower measurement rate with
higher accuracy. For practical purposes, the measurement rate
should be as low as acceptably possible.
In the proposed AVC system, two laser sensors were placed
adjacent to the carriageway, approximately one metre apart. In
order to be able to detect only axles, the laser must be low
enough to the road surface so as to detect the wheels of the
vehicle, but not the underside of the vehicle.

III. U NIVERSAL L ASER S ENSOR

IV. S IGNAL N OISE R EDUCTION T ECHNIQUES

The ULS is a user-configurable distance measuring device.
The ULS rangefinder sends a single laser pulse, typically
8ns in duration, to a target. The reflection from the target
is then received by the sensor. It measures the time it takes
for the pulse to return to the rangefinder. Since the speed of
light is relatively constant across a large range of atmospheric
conditions, the distance to the target can be calculated reliably.
The ULS allows adjustment of settings to optimize measurement performance depending upon the application. The
device allows setting of the laser pulse firing rate frequency
(PRF) ranging from 10 to 5000 Hz. To determine a distance to
a target, the device averages the distance over a user defined
number of pulses, which is termed pulses per measurement
(PPM). This is because one individual pulse would not provide
a very accurate measurement, since its travel time is too short
(in the order of 10−12 seconds).
The measurement output data rate can be established as
PPM
.
(1)
PRF
In our AVC system, we choose PRF = 4000, and PPM = 16.
Therefore, the resulting measurement date rate Ro = 0.004s,
implying a single measurement every 0.004 seconds or equivalently a measurement frequency of 250 Hz.
To achieve a higher output data rate, one can either decrease
the PPM, or increase the PRF. Considering the case of a
semi-trailer as shown in Fig. 1, where the grouped axles are
considerably closer than in a passenger vehicle, there must
exist sufficient laser pulses between axle detections in order
to be able to distinguish between axles.
Ro =

ULS sampling of a typical semi-trailer axle group.

As mentioned in Section III, the AVC systems under
consideration has a designed measurement frequency of 250
Hz. According to Nyquist Theorem [6], the system is able
to reliably detect frequencies up to 125 Hz. Unfortunately,
there is a considerable amount of noise in the measurement
data due to the high PRF and low PPM parameters of the
ULS. Moreover, the sensor signal output from the ULS is
subject to severe additive white Gaussian noise (AWGN)
when deployed in busy motorways. Therefore, advanced noise
reduction techniques are imperative for developing the AVC
system. Both Fourier and wavelet analysis methods for noise
reduction are experimented and compared in this paper.
A. Fourier-based Noise Reduction Technique
Fourier analysis is widely utilised to remove noise in communications systems. One can use low pass filters to extract
user information from noisy signals. The idea is to pass low
frequencies but attenuate frequencies higher than a set cut-off
frequency. Such a filter is normally specified in the frequency
domain but designed in the time domain [6].
The Fourier-based noise reduction techniques is very effective if the noise presented in the laser sensor output is not timevarying. However, this is not always true as we observed from
our field experiments. The major challenge of removing timevarying noise using low pass filters lies in the inherent problem
of Fourier transform lacking adequate time resolution. This
leads us to consider the application of advanced wavelet-based
denoising techniques as discussed in the following section.
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B. Wavelet Denoising Technique

Daubechies 4 − Wavelet Function

Haar − Wavelet Function
1.5

1

It is observed that the laser sensor output may be corrupted
by non-stationary noise resulted from time-varying traffic in
motorways. Due to poor time resolution of Fourier transform,
wavelet analysis is more suitable for removing such noise.
Unlike the conventional Fourier transform, whose basis
functions are sinusoids, wavelet transforms are based on small
waves, termed wavelets, of varying frequency and limited duration. This enables wavelet transform to reveal both frequency
and temporal information of the signal being analysed.
A wavelet transform maps a time function into a twodimensional function of a and t [7]. The two parameters, a and
t, represent scale and translation respectively. The continuous
wavelet transform (CWT) is mathematically defined as [8]


Z
t−τ
1
s(t)ψ
dt,
(2)
Wψ (a, t) = √
a
a
where ψ(t) is the mother wavelet. Conversely, if the mother
wavelet ψ(t) is invertible, the inverse transform can be defined
as


Z ∞
t−τ 1
1
1
da dt,
(3)
s(t) =
Wψ (a, t) √ ψ
Cψ −∞
a
a2
a
where a is a positive number, and Cψ is a constant.
For discrete signals, however, one can not directly apply (2)
due to the fact that the calculation of this transform requires an
infinite amount of data. Mallat proposed an efficient method
to implement the discrete version of the wavelet transform [9].
The Mallat algorithm is graphically illustrated in Fig. 2
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(a) Haar 1 wavelet function
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(b) Daubechies 4 wavelet function

Haar and Daubechies wavelet functions.

Figs. 3(a) and 3(b) illustrate two popular wavelet functions,
i.e., Haar wavelet and Daubechies wavelet. The Haar wavelet
function resembles the ideal noise-free laser sensor signal,
which has very sharp edges indicting the transition from no
axle present to an axle present. As a result, we choose the
Haar wavelet function as the mother wavelet for our wavelet
denoising scheme.
Wavelet denoising of a signal involves computing the discrete wavelet transform of the signal and then decreasing
or discarding the smallest wavelet coefficients. The inverse
transform of these coefficients will then be a filtered version
of the signal. More specially, wavelet denoising can be ordered
into three steps. First, decompose the signal to a level of N
using the selected mother wavelet. Second, detail coefficients
thresholding: for each level from 1 to N , select a threshold and
apply thresholding to the detail coefficients. Third, reconstruct
the signal based upon the original approximation coefficients
of level N and the modified detail coefficients of levels from
1 to N . The second step is the most critical one, which largely
determines the performance of the wavelet filter.
V. V EHICLE C LASSIFICATION A LGORITHM

Fig. 2.

Mallat wavelet decomposition.

As can be seen from Fig. 2, the input signal is convolved
with both a high pass and a low pass filter, producing two
arrays of coefficients twice the size of the original signal.
Downsampling is performed upon each array of coefficients,
keeping only the even numbered coefficients. The signal is
now separated into two discrete frequency bands. CA represents the approximation coefficients, i.e., the lower frequency
coefficients, whereas CD represents the detail coefficients, i.e.,
the higher frequency coefficients.
The strength of wavelet transform representations is that
signals that have similar features to the wavelet function at any
scale may be well represented by only a few of the wavelet
basis functions. As different families of wavelets have different
properties, the choice of the mother wavelet must be carefully
considered.

In order to classify vehicles, a number of parameters are
required. These parameters are then used to determine the
vehicle and their appropriate classes. According to the Austroads standard, the classifying system bases classification
upon combinations of four parameters, namely, number of
axles, number of axles groups, axle spacing of first and second
axles, and axle spacing of second and third axles if it exists.
There is a specific sequence of events that the classification
algorithm uses to successfully count and classify vehicles
detected by the AVC system. The events can be summarised
into the following ordered processes
1) Load the sensor output file containing the measured data;
2) Denoise data from both lasers using wavelets;
3) Calculate the position of each lane relative to the sensors;
4) Separate vehicles into particular lane for analysis;
5) Select the first lane to classify;
6) Detect axles in the current lane;
7) Determine speed of the first axle in data;
8) Calculate axle spacings at axle speed;
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9) Select axles, until axle spacing exceeds 10m as part of
current vehicle;
10) Determine the number of axles and axle groups in
current vehicle;
11) Determine separation of first and second axles;
12) Determine separation of second and third axles if it
exists;
13) Continue determining individual vehicle data for particular lane;
14) Increment to the next lane;
15) Go back to Step 6) and repeat the classification process
until the last lane.
A couple of crucial techniques in the classification process
are explained in more detail in the following subsections.
A. Axle Detection

VI. E XPERIMENTAL R ESULTS
In this section, we present our testing procedure and experimental results for the AVC system we propose. We first present
the comparative results between Fourier-based and waveletbased noise reduction techniques.
Fig. 4 demonstrates the application of a low pass filter to
a real laser sensor output signal. The original noisy signal
is shown as the dotted line. As can be seen from Fig. 4,
ringing is produced before and after any axle event, further
complicating axle detection, whilst the noise is attenuated
well between axle events. The filtered signal peaks have been
attenuated substantially. While the original signal shows the
vehicle at approximately 1.5 metres from the sensor, after
filtering the signal, the vehicle ranges from four to five metres
from the sensor. This makes the lane identification unreliable,
and further discredits the use of a low pass filter in the system.

Edges characterise the boundaries of leading and trailing
edges of wheels of the vehicle, and are therefore a problem
of fundamental importance in processing the signal. Edge detecting significantly reduces the amount of data and filters out
useless information, while preserving the important structural
properties of the signal.
Edge detection algorithms can be divided into two major
categories, i.e., methods using Gradient and Laplacian filters [6]. The Gradient filter uses the first derivative to find
changes in amplitude of the signal. Peaks in the Gradient filtered signal indicate edges in the original signal. The Laplacian
filter uses the second derivative to find changes in the first
derivative. The Laplacian method can be used to find edges
in the original signal by finding the zeros crossings in the
Laplacian filtered signal.
A positive peak identified by the axle detection algorithm
indicates the leading edge of the wheel, and a negative peak
indicates the trailing edge. Typically, only the leading edges of
the wheels will be required, from which the distance between
axles can be calculated.
B. Axle Grouping
An axle is defined as part of a group if the distance to an
adjacent axle is less than 2.1 metres. The distance between
axles is found easily from the detection of the front edge of
the wheel. The time between the first positive peak produced
from the gradient filter on Laser 1 and the first positive peak
on Laser 2 is taken as the time the vehicle took to travel from
Laser 1 to Laser 2. Since the distance between the two lasers
is known to be one metre, the speed of the vehicle can be
easily calculated as v = d/t.
Once the speed of the vehicle is known, this distance
between consecutive axles can be found from edge detections
on one set of the laser data. The spacing between consecutive
axles is calculated by multiplying the time between edges by
the speed of the first axle. When the distance between axles
exceeds the Austroads standard of 10m for maximum axle
spacing, the remaining axles in the data are not considered to
be part of the current vehicle.

Low Pass Filtered Signal
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Denoising of real sensor output using a low pass filter.

Fig. 5 demonstrates the result of applying a wavelet filter to
a real laser sensor output signal. The data was denoised using
six levels of decomposition. As compared with the results in
Fig. 4, it is evident that the Haar wavelet denoising technique
offers much better noise reduction performance for this particular application, and is therefore chosen as the method for
denoising the measurement data in the classification algorithm.
To evaluate the performance of our AVC system, a field
testing procedure has been developed. The objective of the
testing procedure is to determine the accuracy at which the
developed system can detect axles and calculate the axle
separation of known vehicles.
Both single-lane and multi-lane scenarios are considered in
the testing procedure. Fig. 6 shows the layout for the multilane scenario. For this configuration, field experiments were
conducted on Bridge Street in Toowoomba, Queensland, a
single direction, double lane uncontrolled environment, where
the existing speed limit was 60 km/hr. Video footage of the
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TABLE II
AUSTROADS VEHICLE CLASSIFICATION SYSTEM TEST RESULTS

Wavelet Denoised Signal

10

Distance

Distance

Noise Corrupted Signal

10

0
0.8

1

1.2
Time(s)

1.4

1.6

Denoising of real sensor output using a wavelet filter.

passing vehicles was recorded so as to later compare the
vehicle types determined by the system with vehicle types
visually observed.

Fig. 6.

Multi-lane test procedure layout.

Table II shows the first 20 classified vehicles of a 57 vehicle
classification sample. 39 of the 57 vehicles in the classification
sample were classified successfully. Of the 39 vehicles that
classified successfully, the speed of each vehicle appears to
be marginally high.
For the misclassified vehicles, the visual inspection indicated that nearly all misclassified vehicles were the larger
wheel base type vehicles such as four wheel drive utilities.
These vehicles tend to have wheel bases closer to the the limit
of 3.2 metres between class 1 and class 3 classification. The
incorrect determination of speed would cause the vehicle to
be determined to have a longer wheel base if the speed was
recorded too high. It should be noted that speed inaccuracy,
which is responsible for misclassification, is largely due to
the synchronisation problem between two laser sensors when
date is being reading out from them. It appears that the only
solution to this problem will be via the use of two designated
processors for reading out data from each of the sensors
simultaneously. Our future work will address this issue.
VII. C ONCLUSIONS
In this paper, we discussed the development of an automated
vehicle classification system for the Austroads standard based
upon the laser sensor technology. A novel wavelet-based

System
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75.0
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1
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1
3
1
1
1
1
1
1
1
9

noise reduction technique was also proposed to enhance the
system performance. The concept of using laser sensors as a
replacement for pneumatic tubes, which are currently used for
vehicle classification in Australia, has been proved.
The system is truly non-invasive in the fact that it requires
only that the sensors be deployed on one side of the carriageway. There is no requirement for technicians to enter the
carriageway, and the system does not affect motorists. This
aspect of the system will have a positive impact on injuries
sustained by staff setting up traffic count sites. The future
development of this work will lead to commercially viable
AVC products.
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Abstract— We present two efficient histogram algorithms designed for NVIDIA’s compute unified device architecture (CUDA)
compatible graphics processor units (GPUs). Our algorithm can
be used for parallel computation of histograms on large data-sets
and for thousands of bins. Traditionally histogram computation
has been difficult and inefficient on the GPU. This often means
that GPU-based implementation of the algorithms that require
histogram calculation as part of their computation, require to
transfer data between the GPU and the host memory, which
can be a significant bottleneck. Our algorithms remove the need
for such costly data transfers by allowing efficient histogram
calculation on the GPU. We show that the speed of histogram
calculations can be improved by up to 30 times compared to a
CPU-based implementation.
Index Terms— Histogram, Parallel processing, Compute unified device architecture (CUDA), Graphics processor unit (GPU)

implementation of certain algorithms (even trivial ones) on the
GPU may be difficult or may not be computationally justified.
Histogram has been traditionally difficult to compute efficiently on the GPU [4]. Lack of an efficient histogram method
on the GPU, often requires the programmer to move the data
back from the device (GPU) memory to the host (CPU), resulting in costly data transfers and reduced efficiency. A simple
histogram computation can indeed become the bottleneck of
an otherwise efficient application.
Currently, there is only one efficient histogram method
available for CUDA compatible devices [4]. The histogram
is limited to 64 bins, which is too small for many real-life
applications. For example, 2D histogram calculations used in
estimating the joint pdf of pixel intensities, commonly used
in mutual information ([5])-based image registration methods
(e.g. [6], [7], [8], [9], [10], [11]), typically require in the order
of 10, 000 bins.
B. Method and Contribution

I. I NTRODUCTION
The histogram is a non-parametric density estimator which
provides a consistent estimate of the probability density function (pfd) of the data being analyzed [1], [2]. The histogram is
a fundamental statistical tool for data analysis which is used as
an integral part of many scientific computational algorithms.
Recent advances in graphics processor units (GPUs), most
notably the introduction of the compute unified device architecture (CUDA) by NVIDIA [3], allows implementation of
non-graphical and general purpose algorithms on the GPU.
GPUs, like NVIDIA 8800 GTX, are massively multi-threaded
single instruction multiple data (SIMD) devices and are optimized for floating point calculations. Due to its architecture,
the GPU is a natural candidate for implementation of many
scientific applications, which require high-precision and efficient processing of large amounts of data.
A. Background and Motivation
Unfortunately, the higher processing power of the GPU
compared to the standard central processor unit (CPU), comes
at the cost of reduced data caching and flow control logic as
more transistors have to be devoted to data processing. This
imposes certain limitations in terms of how an application
may access memory and implement flow control. As a result,

We present two efficient histogram methods for CUDA
compatible devices which can be used for any number of
bins. The histogram methods are designed for NVIDIA 8series GPUs of ‘compute capability’ 1.01 . The GPU does
not support atomic updates of the device’s global memory or
shared memory. It also lacks mutual exclusion (mutex) and
critical section thread synchronization primitives which are
required for safe access to shared objects by multiple threads.
The only synchronization facility offered by the GPU is the
thread join which only works among the threads of the same
thread block.
To overcome lack of synchronization primitives, we investigate two strategies for histogram implementation. The first
method is based on simulating a mutex by tagging the memory
location and continuing to update the memory until the data
is successfully written and the tag is preserved. The second
method maintains a histogram matrix of B × N size, where
B is the number of bins and N is the number of threads.
This provides a collision free structure for memory updates
by each thread. A parallel reduction is ultimately performed
on the matrix to combine data counters along the rows and
produce the final histogram. Various techniques are used to
1 Unless otherwise noted, use of the term GPU in the remainder of this
paper refers to this class of devices.
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minimize access to the GPU’s global memory and optimize
the kernel code for the best performance.
II. C ONCEPTS
A. An Overview of CUDA

1
2
3
4
5
6
7



f o r ( i = 0 ; i < d a t a l e n ; i ++)
{
/ / ’ d a t a [ ] ’ i s n o r m a l i z e d b e t w e e n 0 . 0 and 1 . 0 .
bin = data [ i ] ∗ ( bins − 1 ) ;
/ / ’ histogram [] ’ i s already i n i t i a l i z e d to zero .
histogram [ bin ]++;
}

Listing 1.



A simple histogram code snippet for a sequential processor.

data[MN+1]

data[MN+2]

...

data[MN+i]

...

data[MN+N]

...

...

accesses are coalesced if for each thread i within the half-warp the
memory location being accessed is ‘baseAddress[i]’, where ‘baseAddress’
complies with the alignment requirements.
3 Gigabits per second

Histogram calculation is straightforward on a sequential
processor as shown in Listing 1.



...

2 Memory

B. Problem Statement

...

We provide a quick overview of the terminology, main
features, and limitations of CUDA. More information can be
found in [3]. A reader who is familiar with CUDA may skip
this section.
CUDA can be used to offload data-parallel and computeintensive tasks to the GPU. The computation is distributed in
a grid of thread blocks. All blocks contain the same number
of threads that execute a program on the device, known as the
kernel. Each block is identified by a two-dimensional block
ID and each thread within a block can be identified by an
up to three-dimensional ID for easy indexing of the data
being processed. The block and grid dimensions, which are
collectively known as the execution configuration, can be set
at run-time and are typically based on the size and dimensions
of the data to be processed.
It is useful to think of a grid as a logical representation of the
GPU itself, a block as a logical representation of a multi-core
processor of the GPU and a thread as a logical representation
of a processor core in a multi-processor. Blocks are time-sliced
onto multi-processors. Each block is always executed by the
same multi-processor. Threads within a block are grouped into
warps. At any one time a multi-processor executes a single
warp. All threads of a warp execute the same instruction but
operate on different data.
While the threads within a block can co-operate through a
cached but small shared memory (16 KB), a major limitation is
the lack of a similar mechanism for safe co-operation between
the blocks. This makes implementation of certain programs
such as a histogram difficult and rather inefficient.
The device’s DRAM, the global memory, is un-cached.
Access to global memory has a high latency (in the order of
400-600 clock cycles), which makes reading from and writing
to the global memory particulary expensive. However, the
latency can be hidden by carefully designing the kernel and
the execution configuration. One typically needs a high density
of arithmetic instructions per memory access and an execution
configuration that allows for hundreds of blocks and several
hundred threads per block. This allows the GPU to perform
arithmetic operations while certain threads are waiting for the
global memory to be accessed. The performance of global
memory accesses can be severely reduced unless access to
adjacent memory locations is coalesced2 for the threads of a
warp (subject to certain alignment requirements).
The data is transferred between the host and the device via
the direct memory access (DMA), however, transfers within
the device memory are much faster. To give reader an idea,
device to device transfers on 8800 GTX are around 70 Gb/s3 ,

whereas, host to device transfers can be around 2−3 Gb/s.
As a general rule, host to device memory transfers should
be minimized where possible. One should also batch several
smaller data transfers into a single transfer.
Shared memory is divided into a number of banks that
can be read simultaneously. The efficiency of a kernel can be
significantly improved by taking advantage of parallel access
to shared memory and by avoiding bank conflicts.
A typical CUDA implementation consists of the following
stages:
1) Allocate data on the device.
2) Transfer data from the host to the device.
3) Initialize device memory if required.
4) Determine the execution configuration.
5) Execute kernel(s). The result is stored in the device
memory.
6) Transfer data from the device to the host.
The efficiency of iterative or multi-phase algorithms can
be improved if all the computation can be performed in the
GPU, so that step 5 can be run several times without the need
to transfer the data between the device and the host.

data[N+1]

data[N+2]

...

data[N+i]

...

data[N+N]

data[1]

data[2]

...

data[i]

...

data[N]

Thread(1)

Thread(2)

...

Thread(i)

...

Thread(N)

histogram[1]

histogram[2]

...

histogram[B]

Fig. 1. Parallel calculation of a histogram with B bins distributed to N
threads. Histogram updates conflict and require synchronization of the threads
or atomic updates to the histogram memory.

Parallelizing a histogram with B bins over N threads is
schematically shown in Fig. 1. The input data is distributed
among the threads. Updates to histogram memory is data
dependent as such, many threads may attempt to update the
same location of the memory resulting in read/write conflicts.
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Since the GPU lacks native mutex synchronization and atomic
updates to its memory, we propose the following two methods
to avoid the concurrent update problem.

Method 1 − Performance for Different Warp Sizes
10 GB/s
9 GB/s

2 Warps
8 Warps
16 Warps

Throughput (Gigabytes/sec)

8 GB/s

III. M ETHOD
A. Method 1: Simulating Atomic Updates in Software
The GPU executes the same instruction for all the threads
of a warp. This allows simulating an atomic update by tagging
the data that is being written to with the thread ID within the
warp and repeatedly writing to the location until the tagged
value can be read without change as shown in Listing 2.


1
2
3
4
5
6
7
8
9
10
11
12
13

/ / ’ b i n ’ i s d e f i n e d a s ’ v o l a t i l e ’ t o p r e v e n t t h e comp−
/ / i l e r f r o m o p t i m i z i n g away t h e c o m p a r i s o n i n l i n e 1 3 .
v o l a t i l e unsigned i n t bin ;
unsigned i n t tagged ;
bin = ( unsigned i n t ) ( d a t a [ i ] ∗ ( b i n s − 1 ) ) ;
do
{
u n s i g n e d i n t v a l = h i s t o g r a m [ b i n ] & 0 x07FFFFFF ;
/ / The l o w e r 5 b i t s o f t h e t h r e a d i d ( t i d ) a r e
/ / u s e d t o t a g t h e memory l o c a t i o n .
t a g g e d = ( t i d << 2 7 ) | ( v a l + 1 ) ;
histogram [ bin ] = tagged ;
} while ( h i s t o g r a m [ bin ] != t a g g e d ) ;
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Fig. 2. The performance of the method is higher with more warps but drops
more quickly with the number of bins. Lower number of warps perform better
for bigger bins.

with 4 warps and a limit of 1024 bins per execution, a 10, 000
bin histogram requires 10 iterations of the algorithm.
Fig. 2 shows histogram throughput in gigabytes per second
for
2, 8 and 16 warps. Histogram bins are varied from 1 to


Listing 2. Simulating atomic updates to shared memory for threads that
10, 000. The input data is random with a uniform distribution.
belong to the same warp.
Higher number of warps result in improved performance for
For this method to work one needs to ensure that smaller bins but as the number of bins increases, the number
‘histogram [] ’ array can only be updated by one warp and the of warps has to be reduced in order to achieve the highest
frequency of samples does not exceed 32 − log2 w, where w throughput. As a result, we choose the optimum number of
is the warp size. For 8800 GTX, the warp size is 32 and the warps wopt depending on the number of bins and such that
frequency of samples cannot exceed 227 .
wopt = argmax wB, wB ≤ smax , 3 ≤ w ≤ wmax , (1)
At each iteration, at least one of the threads within the warp
w
is guaranteed to succeed [3], so the worst-case scenario is that
the loop has to be executed w times. This happens when all where w is the number of warps, B is the number of bins,
smax is the maximum number of double words that can be
the threads happen to be writing to the same bin.
‘histogram [] ’ has to be allocated on the GPU’s shared allocated in the shared memory, and wmax is the maximum
memory for this method to be efficient. However, given the number of warps supported by the hardware. We also note that
4 K double word (32-bit) limit for the shared memory, the the performance of the method with respect to the number of
maximum number of bins that can be supported is 40964 . We bins is almost piece-wise constant with the exception of small
caution against allocating ‘histogram [] ’ in the global memory bins where the performance is lower due to increased chance
to overcome this limit, as repeated updates to the high latency of bin update collisions. The jumps in Fig. 2 correspond with
global memory will significantly reduce the execution speed. the increasing number of iterations required for calculating the
We also note that using a single warp under-utilizes the GPU entire bin range.
The disadvantage of this method is that the throughput
resources. For optimal performance the GPU needs around 4-8
is
dependent on the distribution of the data. In Fig. 3, we
warps. As such, we need to allocate a separate histogram array
have
shown the throughput of the method for a random input
for each warp. The sub-histogram arrays are then combined
with
a uniform distribution, a random input with a normal
to produce the final result. Obviously, increasing the number
distribution,
and for a degenerate distribution (i.e. all input
of warps will further limit the number of bins that can be
elements
are
set to the same value). The random input with
processed per execution of the algorithm.
uniform
distribution
is close to the best case scenario, as for
To allow calculation of an arbitrary number of bins, we sublarge
inputs
the
histogram
is going to be uniform and the
divide the bin ranges into a number of sub-ranges that fit in the
histogram
update
collisions
are
close to minimal. A degenerate
shared memory. For a given execution configuration we run
distribution
results
in
maximum
histogram update collisions,
the algorithm as many times as required to cover the entire bin
as
all
the
threads
try
to
update
the
same histogram bin and as
range. At each iteration the kernel will only process those data
such
represents
the
worst
case
scenario.
The performance for
elements which fall in the specified bin range. For example,
a real application is somewhere in between these lower and
4 The actual number is slightly lower, since CUDA uses shared memory to
upper bounds and we have represented this with a random
input with a normal distribution with mean 0 and standard
pass arguments and execution information to the kernel.
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Method 1 − Performance for Different Input Distributions

Method 2 − Performance
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Fig. 3. The performance of method 1 is dependent on the distribution of the
input data. Data with a uniform distribution performs (almost) best. The worst
performance is observed for a degenerate distribution. The performance for
practical applications is somewhere between these upper and lower bounds.
Depending on the number of bins, a performance improvement of between
3-30 times is observed compared to the CPU implementation.

deviation 1. For comparison, we have shown the throughput
of histogram calculation on a high-end CPU (refer to Appendix
I for specifications). The performance of the histogram on the
CPU is almost constant w.r.t. the number of bins and is not
affected by the distribution of the input data. Fig. 3 shows that
the GPU implementation has a clear advantage, especially for
smaller bins.
B. Method 2: Collision-Free Updates
As discussed, performance of the histogram calculation
using the first method depends on the distribution of the input
data. This may not be ideal for certain applications. In this
section, we present and analyze an alternative method whose
performance is not affected by the distribution of data. To this
end, we allocate a histogram array per thread in the global
memory. Then a partial histogram is calculated per thread
and finally the partial histograms are reduced into a single
histogram.
The benefit is that, given the size of the global memory,
for any practical number of bins the algorithm only requires
a single iteration to complete. In addition, there will be no
concurrent updates of the same memory location by multiple
threads and as such no update synchronization is required,
which in turn means that the performance of the method is
not data dependent.
However, there are two drawbacks to this method; firstly,
a much larger memory for partial histograms needs to be
allocated and initialized to zero at the beginning; secondly,
histogram updates need to be done on the global memory,
this entails non-coalesced read/writes per input data and is
inefficient.
The standard memory initialization method that can be
called from the host, ‘cudaMemset’ proved to be inefficient.
We implemented a method for initializing floating point arrays

Fig. 4. The performance of method 2 is above the first method’s worst case
and the CPU-based histogram implementation. The maximum throughput is
achieved for smaller bins with an improvement of up to 30 times compared
to the CPU implementation.

in the kernel with a throughput of around 35 Gb/s, which
addressed the first problem.
To address the second problem, and avoid excessive noncoalesced updates of the global memory, we pack multiple
bins in a double word in the shared memory and only update
the corresponding bin in the global memory when the packed
bin overflows. This reduces the updates to the global memory
by a factor of 2b , where b is the number of bits available
for storage of a bin in the shared memory. b depends on the
number of threads per block and the number of bins and is
calculated as
smax × 32
b=
,
(2)
B × Nb
where smax is the maximum number of double words that can
be allocated in the shared memory, B is the number of bins
and Nb is the number of threads per block.
There is a trade-off between the number of threads and the
number of bits per bin. Increasing the number of threads, decreases b, resulting in more global memory updates, while reducing the number of threads can under-utilize GPU resources
and affect the performance. We optimized these parameters
for the best performance, the result is shown in Fig. 4. As
can be seen the second method performs consistently better
than the first method’s worst case. The performance of the
second method for smaller bins is comparable with the first
method’s best case. However, this method under-performs the
first method’s best case for the mid and high bin ranges.
IV. D ISCUSSION
The histogram implementations, presented in this paper,
highlight some of the challenges, trade-offs and rewards in
rethinking existing algorithms for a massively multi-threaded
architecture, such as CUDA. The performance of the histogram
calculation on a GPU can be up to 30 times more, compared to
a CPU implementation. While the performance improvement
diminishes with increasing number of bins, the improvement is
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significant for a wide range of bins and consequently for many
practical applications. Even when the performance of CPU and
GPU implementations are comparable, the fact that the GPU
implementation removes the need for data transfer between the
device and the host, will still benefit applications that require
histogram calculation as part of their implementation.
We recommend using the first method, where the distribution of the data is known to be well behaved such as
a uniform or gaussian distribution (with not a too small
standard deviation). However, when the distribution is close
to a degenerate distribution or very sparse the second method
will be more efficient.
In practice, one can choose the appropriate method by
experimentation. The source code for the presented algorithms,
as well as 2D histogram implementations, can be found online
at http://cecs.anu.edu.au/˜ramtin/cuda/.
In our opinion, CUDA is a promising technology built upon
a solid hardware and software platform that can greatly benefit
scientific and applied computing applications. The two major
limitations of the current hardware are the small size of the
shared memory and the lack of basic synchronization methods.
While we recognize that addressing these limitations is no
trivial task, we expect that future generations of the platform to
provide further improvements and more flexibility over time.
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A PPENDIX I
H ARDWARE C ONFIGURATION
We used the following host and device configurations in our
experiments.
TABLE I
H OST S PECIFICATION
Processor

AM2 Athlon 64×2 6000+ 3.0 GHz

Memory

4 GB, 800 MHz DDR2

Motherboard

ASUS M2N-SLI Deluxe

Graphics card

Leadtek 8800 GTX

Power supply

650 W

TABLE II
D EVICE S PECIFICATION (GPU)
Model

NVIDIA 8800 GTX

# of Multi-processors

16

# of cores per Multi-processor

8

Memory

768 MB

Shared memory per block

16 KB

Max # of threads per block

512

Warp size

32
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(1) Image

Abstract—This paper examines the task of calibrating a
network of security cameras of arbitrary topology utilizing a
common ground-plane to simplify the geometry. The method of
chaining ground-plane homographies is employed to overcome
the necessity that a common region is visible in all images of
the ground-plane. We show that this method of recovering a
projective reconstruction is ideal for the case of surveillance
camera networks due to the ability to linearly initialize the
cameras and structure when making use of the common groundplane assumption.

I. I NTRODUCTION
In order to perform tracking and recognition tasks from
networks of security cameras it is first necessary to determine
the calibration properties of the cameras. The calibration of a
camera can be described in terms of it’s internal and external
properties [1].
The internal properties (such as the focal length) enable
metric measurements and angles to be properly recovered
from the images. The external properties (such as rotation
and translation) enable exact correspondences to be determined
between the images via a projective coordinate system. Both
the internal and external properties must be recovered in order
for a full Euclidean reconstruction to be possible.
For a large range of tracking applications a projective
reconstruction of the cameras and scene is adequate for the
essential task of track hand-over between the images. In the
case that the cameras form a large reconfigurable network,
with no specific knowledge of the networks topology or
fiducial markings with which to calibrate the cameras, it is
desirable to have a reliable means to determine a projective
reconstruction.
In this paper we present a projective reconstruction scheme
utilizing the constraint that all the cameras in the network view
the same ground-plane. We overcome the necessity that all the
cameras need to view the same section of ground-plane by
chaining correspondences from non-overlapping views back
to a base view in the camera network.
A number of authors in the multiple-view geometry literature have addressed the topic of projective reconstruction
utilizing common plane correspondences [2], [3], [4], [5], [6].
The geometry of a scene relative to a plane is commonly

referred to as the plane + parallax model [7]. In this model the
projective structure of each camera is defined by 3 parallax parameters in addition to 4 parameters specifying a homography
between images of a common plane in the scene.
The general observation is that the calculation of the external properties of the cameras becomes simplified in the case
that a common plane is readily identifiable in the images. In
[4] the process of determining a projective reconstruction by
standard sequential means [8] was compared with a planebased scheme indicating improved stability and results for the
plane-based approach.
The advantages of the plane-based approach are that correspondences between common scene points can be applied
simultaneously across many images in the solution of the camera’s parallax (only factorization [7] is able to achieve this),
and far fewer correspondences are required as a minimum (3)
to solve for the camera’s parallax (assuming that the plane
homography can be found).
The second of these points is critical for the purpose of
surveillance imaging where the images are often of poor
quality with very limited overlap capable of generating image correspondences. This means that an initial projective
reconstruction can be obtained in one linear computation –
overcoming the main difficulty in alternative structure from
motion approaches – and used as a starting point for a nonlinear minimization.
This paper proceeds by applying some of the plane-based
approaches proposed in the literature with several adaptations
to the task of determining a projective reconstruction of a
network of surveillance cameras. The major novelties are the
adaptation of the direct method into a sparse least-squares
problem (Section II-A) and the proposal of the plane-based
bundle adjustment (Section II-C). The concept of chaining
homographies has been used in other plane-based approaches
[6] but here is used in a different context to chain together
arbitrary networks recursively.
A. Plane-Based Camera Geometry
The correspondence of a set of points (x̄i ) and (x̄j ) from
images i and j lying on a plane (π) in the scene is expressed
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in terms of the homography Hπi,j as follows,
x̄i ' Hπi,j x̄j .

A. Direct Reconstruction
(1)

The plane (π) is assumed to be the ground-plane exclusively
in this paper. Furthermore the expression for a camera (i)
observing points in general position (i.e. off-plane points) can
be given in terms of the planar-homography Hπ0,i (from the
first image labeled 0) and a further vector d0,i specifying the
parallax relative to the plane,


xi ' Hπ0,i | di X,
(2)

where xi are the projections of the off-plane points X to image
i.
Assuming that the homography Hπ0,i can be reliably determined from correspondences relative to a common plane,
the task of determining a projective reconstruction for a set
of n cameras viewing a scene can be reduced to one of
determining the 3(n − 1) DOF associated with vectors d0,i
for i = 1, . . . , n − 1 describing the parallax off the plane.
B. Chaining Homographies
The assumption when solving for plane-based homographies Hπ0,i (for i = 1, . . . , n − 1) is that correspondences
(xk0 ↔ xki ) exist between the set of points xk0 (for k =
1, . . . , m) in image 0 and xki in image i. The minimum
number of point (or line) based correspondences necessary
to fully determine the homography is 4 and it’s solution can
be obtained via well-known least-squares methods [3].
It is common for the cameras in surveillance networks not
to share a common section of ground-plane visible from all
images. If this is the case then it is not possible to calculate
the homographies Hπ0,i for all the cameras. Instead relative
homographies must be determined Hπj,i between sets of images
that do share common visible sections of ground-plane.
In order to utilize the information contained in the homography Hπj,i in either of the reconstruction schemes (outlined
in Section II) it is necessary to be able to recover Hπ0,i from
it by means of chaining it to other homographies in the set in
the following fashion (see [6]),
Hπ0,i = Hπj,i Hπ0,j .

The Direct Reconstruction method was proposed in [3] and
seeks to find a solution to the parallax vectors d0,i (for i =
1, . . . , n− 1) and the affine part of the (off-plane) scene points
Xj = [X̂j> , 1]> (for j = 1, . . . , m). Firstly equation (2) is
restated as



 X̂j
,
(4)
xji ' Hπ0,i | d0,i
1

which can then be rewritten in the form,


 π
 X̂j
j
= 03 .
[xi ]× H0,i | d0,i
1

This can be rearranged once again to present a linear system
in the coefficients of the unknown parameters as follows:



d0,i
xh3 − h1
−1 0 x
= 02 , (6)
0 1 −y
−yh3 + h2
X̂j
where xji = [x, y, 1]> and hk is the k th row of the matrix Hπ0,i .
The left and right hand block of this constraint can be rewritten
more succinctly as [ Aji | Bji ] and the unknown parameters as
>
>
d = [d>
and X = [X̂1> , . . . , X̂m> ]> . Each
0,1 , . . . , d0,n−1 ]
constraint of the form (6) provides 2 DOF toward the total
of 3(n − 1) + 3m DOF in the unknown parameters (d and
X). The combined constraints for each observation of a scene
point j in image i forms a sparse linear system,


d
D
= 0,
(7)
X
with the structure of D (assuming all the scene points are
visible in all the images) conforming to,







 A11

 ..

.
D=
 Am
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(3)

The key point here is that it is always possible to recursively
calculate the homography Hπ0,j from (3) for networks of cameras where there is a continuous string of correspondences (of
sufficient number) to determine Hπj−1,j (for j = 1, . . . , i − 1)
in a sequential manner or otherwise.
II. P LANE -BASED R ECONSTRUCTION S CHEMES
In this Section we review two of the linear plane-based
reconstruction schemes presented in the literature [3], [4],
as well as presenting a novel formulation of the non-linear
bundle-adjustment of the cameras and scene points assuming
a plane-based camera model.

(5)
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(8)

Seeing as we seek a projective reconstruction the first camera
is assumed to be fixed (P0 = [ I | 0 ]) and is consequently
omitted (since d0,0 = [0, 0, 0]> ). A solution to (7) is possible
using least-squares ideally taking into account the sparsity of
D.
B. Matching Constraint Reconstruction
This approach was first proposed in [3] and extended to
the three and four view cases in [4]. The method seeks to
determine a solution to just the parallax vectors d0,i (for i =
1, . . . , n − 1) by utilizing matching constraints arising from
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correspondences between the image points (xji ) in different
images.
The key observation is that under the parameterization (2)
the coefficients of the multi-view tensors become linear in
the coefficients of d. We introduce the following notation for
the cameras Pi = [A|a], Pj = [B|b]. The equation of the
fundamental matrix in terms of the camera matrices Pi and
Pj is,
∼ Ai ∼ a i
Fi,j = (i + j)−1
,
(9)
∼ Bj ∼ bj
where ∼ omits the row corresponding to the superscript from
the vector / matrix, for example,

F1,1 =

A2
A3
B2
B3

a2
a3
b2
b3

,

(10)

DOF toward resolving the parameters of d if n > 4.
In this case it is necessary to add additional constraints derived from correspondences over three or more views to obtain
a feasible solution. If such correspondences are available it is
also advisable [4] to utilize the trifocal tensor version of the
linearized matching constraint for improved performance at
lower noise levels. We currently have not implemented this
additional constraint.
C. Bundle-Adjustment
It is possible to reformulate the task of projective bundleadjustment to provide a non-linear solution for the system of
cameras (Pi ) and points (Xj ) with respect to the parameterization of the camera given in equation (2). Considering
as a template the sparse partitioned Levenberg-Marquardt
minimization scheme given in [3], we set out to minimize
the following objective function for n cameras and m points,


min kxji − Hπ0,i | d0,i Xj k2 ,

which can be rewritten as follows,
F1,1 = −a2

A
B2
B3

+ a3

A
B2
B3

2

2

2

3

− b2

A
A3
B3

+ b3

A
A3
B2

d0,i ,Xj

.
(11)

.
Converting the coefficients of Fi,j into a vector f , the usual
approach for solving for f [3] is by formulating a linear system
S composed from correspondences xki ↔ xkj ,
Sf = 0.

(12)

Now a substitution can be made for f = Qd where d =
[a> , b> ]> and Q = [Qi |Qj ] is a matrix composed according
to the linear relationship between the coefficients of f and d of
the form (11) – partitioned in order to separate the components
of d – resulting in,
SQd = 0.

(13)

Assuming that the matrices A and B correspond with the
known planar homographies Hπ0,i and Hπ0,j , equation (13)
allows for a direct solution to the parallax component of the
> >
camera matrices d = [d>
0,i , d0,j ] .
By obtaining correspondences between common off-plane
points over the entire set of images a sparse matrix M can be
>
>
constructed to solve for the vector d = [d>
0,1 , . . . , d0,n−1 ] as
follows,
Md = 0.
(14)
The structure of the matrix M when using only sequential
correspondences is,


SQ1

 SQ1 SQ2




SQ
SQ
1
2
(15)
,



.
.
.
.


.
.
SQn−2 SQn−1
as noted in [3] this configuration does not provide sufficient

(16)



where x̂ji = Hπ0,i | d0,i Xj are the estimated locations of
the reprojected image points. The first camera is once again
assumed to be fixed (P0 = [ I | 0 ]). Consequently the number
of parameters involved in the minimization are 3(n − 1) + 3m


> >
and the parameter vector p = p>
is partitioned as
a , pb
> >
pa = [d>
and pb = [X0> , . . . , Xm> ]> . This
0,1 , . . . , d0,n ]
results in a simple form for the Jacobian of the camera
component of the parameter vector,


1

m2
(∂x̂ji )k

1 
=  m2  ,
mg
pa
− m2

(17)

2

>

for entry k = 0, 1 of the image vector x̂ji = [m0 , m1 , m2 ]
where g 6= k. This results in an efficient non-linear solution to
the problem at the cost of assuming that the plane-based homographies are not contributing to the overall error associated
with the reconstruction.
III. E XPERIMENTAL E VALUATION
In order to assess the performance of the plane-based reconstruction schemes we have conducted a series of experiments
on synthetic data in addition to two examples with real images
with known ground truth data. The process used to test the
algorithms is outlined in Algorithm 1.
The different reconstruction schemes referred to in this
Section are the Direct, Matching Constraint (MC) and PlaneBased Bundle-Adjustment (PBA) algorithms discussed in Section II. In addition to these schemes a full projective bundleadjustment is applied (FBA) [3] as a final stage in this
process. Using a full bundle-adjustment no longer strictly
enforces the plane-based geometry but does absorb some of
the error associated with misalignments of the ground-plane
homographies.
Also note that preconditioning is applied to the points in
each image independently to ensure well conditioned linear
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systems for the Direct and MC schemes, this should not be
considered optional. The resulting calculations of the cameras
must then be deconditioned accordingly.
The assumption when using the plane-based approach is that
the ground-plane can be reliably and accurately determined.
Consequently less error was added to the ground-plane correspondences in the synthetic experiments and care was taken
in the real image experiments to ensure that the ground-plane
homographies were calculated with relative accuracy. This also
allows for a more meaningful analysis of the impact of noise
in the off-plane correspondence data.

FBA result in the least sensitivity to error in the ground plane
point observations. FBA appears to be able to absorb the effect
of error in the ground plane point observations to the extent
that it becomes insignificant compared to the effect of error
in the off-plane points.
All the correspondences were used for these experiments;
however, a further set of experiments were performed (on the
same configuration) with an average track length of 3 showing
almost identical results. These have been omitted due to space
restrictions.

Algorithm 1: Plane-Based Reconstruction
Input : Set of images (I0 , . . . , In−1 ), point sets
(x0 , . . . , xn−1 ) and correspondences xi ↔ xi+1
on and off the ground-plane.
Output: Projective cameras Pi , scene points Xk and
ground-plane homographies Hπi,j

The first image sequence was acquired from [10] and
consists of four 528 × 384 images with 22 different points
manually identified with sub-pixel accuracy in the scene. Figure 2 shows two images of the PETS sequence with selected
ground plane points labeled in red and off-plane points marked
in green. The correspondences related to these points are on
average slightly more then three views in length. Ground plane
homographies are fitted between all the image pairs with an
average fitting error of 0.02 pixels squared.
The second image sequence was acquired of a driveway
and consists of four 720 × 576 images with 20 different points
manually identified in the scene. Two images of this sequence
are shown in Figure 3, with points marked in a similar fashion
to Figure 2. The correspondences related to these points are
exactly two views in length. Ground plane homographies are
fitted between all the image pairs with an average fitting error
of 0.02 pixels squared.
The ground truth error in each case was acquired by
calibrating each camera using fiducial markings in the scene,
manually identified in the images, then using Tsai’s method
[1] to determine the camera’s internal and external properties.
Table III-B presents the average squared reprojection errors
measured in the real images tests. Note that the reduction
in error when the Plane base Bundle-Adjustment is applied
is much more pronounced than in the synthetic tests. There
also exists a more significant difference between the Direct
and MC methods; however, the relative performance does not
adhere to a simple relationship, but depends on the particular
image sequence, as well as the specific schemes employed
for reconstruction. The Direct method appears to perform
well more consistently than the MC method. In both image
sequences, the Direct+PBA+FBA method produced results
that were superior to the ground truth produced using Tsai’s
method.

begin
for ∀{i, j} where i < j ≤ n − 1 do
if at least 4 correspondences xi ↔ xj exist then
(i) Calculate Hπi,j using least-squares [3]
(ii) Refine Hπi,j non-linearly [3]
I. Condition the image points [9]
II. Use the Direct or MC scheme to solve linearly
for the cameras (Pi ) (the scene points Xk must be
triangulated after reconstruction for MC)
III. Decondition the cameras (Pi )
IV. Refine the cameras (Pi ) and points (Xk ) using
PBA
V. Refine the cameras (Pi ) and points (Xk ) using
FBA
end

A. Synthetic Data
The synthetic experiments were generated from of a series
of 11 cameras placed in a circular configuration to ensure
correspondences can be determined reliably.
A set of coplanar scene points are generated on the groundplane of the circle enabling the calculation of the homographies Hπi,j and a set of 20 scene points are randomly located
within a radius of the circle center and offset from the groundplane facilitating the calculation of the parallax vector (d).
The scene points were projected into 512 × 512 images
where zero-mean Gaussian noise of varying standard deviations was applied to the ground-plane points (β 2 ) and the
off-plane points (σ 2 ). A series of 50 trials are completed at
each error level using Direct and MC as linear estimates and
Direct+PBA, MC+PBA and FBA as refined estimates.
Figure 1 presents the results of these experiments. It can be
seen that all variations of the plane based approach produce
stable results in the presence of noise. The Direct reconstruction based methods perform equally well or slightly better than
the Matching Constraint methods. The use of both PBA and

B. Real Images
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Images 1 and 4 from the PETS data set.
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2.3609 2.6521
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TABLE I
AVERAGE SQUARED REPROJECTION ERROR OF PLANE - BASED
RECONSTRUCTION SCHEMES APPLIED TO THE driveway AND PETS
DATASETS .
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Fig. 1. Average squared reprojection error using a full set of correspondences
for σ 2 ∈ {0.0, . . . , 2.0} and (a) β 2 = 0.0, (b) β 2 = 0.5, (c) β 2 = 1.0, (d)
β 2 = 1.5.

In this paper we have implemented a number of algorithms
for the task of calibrating a network of security cameras
relative to a common ground-plane. The results of the linear
schemes applied to real and synthetic data demonstrate the
potential to determine a projective reconstruction for a set
of cameras utilizing very few correspondences between the
images correspondences.
The results from the synthetic experiments indicate that
linear plane-based algorithms perform well in the presence
of noise, with the error increasing gradually at higher noise
levels. The algorithm remains stable with noise added to the
ground plane-correspondences in which case the full projective
bundle-adjustment seems capable of absorbing most of the
error introduced into the plane-based solution.
The experiments performed on real images show that the
approach works well for scenes with highly disparate views
and in the case of the driveway sequence very minimal
sequential overlap between the images. The final projective
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bundle-adjustment in both cases was a necessity in order to
absorb some of the error associated with the selection of the
ground-plane homographies.
It would be very difficult to reconstruct the driveway data
set by any other method seeing as sequential structure from
motion methods [8] are very sensitive to errors in pair-wise
structure initialization where as the plane-based method allows
for this initialization to be performed simultaneously across all
the cameras (the only alternative to this is sparse factorization
[11]). The plane-based method is therefore shown to be a
practical approach for this type of scenario.
In future work we plan to utilize the framework for reconstructing networks of cameras relative to the ground-plane
to form the basis for a semi-automated system for camera
network management. The user of the system would first be
required provide the ground-plane correspondences enabling
the determination of the plane homographies. This task can be
simplified by incorporating the use of wide baseline matching
methods [12], [13], [14].
By then incorporating the use of object tracks gathered
temporally the estimation of the parallax parameters can be
improved incrementally as more track data becomes available.
In this respect the resulting external calibration will be most
accurate in the regions of the scene where off-plane feature
correspondences are available. This in turn conditions the
resulting reconstruction to be most accurate for track handover purposes.

[12] B. Georgescu and P. Meer, “Point matching under large image deformations and illumination changes,” IEEE Trans. Pattern Anal. Mach.
Intell., vol. 26, pp. 674–688, 2004.
[13] P. Torr and C. Davidson, “Impsac: Synthesis of importance sampling
and random sample consensus,” in The Sixth European Conference on
Computer Vision, 2000, pp. 819–833.
[14] K. Mikolajczyk and C. Schmid, “Scale & affine invariant interest point
detectors,” International Journal of Computer Vision, vol. 60, no. 1, pp.
63–86, 2004.
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Abstract

and thermal infrared spectra, allows us to obtain more
information from a scene and overcome the problems
associated with using visible light only for surveillance
and tracking. Thermal images are not affected by lighting or shadowing and are not overtly affected by smoke,
dust or unstable backgrounds. Also, an object of interest is unlikely to be the same colour and temperature
as the background. Thermal sensors on their own however are more sensitive to noise than colour sensors, and
do not allow the same level of discrimination between
different tracked objects (i.e. in a thermal image, two
people and their clothing appear very similar due to
them being close to the same temperature). Fusing
the colour and thermal modalities can prove very useful in a number of applications and situations where a
robust surveillance and tracking system is needed.

Surveillance and tracking systems typically use a
single colour modality for their input. These systems
work well in controlled conditions but often fail with low
lighting, shadowing, smoke, dust, unstable backgrounds
or when the foreground object is of similar colouring to
the background. With advances in technology and manufacturing techniques, sensors that allow us to see into
the thermal infrared spectrum are becoming more affordable. By using modalities from both the visible and
thermal infrared spectra, we are able to obtain more
information from a scene and overcome the problems
associated with using visible light only for surveillance
and tracking. Thermal images are not affected by lighting or shadowing and are not overtly affected by smoke,
dust or unstable backgrounds. We propose and evaluate
three approaches for fusing visual and thermal images
for person tracking. We also propose a modified condensation filter to track and aid in the fusion of the
modalities. We compare the proposed fusion schemes
with using the visual and thermal domains on their
own, and demonstrate that significant improvements
can be achieved by using multiple modalities.

1

Previous studies have experimented with multispectral fusion for surveillance and tracking. Conaire
et al [11, 3, 2] have experimented with fusion for object segmentation, background modeling and tracking
using colour and thermal infrared images. Fusion for
tracking is done in the appearance model by using
a multi-dimensional Gaussian to represent each pixel.
The scores from the visible and thermal spectra in the
appearance model are fused in different ways to match
the model to the incoming image. The ways of combining scores methods are compared to ascertain the best
method for this form of fusion. Some of these methods
for fusion in the appearance model have been implemented in this system. Blum and Liu [1] discusses different methods of early image fusion using the wavelet
transform and the pyramid transform. These early fusion methods can be used to fuse the images before
they are fed into a tracking system. Han and Bhanu
[8] discuss techniques for the use of colour images and
infrared images for use in moving human silhouette extraction as well using these silhouettes for automatic
image registration between the infrared and colour images.

Introduction

Surveillance and tracking systems typically use a
single colour modality for their input. These systems
work well in controlled conditions but often fail with
low lighting, shadowing, smoke, dust, unstable backgrounds or when the foreground object is of similar
colouring to the background. These conditions result
in poor motion detection as well as poor tracking of an
object. With advances in technology and manufacturing techniques, the cost of sensors that allow us to see
into the thermal infrared spectrum has become much
more affordable. Using modalities from both the visible
1
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2.1

In this paper we propose and evaluate three approaches for fusing visual and thermal images for person tracking. We also propose a modified condensation filter to track and aid in the fusion of the modalities. We compare the proposed fusion schemes with
using the visual and thermal domains on their own,
and demonstrate that improvements can be achieved
by using multiple modalities. Section 2 will discuss the
tracking system and condensation filter used; section
3 will present the proposed fusion schemes; results are
presented in section 4 and conclusions in section 5.

2

Scalable Condensation Filter

We use a condensation filter[10] to track objects
in the system. We propose a Scalable Condensation
Filter (SCF), which is an extension for the Mixture
Particle Filter (MPF)[15] and Boosted Particle Filter
(BPF)[12]. A single filter is used for the entire system, and the particle count is scaled according to the
number of objects being tracked. In addition, we allow
the number of the particles for each track to vary according to the complexity of the surrounding area (see
section 2.1.1). Each tracked objects particles are resampled separately to ensure that particles for a track
(and thus the track itself) are not lost due to resampling. This overcomes problems associated with previous multi-target trackers where the samples for a given
target could become deleted and the target lost.

Object Tracking System

We modify the tracking system proposed in [6] to
work in a multi-modal environment. The object tracking system uses a hybrid motion detector-optical flow
technique[5] as a basis, and scans for appropriate regions of motion to detect people (see figure 1). A modified condensation filter (see section 2.1) is used to track
the people.

Particles are four dimensional, and describe a
bounding box (a centre position (x and y pixel coordinates) and the height and width, {x, y, h, w}). Each
variable is free to move within the dimension limits,
{dmin , dmax }, which are defined by the system (i.e. the
limits of x and y are governed by the image size). The
distribution of each dimension is Gaussian, with the
mean at the the last observed position, and the variance equal to the maximum expected movement of a
dimension from one frame to the next, emax .

The condensation filter is uses the colour image and
the results of the motion detection to determine the
most likely positions for any known tracked objects in
the current frame. This information is used to guide
the person detection routines to determine their actual
locations in the image. Motion associated with these
detected people is and removed from the motion image
as it is now accounted for. The remaining motion must
belong to new people, and so person detection is carried out on remaining areas to locate people who have
recently entered the scene.

We use a Sequential Importance Resampling
(SIR)[7, 13] procedure to update the sample set. Each
new particle is adjusted according to a motion model
associated with the tracked object responsible for the
particle. The expected movement according to this motion model (based on a window of Q previous observations) is added to the particle as well as a noise vector.

Person detection is performed by splitting the image into sub-regions which contain concentrated areas
of motion, and then locating heads and fitting ellipses
within each region[9, 16]. Working within subregions
overcomes problems caused by people occupying a common column of the image causing inaccurate vertical
projections. Heads are detected by combining the vertical projection and pixel height of the top contour (to
aid in overcoming problems caused by holes in the motion image), and finding local maxima; which are then
filtered by analysing the surrounding region. Ellipses
are fitted to the valid heads at an aspect dependent
on the candidate head, and if there is a suitable occupancy (motion within the bounds of the ellipse) the
candidate is accepted. This process is used for the detection of new tracks, and to support the condensation
filter tracking. The optical flow results are used to aid
both the motion based detection routines and the condensation filter.

S(i,n,t+1) = S(i,n,t) + Mi + R

(1)

where S(i,n,t+1) is the nth sample for track i at the
next time step; S(i,n,t) is the nth sample for track i at
the current time step; R is the random sample, which
is within the range of −emax to +emax , and Mi is the
expected movement for the track, i. As part of all particle updating and creation, we apply a set of limits
to each particle, to ensure that it is describes a valid
object (if a dimension exceeds a limit, it is set to the
limit). Whilst SIR would ensure that any particles that
describe invalid objects are not propagated (they would
have 0 probability), performing this test on the particles at this point avoid the need to check for valid image
coordinates when matching features, which allows the
system to be more efficient.
2
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Figure 1. Tracking System Flowchart
2.1.1

Dynamic Sizing

that track; and m samples are removed for each occlusion level decrease. Particle counts for tracked objects
are altered during the resampling procedure by either
undersampling or oversampling.
Resizing the system in this manner ensures that no
unnecessary updates are done, and improves CPU utilisation.

Rather than have a fixed number of samples for the filter, we propose dynamically altering the sample count
as objects enter and leave the scene, and as people
move about and occlude one another. For each track,
we have an arbitrary number of samples, n, that are
created about the objects initial position and associated with that object.
snew = onew + 2 × r

2.1.2

(2)

Object Features

We allow each track to use multiple features. Using inheritance and polymorphism, the types of features used
by tracks can be allowed vary depending on circumstances and the class of object being tracked, without
any change required in the condensation filter itself.
This approach allows different types of objects to use
feature more suited to their individual properties.
We use two types of features, each of which has various sub-classes.

where snew is the new sample, onew is the new objects
state, and r is a random value, in the range −emax to
+emax .
The particles initially associated with the given
track remain associated with that track for duration of
that tracks life, and the particle count for any individual track cannot be diminished unless it is specifically
desired. This initialisation gives each tracked object
a set of samples to model it immediately, rather than
needing to allow a period of frames for the system to
adapt to its presence. When an object leaves, n samples are removed from the system.
When tracked objects are close together, additional
particles can be added and more advanced features can
be used to aid in the tracking. Three levels of occlusion
are defined for each track:

1. Histograms
2. Appearance Models
Each of these features can optionally use motion detection and optical flow as additional aids (i.e. a pixel
must be in motion and must be moving in the same
direction as the object being tracked), and this can be
change dynamically depending on the systems status
(i.e. if motion detection is unreliable for a period of
time due to environmental effects, this can be omitted
when matching features).
Histograms simply model colour distributions, and
so while being quicker to compute, do not take geographical information into consideration (i.e. a person
wearing blue pants and a red shirt will have a very
similar histogram to a person wearing red pants and a
blue shirt, despite having a distinct appearance). Appearance models encode position information as well
as colour information, and so are more discriminative.
They are however more processor intensive.
We propose varying the features used as the system complexity changes. A histogram feature is used

1. Level 0 (No Occlusion) - The tracked object is
isolated within the scene, there are other objects
nearby
2. Level 1 (Object Nearby) - Another tracked objects
bounding box is within a distance r
3. Level 2 (Overlap) - Another tracked objects
bounding box is overlapping
When a track is first created, and added to the SCF, it
is at occlusion level 0 and is created with the standard
number of particles. For each occlusion level increase,
an additional m particles are added to the SCF for
3
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by default, and when a tracks occlusion level increases
above 0 (see section 2.1.1) an appearance model feature is used as well. When multiple features are used,
the probability for the particle is the product of the
probabilities for each feature.
As each tracked object has its probabilities normalised, and particles resampled separately, there is no
danger of the additional matching constraints reducing
a tracks probabilities to the extent that the tracks particles are removed from the system by the resampling
procedure. It is feasible that multiple or different appearance models and histograms could be used for each
track under appropriate circumstances.

3

we effectively create a YCbCr 4:2:2 image (see figure 3)
that can be fed directly into the tracking system without any further modifications. This results in the mo-

Fusion Schemes

Figure 3. Fusing Visual and Thermal Information - The YCbCr 4:4:4 representation of the
input images is combined with the thermal
image to produce a YCbCr 4:2:2 image where
every second luminance value is actually the
corresponding thermal value.

To combine the thermal infrared and visible light
images, three different fusion approaches are proposed
(see figure 2):
1. Fusing images during the motion detection by interlacing the images

tion detector clusters becoming {Y, T ; Cb, Cr}. This
method of fusion has the advantage of consuming little
processing resources on top of our existing system, is
also very simple to implement. It does however require
that the colour and thermal images be correctly registered, which may require additional processing, or in
some situations, not be possible.

2. Fusing the motion detection results of each image
3. Fusing when updating the tracked objects using
detected object lists from each modality
The first technique can be implemented with almost
no modifications to the tracking system, while the second two require more significant changes to the tracking algorithm.

3.1

3.2

Fusion in the Motion Detector

Fusion After Motion Detection

The use of middle or late fusion allows for greater
control over the information contained in the images
that can be used by the tracking process. This information can be used to greatly improve the accuracy
and robustness of the detection and tracking system.
In each of these proposed systems we compute motion
detection for both images. If either image shows an
abnormal increase in motion, it is disregarded. In the
unlikely event that both show such an abnormality, the
more consistent of the two is chosen. The abnormality
of the images is assessed by looking at the percentage
increase of the in motion pixel count.

The first proposed method involves fusing the images prior to the motion detection by interlacing the
luminance channel of the visible light image with the
grayscale thermal infrared image. This approach is
facilitated by using a motion detector which requires
YCbCr 4:2:2 input [5]. The motion detector analyses
images in 2 pixel (four value, two luminance, one blue
chrominance and one red chrominance) blocks from
which clusters containing two centroids (a luminance
and chrominance cluster, {Y1 , Y2 ; Cb, Cr}) are formed.
The centroids of the clusters in the background model
are compared to those in the incoming image to determine foreground/background.
Rather than convert the colour image to YCbCr
4:2:2 format as would be done in normal circumstances,
it is converted to YCbCr 4:4:4. The thermal information is then interlaced with the colour information. By
treating the thermal information as additional luminance data and doubling the luminance information,

Mt
>T
Mt−1

(3)

where M is the amount of motion in the image, t is the
time step and T is the threshold for determining invalid
motion detection results. This same check for valid
motion detection results is used in out third proposed
system (see section 3.3).
4
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Figure 2. The points for fusion in the system
Our second proposed fusion scheme involves fusing
directly after the motion detection. Once the motion
detection masks are obtained for each the visible light
and the thermal infrared modalities, they are combined
to obtain a single mask for the scene. Rather than simply apply a logical “and” or “or” operation, we propose
fusing the images the follow equations.
(MIR (x, y, t) > T1 )&(MV is (x, y, t) > T1 )

(4)

MIR (x, y, t) > T2

(5)

MV is (x, y, t) > T2

(6)

Conaire et al [11], which models the object of interest
as a grid of pixels with each pixel being represented by
a single multi-dimensional Gaussian distribution. Each
pixel is also assigned a weight depending on the likelihood of it belonging to the foreground. The dimensions
in the multi-dimensional Gaussian relate to features of
the thermal infrared and visible light images. One of
the features relates to the intensity of the input channels of the thermal or visible light images. The other
feature used relates to the gradient of the input channels of the thermal infrared or visible light image. The
channels used in the appearance model are the same
as used in the colour histogram. The mean values of
these distributions are initialised as the value of the
intensity or gradient of the corresponding pixel in the
initialising image, and the standard deviation of the
distributions are initialised to a value k (for our experiments we used a value of k = 30). The means
and standard deviations are updated accordingly with
subsequent matched images to the appearance model,
allowing changes in appearance to be learned. Fusion is
performed by combining the scores obtained by matching the appearance model to the incoming image. This
can be done in a number of different ways which are
also outlined in [11]. For our, model we chose to use the
similarity score product method to combine the scores
form our appearance model. This method was used as
previous studies have shown it to be the most effective
method for fusion in this particular appearance model.
The two models (histogram and appearance) are
both used by the condensation filter. However the appearance model is only used when there is the chance
of, or an occlusion occurring. The results of the condensation filter process are used to match the candidates detected in both the visual and thermal processes
to the known tracked objects. We allow objects that
have been previously detected to be updated by a detection in either domain. For a new object to be added,
it must be detected in both (objects in each image, at

where MIR is the thermal motion image, MV is is the
visual motion image, and T1 and T2 are thresholds to
control the fusion (T2 > T1 ). If any other these equations are satisfied, the fused motion mask at (x, y, t) is
set to indicate motion. The resultant mask is used in
the remainder of the system described in section 2.

3.3

Fusion After Object Detection

A second mid-fusion scheme is proposed whereby
motion detection and object detection is carried out
on both modalities, and the two object lists are used
to update the central list of tracked objects. The modified condensation filter (see section 2.1), an appearance
model and histogram are used to aid in this process.
An efficient colour histogram [14] is used to provide a
simple and quick to compute feature to evaluate object
matches. The histogram is constructed such that the
thermal component is separate from the visual component, making individual comparison of either domain
possible. In our experiments we used a four dimensional histogram with the dimensions being: red, green,
blue and thermal infrared (with the thermal channel
being independent of the colour channels).
The appearance model used in this system is a Gaussian appearance model based on the work done by
5
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the same point, have a high overlap) or have an acceptable amount of motion in the corresponding portion of
the other image.

4

relying solely on colour information for detection and
tracking of people, it fails as people move into and out
of shadow. The high level of shadowing also results
in the motion detection becoming unstable, impacting
upon the detection routines. Thermal only and fusion
after object detection performed the best in this situation. Fusion after object detection out performs thermal only in that it is able to detect and track some of
the objects that are lost or remained undetected in the
thermal only sequence. The other fusion approaches
experience problems as they are still susceptible to the
motion detection errors that occur in the colour image.
While the effect is not as severe as it is when using
colour alone, it is still sufficient to cause additional errors in the tracking. Fusion after object detection is
able to ignore detection results from the colour images
in favor of those from the thermal.

Results

The data used in our experiments for development
of the fusion system was obtained from an existing
database of images containing both visible and infrared
information of different outdoor scenes. As these images were already aligned, they were able to be used
develop and test the fusion detection and tracking algorithms with out any further alignment. This data
was obtained from the OTCBVS Benchmark Dataset
Collection[4], which is a publicly available dataset that
contains both thermal infrared and colour image sequences of two different outdoor scenes containing
pedestrians. The sequences include a variety situations
of interest with multiple pedestrians to test the system.
We test the performance of the proposed fusion system
as well as tracking with both modalities individually.
We compare the performance of the system by visually
comparing the tracker output, as there is no ground
truth data available for the database.
Scenario 1 (see figure 4) involves a well lit outdoor
situation where two people walk past each other causing an occlusion. As this is a well lit outdoor situation,
most of the tests performed well. The sequence using
only infrared images performed the worst which was to
be expected as it does not have any colour information available to aid with the occlusion. The sequence
using only colour images handled the occlusion well in
this case due to the well lit conditions, although one of
the people was lost for a brief period during the occlusion. The fusion schemes also performed well in this
situation due to the favorable lighting conditions and
reliable colour information. Fusion after object detection performed the best in this situation, being the only
method that was able to keep track of all of the objects
in the scenario throughout the entire sequence.
Scenario 2 (see figure 5) is also a well lit situation
but in this case the people in the scene walk toward
each other and then stop for a period of time. This is
also a it is a well lit situation the once again the thermal
only sequence performed the worst. The other tracking
sequences all worked well. In this case the fusion after
object detection performed the best as it kept track
of both people throughout the entire sequence, while
other system lost the tracked objects at times.
Scenario 3 (see figure 6) involves heavy cloud cover
causing extensive moving shadows across the scene depicting a poorly lit unstable background scenario. The
colour sequence performed the worst in this scenario

Scenario 4 (see figure 7) show a well lit situation
with multiple people passing each other at a distance
causing occlusions. As would be expected the colour
only method performed reasonably well in this well lit
situation. The colour only method did lose track of
some of the people when they passed each other. The
thermal only method performed reasonably well but
failed to detect some of the people in the top left hand
side of the scene. Thermal only handled the occlusion
well, not losing track of the tracks people as they passed
each other. The fusion in motion detection performed
worst in this scenario, losing track of people multiple
times throughout the sequence. Fusion after motion
detection and after object detection both performed
well with fusion after object detection performing the
best as it maintains the tracks on the people throughout the occlusion.
Under appropriate conditions, all fusion schemes
can offer some level of improvement over using either
modality alone. Overall however, our third proposed
fusion scheme (fusion after object detection) performs
the best, out performing each camera on its own and
the other fusion schemes. Fusions schemes one and
two are directly reliant on the quality of the motion
detection from the colour and thermal images. If either image contains excessive noise (sensor noise, or
environmental effects such as shadowing) the whole
system suffers as the fusion has been performed before any object detection processes, and so the object
detection for the whole system is degraded. Depending on the conditions of the scene, this may still allow
some improvement over either modality individually,
however at other times it can result in poorer performance. This can possibly be overcome by modifying
the early fusion schemes to determine fusion parameters dynamically. Fusion after the object detection
6
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Figure 4. System Results for Scenario 1 - Top row shows the output of tracking using colour images
only; second row shows the output of tracking using the thermal images only; third row shows
results of tracking using fusion scheme 1; fourth row shows results of tracking using fusion scheme
4; fifth row shows results of tracking using fusion scheme 3.

overcomes this problem however, as in the event that
one modality produces poor results, the system can ignore this modality entirely and fall back on the second
to update the system until both modalities are producing usable results.

5

system, as fusion too early can result in errors from one
modality being propagated through the system. Fusing late in the process allows more control and greater
flexibility over what information we choose to use or
ignore. We have also described a novel condensation
filter algorithm that allows for a more flexible, computationally efficient and robust system by allowing both
the number of particles used, and types of features used
to change dynamically.

Conclusions and Future Work

In this paper, we have described a multi-sensor
tracking system that combined visual and thermal
data to obtain better tracking performance than can
be achieved using either mode individually. We have
shown that greater improvement can be achieved by
leaving any fusion until the later stages of the tracking

Future work will focus on developing features for the
particle filter that better integrate the features of the
motion detection and optical flow, as well as colour and
shape information; and on utilising the fusion of visual
and thermal data for other tasks such as abandoned ob7
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Figure 5. System Results for Scenario 2 - Top row shows the output of tracking using colour images
only; second row shows the output of tracking using the thermal images only; third row shows
results of tracking using fusion scheme 1; fourth row shows results of tracking using fusion scheme
4; fifth row shows results of tracking using fusion scheme 3.

ject detection. Further investigation into other middle
and late fusion approaches will also be carried out.
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Abstract

els are filtered, grouped into objects and classified as
either an abandoned object, person, lighting effects or
structural changes (i.e. moving of a chair) by analysing
the bounding box over time. Foresti et al [6] proposed
using a long-term change detection algorithm. This
is able to absorb slow environmental changes such as
gradual lighting changes, but is still sensitive to objects
being added to the scene.
Martinez-del-Rincon et al [11] proposed a system
that used a double background subtraction method capable of detecting short term abandoned objects [8].
Long term (background only) and short term (background with recently stopped objects) models are combined with the current frame to locate static regions.
These regions are fed into an accumulator, where once
a fixed time is reached the object is classified as static.
For the object to be classified as abandoned luggage,
size and shape requirements must be met.
Recently, many AOD systems have been implemented as a sub-system of an object tracking system.
This allows motion that is caused by moving objects to
be ruled out when performing AOD, and allows the person responsible for the abandoned object (the owner)
to be tracked and (possibly) identified. Spengler et al
[13] proposed a person tracker and a blob based detection system to locate abandoned objects. After person tracking is performed, remaining unexplained foreground regions are extracted provided they meet size
constraints. These candidates (described by their centroid, bounding box and colour model) are observed
for a short period of time (1-5 seconds) to filter out
spurious objects. If, after the observation period there
is a sufficiently high probability that the detected object represents an abandoned object, an alarm is raised.
Gule et al [7] combined a moving object detector and a
stationary object detector (both based on foreground
segmentation results) to locate abandoned objects and
their owners. The moving object detector analyses
tracked objects for splits to try and identify the drop-off

Abandoned object detection (AOD) systems are required to run in high traffic situations, with high levels
of occlusion. Systems rely on background segmentation
techniques to locate abandoned objects, by detecting areas of motion that have stopped. This is often achieved
by using a medium term motion detection routine to
detect long term changes in the background. When
AOD systems are integrated into person tracking system, this often results in two separate motion detectors
being used to handle the different requirements. We
propose a motion detection system that is capable of detecting medium term motion as well as regular motion.
Multiple layers of medium term (static) motion can be
detected and segmented. We demonstrate the performance of this motion detection system and as part of
an abandoned object detection system.

1

Introduction

Abandoned object detection (AOD) is the task of locating objects that are left in a scene. Often these objects are quite small (compared to the people at least)
and are frequently occluded by other people or vehicles moving about the scene. AOD systems are typically derived from foreground segmentation algorithms.
Medium term motion information (pixels that are not
part of the background, but are not moving) is used
to find regions containing abandoned objects. Relying
on motion detection leaves the systems vulnerable to
problems caused by lighting fluctuations, shadows and
varied contract levels across the scene.
Systems such as those proposed by Sacchi et al [12]
and Stringa et al [14] use long term change detection to
locate pixels of interest. Pixels are examined for a consistent change in their gray level over several frames,
to filter out changes caused by noise. Resultant pix1
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events, and the resultant objects are matched against
those detected by the stationary object detector.
Occlusions can be a major problem for abandoned
object detection systems, as they are often required
to be able to function in busy environments such as
transport hubs where the objects may be frequently
occluded. To help maintain the objects through occlusions, Li et al [10] proposed a system that builds
templates for stationary objects to allow them to be
tracked through complex occlusions. Other approaches
such as [2, 9] have been designed to work in a multicamera environment, which can aid tracking and reduce the effect of occlusions. Auvinet et al [2] proposed
a system which merged the results of motion detection into the ground plane of a four camera network.
This allows all motion in the scene to be viewed from
an overhead perspective, and helps to overcome occlusions. An abandoned object is detected when a fork in
the tracking occurs (i.e. one object splits into two), and
one of the resulting objects is immobile. Krahnstoever
et al [9] uses detectors based on foreground segmentation results to detect and classify objects such as people
and luggage.
We propose an abandoned object detection system
that utilises a mutli-layer motion detection system,
thus eliminating the need for multiple motion detectors. The proposed algorithm is able to deal with
lighting changes, and uses a variable threshold to cope
with varied contrast levels across the scene. The use
of a multi-layer motion detection algorithm also allows
occlusions to be partially handled via the foreground
segmentation. We demonstrate this motion detection
algorithm and describe an abandoned object detection
system that utilises this system, and demonstrate it
using the PETS 2006 database [1].

2
2.1

with their motion and colour history over time interval δt, and have data stored in a set of K clusters,
C(x, y, t, 1..K) = (y1 , y2 , Cb, Cr, w), which represent a
multi-modal PDF. Input images are in Y’CbCr 4:2:2
format. Pixels are paired to create a cluster which
consists of two luminance values (y1 and y2 ), a blue
chrominance value (Cb), and red chrominance value
(Cr) to describe the colour; and a weight, w. Clusters are ordered from highest to lowest weight; and the
current matching cluster, C(x, y, t, m) (where m is the
index of the matching cluster in the range 1..K), for
each pixel is stored, giving an approximation of the
image.
For each (x, y, t) the algorithm makes a decision assigning it to one of the sets (background, or a motion
layer) by matching P (x, y, t) to C(x, y, t, k), where k is
an index in the range 1 to K. Clusters are matched to
incoming pixels by finding the highest weighted cluster
which satisfies,
|P (y1 ) − C(k)(y1 )| + |P (y2 ) − C(k)(y2 )|
< LumT hr,
|P (Cb) − C(k)(Cb)| + |P (Cr) − C(k)(Cr)|
< ChrT hr,

(1)
(2)

where P = P (x, y, t) and C(k) = C(x, y, t, k). The
centroid of the matching cluster is adjusted to reflect
the current pixel colour, and the weights of all clusters
in the pixels group are adjusted to reflect the new state,
wk = wk +

1
(Mk − wk ) ,
L

(3)

where wk is the weight of the being adjusted; L is the
inverse of the traditional learning rate, α; and Mk is 1
for the matching cluster and 0 for all others. If there is
no match, then the lowest weighted cluster is replaced
with a new cluster representing the incoming pixels.
Clusters are gradually adjusted, allowing the system
to adapt to changes in the background.
Based on the accumulated pixel information, the
frame can be classified into foreground,

Multi-Layer Motion Detection
Existing Technique

An efficient method of foreground segmentation that
is robust and adapts to lighting changes was proposed
by Butler [3] based on modeling of pixel attributes in
multi-modal distributions and pixel clustering. The
technique was extended in [4] to incorporate optical
flow and improve performance. In this work, a oneframe history of each pixel was stored in the form of
an index of the matching cluster for each pixel. The
method is further extended into a multi-layer framework here using such motion information.
Let f (x, y, t) be a frame sequence, where x, y is
in [0, N − 1] and t is in [0, T ]. Let P (x, y, t0 ) be
a pixel in the frame at time t0 . Pixels are tracked

f gnd = ∀(x, y, t) where
m
X

(4)

C(x, y, t, i)(w) < T (x, y, t),

i=0

where T (x, y, t) is the foreground/background threshold; and background. The foreground can be further
split into moving and temporarily static objects. We
define a static region as an area of motion that has
entered the scene and stopped moving, and an active
region as an area of motion that is currently moving.
The separation of these regions is explained in Section
2.2.
2
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2.2

Static Layers

capped to guarantee that a layer can be removed in a
set number of frames.
The algorithm has some limitations in that it can
only detect overlaps when at least one of the overlapping objects is static. It is also not possible to determine when a lower level static object leaves while
higher level static objects remains, or when a lower
level object moves in behind a higher level object, due
to the relevant pixels being obscured.

To discriminate between active and static foreground, we need to compare against the last cluster at
a given pixel, and any static foreground objects that
are present there.
When C(x, y, t, m) = C(x, y, t − 1, m), P (x, y, t)
has a static layer, S(z), initialised, where z is the
depth of the layer. Each layer has a counter, c, and
a colour, (y1 , y2 , Cb, Cr) associated with it. For subsequent frames where C(x, y, t, m) = C(x, y, t − 1, m),
P (x, y, t).S(z).c is incremented, otherwise it is decremented. Static pixels can be defined as,
∀(x, y, t) ∈ f gnd where
P (x, y, t).S(z).c >= δt.

2.3

Feedback

It is important to allow changes to occur in the background model as the scene varies, but we must also
prevent foreground objects of interest being incorporated into the background. As it is not practical for
the motion detector to make these decisions, we propose a method where by an external process can make
these decisions.
The inverse of the weight adjustment algorithm can
be used to prevent the object from being incorporated
into the background model, by effectively stopping all
weight updates so that objects of interest remain in the
foreground,
(Lwk − Mk )
(6)
.
wk =
L−1

(5)

Static pixels can be further organised into layers depending on when the pixel appears. Layers can be
built one on top of the other, as new objects appear
and come to a stop atop an existing static layer. Layers
remain until the observed cluster is matched to either
a lower layer, or the background.
The potential number of static layers depends on the
number of clusters at the pixel. We propose varying
the number of clusters at a pixel to improve system
efficiency while still allowing areas that are complex
and have many modes to be modeled effectively. For
simple parts of the background (i.e. sky) there will be
a very limited number of background modes possible,
and therefore there will not be need for the same number of modes in higher volume areas. The number of
clusters at a given pixel is evaluated whenever a new
mode is detected. At this time, any clusters that have
a weight less than half the initial cluster weight, and
are not a static cluster, are removed and a new cluster
is created to represent the new mode.
The algorithm for detecting and updating the static
layers for a single pixel is outlined in Figure 1.
Each static layer is monitored by a counter which
is updated each time step, and used to determine the
state of the layer (i.e. static, to be removed). Counters
are incremented when the layer is detected, and decremented only when a lower level static layer (or background) is detected. When a higher level static layer
(or active layer) is detected counters are unchanged
as the static layer may be hidden below. Counters are
decremented gradually to provide error tolerance for incorrect cluster matching, or noise. The decrement rate
depends on the scene, with more challenging scenes requiring a slower decrement rate due to the increased
chance of an erroneous cluster match. Layers are removed when the counter reaches zero, and counters are

where wk is the weight of the cluster being adjusted; L
is the inverse of the learning rate (lower values will result in background changes being incorporated faster);
and Mk is 1 for the matching cluster and 0 for all others.

2.4

Lighting Compensation

In surveillance situations, lighting levels can change
rapidly resulting in large amounts of erroneous motion.
To prevent this we propose incorporating simple adjustment to the luminance threshold to compensate for
lighting changes.
Lighting changes, such as those caused by the sun
moving behind clouds, can be expected to cause uniform changes across all (or at least large parts of) a
scene. For each frame, we calculate the weighted average of luminance changes,
P
LumDif f (x, y, t) × C(x, y, t, m).w
P
Lumof f set (t) =
.
C(x, y, t, m).w
(7)
The use of weighted sum allows pixels that are only
recently created, and so potentially created partially
under the present lighting conditions to be weighted
less highly. Provided this value is within a percentage threshold of the previous luminance offset, it is
3
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Figure 1. Static Layer Matching Flowchart - If the pixel already has static layers, we compare against
these. If there are no layers, or no matches to existing layers, we check to see if there is possibly a
new static layer forming (last two frames have the same colour at the pixel).

2.5

accepted and used for the next frame,

α <=

Lumof f set (t)
1
<= ,
Lumof f set (t − 1)
α

Shadow Detection

Shadows can result in motion being detected where
there is none. As such, it is important to recognise
shadows and ensure that they are not recorded as
motion. Shadows can be characterised by the fact
that they alter the luminance component of the objects colour, but have minimal effect on the chrominance. We add shadow detection to the algorithm by
adding additional constraints when matching the incoming pixels to the clusters,

(8)

where α is the change threshold for the luminance offset and is in the range [0..1]. If the change in the
luminance threshold is outside of this limit, it indicates a very rapid lighting change has occurred, or a
large object has entered the area. In this situation, the
weighted standard deviation of the luminance offset is
calculated, and if this is beneath a threshold, the lighting change is accepted. If it is outside the threshold,
we do not. The luminance offset is incorporated into
the match equation by adding the offset to the existing luminance threshold. This results in the matching
equations for incoming luminance pixels to cluster becoming,

0 < (C(k)(y1 ) − P (y1 )) + (C(k)(y2 ) − P (y2 ))
< ST hr ,
|P (Cb) − C(k)(Cb)| + |P (Cr) − C(k)(Cr)|
< (ChrT hr /S).

(11)
(12)

If there is a positive difference in the luminance, less
than the prescribed shadow threshold, ST hr , and only
a small difference in the chrominance (determined by
dividing the chrominance threshold, ChrT hr , by an integer S) we have a shadow and motion is not detected
at P . Shadows need to be handled differently elsewhere
in the system. When adjusting the lighting model, and
the variable threshold, we disregard pixels that are in
shadow as the difference incurred when matching has
been significantly altered by the presence of a shadow.
As it is not possible to accurately estimate what effect
the shadow has had, we disregard it.

(−LumT hr + Lumof f set ) < (P (y1 ) − C(k)(y1 )) , (9)
(P (y2 ) − C(k)(y2 )) < (LumT hr + Lumof f set ), (10)
where P is the pixel and C(k) is the cluster that is
being matched.
To improve performance, we apply this process on
a region level. The image is broken into a grid and
the lighting variation at each grid square is considered
separately. This allows different materials and their reflective properties, or regions that cast self shadows to
be taken into consideration separately. In situations
where colour lighting is present, the same approach
could be applied to the chrominance threshold to compensate.

2.6

Variable Threshold

A variable threshold is added to the motion detection to aid the system in handling different lighting conditions within the same scene (i.e. shadow, sunlight,
4
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artificial light). Whenever a match is made between
an incoming pixel and a cluster, two differences are
calculated. In situations where there is no noise (and
no motion), these values should be 0. The threshold,
T (x, y, t), at P (x, y, t) is based on the standard deviation of these differences, σ(x, y, t)Lum and σ(x, y, t)Chr
over time. We offset the differences by any lighting adjustment to ensure that the lighting changes are not
modeled twice.
We assume that the only source of error in a correct match is sensor noise, and that the noise forms a
Gaussian distribution with a mean of 0. The standard
deviations are multiplied by three to obtain the appropriate thresholds. As we have assumed that the noise
is a Gaussian distribution, this will ensure 99% of noise
is within the thresholds,
p
(13)
TLum (x, y, t) = 3 σLum (x, y, t),
p
TChr (x, y, t) = 3 σChr (x, y, t).
(14)

pixels to be present at a given location in the image,
allowing overlapping abandoned objects to be detected
and segmented correctly (see Figure 2).
Once an abandoned pixel’s counter reaches a threshold, it is added to the abandoned objects. The list of
objects is searched for an object that is eight-connected
to the newly abandoned pixel to add the pixel to. If
no such object can be found, a new abandoned object
is created. Merging and splitting of objects occurs at
the end of each processing loop, to account for newly
abandoned pixel joining objects.

3.1

The abandoned object detection system is integrated into an existing motion detection based person
tracking system [5]. The tracking system detects people using a combination of motion detection, optical
flow and colour. A condensation filter is used to track
the people (see Figure 3).
After each frame, the motion that has not been assigned to people (i.e. is unaccounted for) is fed to the
abandoned object detector. By integrating the abandoned object detection into a tracking system it allows
the person that dropped the luggage to be detected
and tracked. We assume that the person closest to the
abandoned object when it is first detected is the owner.

To avoid sudden changes in the threshold caused by
a high level of sensor noise, or by other errors such as
an incorrect match, we subject it to the same learning
rate as the cluster centroids,
σLum (x, y, t) =

L−1
σLum (x, y, t − 1)
L
1
+ σLum (x, y, t)
L

(15)

4

When the model is first created, luminance and
chrominance variances are initialised to σLuminit and
σChrinit . If the pixel does not match any existing background mode (i.e. a new colour), then these same initial values are used as the variance for that frame. The
threshold is bounds checked (upper and lower) to ensure that excessive levels of motion or noise do not
result in the threshold becoming too high, and that
high levels of inactivity do not result in it becoming
too sensitive.

3

Fusion with Tracking System

4.1

Results
Motion Detection

Testing was conducted using a 10,000 frame sequence of real world data acquired at a public passenger
drop off area. Twenty frames which illustrated various
effects such as lighting variation, shadows, temporarily stopped objects and overlapping objects were hand
segmented for comparison (it is not practice to hand
segment the entire sequence). Performance was measured in terms of false negatives (FN, motion present
in ground truth but not detected) and false positives
(FP, motion detected but not present in ground truth).
The algorithms overall performance was compared to
Butler’s [3] (see Table 1). Incorrect detection of the
motion type results in a FN and a FP being recorded
for the appropriate motion types (i.e. active foreground
detected when static’s expected - FN for static, FP for
active; static detected in layer two expected in layer
one - FN and FP for static). We measure the performance of the algorithm at classifying active motion,
static motion and shadows, to provide an indication of
the performance of each component. Shadow detection
was measured purely in terms of false positives, as we

Abandoned Object Detection

The abandoned object detector processes on a pixel
level to locate abandoned objects. The process builds
directly on the results produced by the static layer motion detection. A time stamp and the pixel’s colour is
recorded for all pixels. At each time step, the pixels are updated. An accumulator image is constructed
in the same manner as static timers are used for the
static motion image. The static layer number (depth)
and colour information are used to determine matching
abandoned pixels in the accumulator image. By using
the static layer image, we allow multiple abandoned
5
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Figure 2. Abandoned Object Detection Process for each Static Pixel - If a static pixel is present,
attempt to update any existing AOD pixels that exist at this location. If a match cannot be found, or
no AOD pixel exists, create a new one. If there is no static motion, decrement any abandoned pixel
counters.

Figure 3. Tracking System - Motion detection is used to detect objects in two stages; detect known
(previously detected) objects, followed by detecting any new objects. The remaining motion (which
does not belong to people) must belong to any abandoned objects and is used to update the abandoned object detector. The system then attempts to determine which abandoned objects belong to
which people.

expect no motion to be detected at a shadow (i.e. errors only occurs when shadows are detected as motion).
A simple object detector was applied to the output of
our algorithm to locate large foreground objects and
apply feedback to the region they occupy. No morphological operations were applied to the output of either
system.
As Table 1 and Figure 4 illustrate the system performs well and is able to discern between static and
active foreground objects, as well as cope with lighting
changes (see frames 12,300 and 13,300 in Figure 4) and
shadows. However, the system does struggle to deal
with lighting various where the background is widely
varied, due to the different textures in the region (i.e.
the area around the rails on the left edge of the image,

Table 1. Motion Detection Results
Our Algorithm
Butler’s Algorithm[3]
FN
FP
FN
FP
Active
25.40% 2.33%
N/A
N/A
Motion
Shadow N/A
49.34% N/A
64.95%
Motion
Static
55.73% 1.18%
N/A
N/A
Motion
Total
38.58% 3.40%
55.49% 8.46%
Motion

6
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(a) 11175

(b) 11900

(c) 12500

(d) 13300

(e) 15575

(f) 17525

(g) 17585

(h) 11175

(i) 11900

(j) 12500

(k) 13300

(l) 15575

(m) 17525

(n) 17585

(o) 11175

(p) 11900

(q) 12500

(r) 13300

(s) 15575

(t) 17525

(u) 17585

(v) 11175

(w) 11900

(x) 12500

(y) 13300

(z) 15575

() 17525

() 17585

Figure 4. Multi-layer segmentation results - Top row are the original images; second row is the
ground truth; third is the output from Butler [3]; the fourth row is the output from our algorithm;
green indicates active motion, blue static motion, red in the ground truth images indicates shadow
(which we expect to be detected as no motion in the bottom row). The captions for each image
indicate the frame number.

see frame 13,300 and 15,575). The shadow detection
can also effect the motion detection when dark objects
enter, such as the windscreen and windows of the car
in frames 17,400 and 17,525. Despite the limitations of
proposed changes however, they result in a significant
improvement in performance, clearly reducing the rate
of false positives and false negatives when compared to
[3].

4.2

Figure 6, only the base of the abandoned object is detected at first as the owner is partially occluding the
object. As the person moves away, the remainder of the
object is detected and flagged. Figure 8 illustrates the
systems ability to maintain the location of the abandoned object during occlusions. The abandoned object
is occlude several times, yet remains correctly detected.
The use of feedback into the motion detection allows
the abandoned object to be held out of the background
and remain detected.

Abandoned Object Detection

The abandoned object detection is tested using the
PETS 2006 database[1]. Whilst this database is captured using a multi-camera setup, we only consider a
single camera situation. Person tracking and abandoned object detection (see Section 3) are performed
on the sequences. Results are illustrated in Figures 5
to 8.
As Figures 5, 6 and 7 show, the system is able to
track people and abandoned objects, and associate the
abandoned objects with their owners. In the case of

5

Conclusions and Future Work

We have described a multi-layer motion detection
system that can be applied to the problem of abandoned object detection. We have demonstrated the
ability of the motion detection system to perform in
challenging real-life conditions and as part of an abandoned object detection system. The use of this approach removes the need for multiple motion detectors
7
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(a) 1818

(b) 1868

(c) 1948

(d) 2098

(e) 2113

(f) 1818

(g) 1868

(h) 1948

(i) 2098

(j) 2113

Figure 5. Abandoned Object Detection Results 1 - Top row shows input, bottom row shows the
system output. The yellow shaded area indicates an abandoned object, with the shaded yellow
person indicating the owner of the object. As the owner moves away from the object, an alarm is
raised, indicated by the owner and object being shaded red.

(a) 1820

(b) 1925

(c) 2005

(d) 2035

(e) 2135

(f) 1820

(g) 1925

(h) 2005

(i) 2035

(j) 2135

Figure 6. Abandoned Object Detection Results 2 - Top row shows input, bottom row shows the
system output. The yellow shaded area indicates an abandoned object, with the shaded yellow
person indicating the owner of the object. As the owner moves away from the object, an alarm is
raised, indicated by the owner and object being shaded red. Once the owner is no longer visible, the
abandoned object is shaded purple.

to perform abandoned object detection. By detecting
mutliple layers of motion, and allowing overlaps when
lower layers are occluded, occlusions can be handeled
effectivley.
Future work will involve expanding the system to
work in a multi-camera network, and expanding the
tracking systems to better utilise the mutli-layer motion detection. The motion detection will also be expanded to allow the detection of overlaps in the active
layers (i.e. one person walking in front of another), and
a variable learning rate.

This project was supported by the Australian Government
Department of the Prime Minister and Cabinet
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ABSTRACT
In H.264/AVC standard, the intra-frame prediction scheme
is employed for better coding efficiency. Using the already
encoded adjacent upper and left pixels, the intra prediction
is performed. In this paper, we present an improved intra
prediction scheme of H.264/AVC. By taking into account
the error of the adjacent bottom and right pixels in intra
mode decision, our scheme shows better results than those
of the typical intra prediction of H.264/AVC in coding
efficiency at the expense of slight increase of complexity
and bit-rate. Experimental results show that the average
PSNR is increased by up to 0.16dB.

1. INTRODUCTION
The latest video coding standard H.264/AVC yields much
higher coding efficiency than that of the previous standards
at the expense of higher computational complexity [1][2].
Enhanced motion-compensated prediction, multiple
reference pictures and generalized B pictures, spatial intra
prediction, small block-size transform in integer precision,
content-adaptive in-loop deblocking filter, and enhanced
entropy coding methods are those factors contributed to the
success of the H.264/AVC [3].
Among those innovative ideas, spatial intra prediction
method is one of the key factors and it is reported in [4]
that the performance of H.264/AVC intra-frame
outperforms that of the state-of-the-art JPEG2000 still
image compression standard.
A number of papers have been reported which present the
fast algorithms in intra prediction of H.264/AVC [5][6][7].
However, regarding enhancing the coding efficiency, no
report has been made whose output complies with the
H.264/AVC standard as far as we know.
In this paper, we present an improved intra prediction
scheme of H.264/AVC. By taking into account the error of
the adjacent bottom and right pixels in 4 × 4 intra mode
decision, our scheme shows better results than those of the
typical intra prediction of H.264/AVC in coding efficiency
at the expense of slight increase of complexity and bit-rate.
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Our proposed scheme achieves up to 0.16dB coding gain at
the expense of about 1~2% increase of bit-rate.
The rest of the paper is organized as follows. Section 2
gives a review of the typical intra prediction of H.264/AVC.
Section 3 presents our proposed intra prediction scheme.
Experimental results and analyses are provided in Section 4.
Finally Section 5 provides conclusions.
2. INTRA PREDICTION OF H.264/AVC
2.1. Intra Prediction Modes
In this section, we review the intra prediction of
H.264/AVC. The H.264/AVC standard exploits the spatial
correlation for intra prediction. The current block is
predicted by adjacent upper and left pixels which are
already encoded and decoded. There are two luma intra
macroblock modes. One is 4 × 4 luma intra prediction
mode and the other is 16 × 16 luma intra prediction mode.
For 4 × 4 luma intra prediction mode, there are 9 candidate
modes [1]. One is DC prediction, and the other 8
directional prediction modes are provided. Figure 1 shows
the schematic illustration of the nine 4 × 4 luma intra
prediction modes. For 16 × 16 luma intra prediction, 4
modes (vertical, horizon, DC, and plane) are provided.
Figure 2 show the schematic illustration of the 4 16 × 16
luma intra prediction modes [8].

Figure 1. Nine 4 × 4 Luma Intra Prediction Modes

current block is predicted by adjacent upper and left pixels
which are already encoded and decoded.
Assume that the H.264/AVC encoder tries to find a best 4
× 4 luma prediction mode. Then the encoder predicts
samples from the encoded values of neighboring blocks.
Those predicted values are obtained by the weighted
average of neighboring pixels. (Figure. 1)

B1

B2

B4

TBPB

B3

Figure 3. Neighboring Pixels in 4 × 4 Luma Intra Prediction

Figure 2. Four 16 × 16 Luma Intra Prediction Modes

There are 4 chroma intra prediction modes, which is very
similar to 16 × 16 luma intra prediction except different
block size (8 × 8). Chroma intra prediction is performed
independent of luma intra prediction.
2.2. Mode Decision
For a better coding efficiency, the H.264/AVC encoder
determines the mode that is based on the concept of ratedistortion optimization. That is, the encoder encodes the
block using all the modes available and determines the one
which gives the best performance in the sense of ratedistortion optimization. For this task, the Lagrangian cost
function is given as (1):

JPROP (o, r, m QP, λMODE )
= J + α(QP)× PBSSD
= SSD + λMODE × R + α(QP)× PBSSD

J (o, r, m QP, λMODE )
= SSD(o, r, m QP, λMODE ) + λMODE × R(o, r, m QP)

Figure 3 shows the neighboring pixels(black) which are
relevant in predicting the TBPB (to be predicted block).
Therefore, for a better prediction of TBPB, the values of
neighboring pixels must be as close to those of the original
pixels as possible. Note that the neighboring pixels are
already encoded and decoded for a prediction stage. Note
also that no other pixels except neighboring pixels affect
the predicting TBPB. The closer the values of the
neighboring pixels are to those of the original pixels, the
more accurate the predicted values will be.
Taking this observation into account, we conjecture that
despite a certain mode is optimal in the sense of the typical
rate-distortion theory, it can be non-optimal if we consider
the prediction of to be encoded neighbor blocks.
Based on the above discussion, we propose a modified
Lagrangian cost function as follows:

(1)

where J is the Lagrangian cost function, the QP is the
macroblock quantization parameter, λMODE is the
QP

Lagrangian multiplier (usually given as 0.85 × 2 3 ,
dependent on QP ), SSD is the sum of squared differences
between the original block o and the reconstructed block
r at each candidate mode m , and R denotes the number
of bits associated with the candidate mode m .

(2)

where α (QP ) is adjustable parameter, J is the typical
Lagrangian cost function (1), and the other parameters are
the same as the equation (1) and are omitted for brevity.
PBSSD is the partial boundary sum of squared differences
between the original partial block o and the reconstructed
partial block r at each candidate mode m . According to
the relative position of the block in slice, partial block is
defined as Figure 4.

3. PROPOSED SCHEME
In this section, we explain the proposed intra prediction
scheme. As is described in Section 2, the intra prediction
exploits the spatial correlation of neighboring pixels. The
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(a) Bottom-Right
(b) Bottom
(c) Rightmost
Figure 4. Definition of Partial Blocks

(d) General

That is, when the block is located at the (a)bottom and
rightmost in the slice, PBSSD is 0. When the block is
located at the (b)bottom or (c)rightmost in the slice,
PBSSD considers only the rightmost pixels or bottom
pixels respectively. In general case, PBSSD considers the
pixels which are denoted at (d).
Note that when the 4 × 4 luma intra prediction is over
according to the modified Lagrangian cost function, the
cost should be compensated to be compared with the other
modes (e.g. 16 × 16 luma intra prediction, inter prediction,
etc.).

Table 2. Experimental Results of Mobile Sequence

QP
Proposed
Original
Proposed
Original

Original

Original

24

Proposed
Original

27

Proposed
Original

30

Proposed
Original

33

Proposed
Original

36

33

Proposed
Original

36

Bitrate (kbps)

39.82

9749.57

39.69

9664.73

37.03

7946.56

36.91

7868.01

34.19

6365.46

34.06

6290.60

31.54

4888.44

31.41

4821.79

28.91

3682.24

28.78

3623.99

Table 3. Experimental Results of Foreman Sequence

QP
Proposed
Original

24

Proposed
Original

27

Proposed

Table 1. Experimental Results of Stefan Sequence

Original

30

Proposed

The proposed algorithm is integrated with the version of
12.2 of the H.264/AVC reference software (JM12.2 [9]) for
the performance evaluation. The configuration in our
experiments is intra-frame only coding, baseline profile,
and fixed QP . The proposed scheme is only applied to 4 ×
4 luma intra prediction. The scheme of 16 × 16 luma intra
prediction and the scheme of chroma intra prediction are
not changed. We tested 300-frame CIF sequences of
Foreman, Mobile, Stefan. The adjustable parameter α (QP )
is set to 1 for presentational purpose.
Table 1, 2, and 3 show the results between the performance
of proposed scheme and that of the original JM12.2. From
the results, we can see that ranging from 0.11dB to 0.16dB
PSNR gain is attained compared with the original JM12.2
intra prediction scheme. The increase of bitrate also occurs
ranging from 0.9% to 2% which is negligible.

Proposed

27

Proposed

4. EXPERIMENTAL RESULTS

QP

24

PSNR(dB)

Original

30

PSNR(dB
)

Bitrate (kbps)

40.61

3803.03

40.49

3742.27

38.39

2809.86

38.28

2764.54

36.31

2032.76

36.20

1996.01

34.36

1451.74

34.25

1426.46

32.44

1021.00

32.32

1002.07

PSNR(dB
)

Bitrate (kbps)

40.78

6357.21

40.65

6291.71

38.23

5097.05

38.10

5036.93

35.60

3995.74

5. CONCLUSIONS

35.46

3938.74

33.14

3032.22

32.99

2982.25

30.63

2276.88

30.47

2231.86

In this paper, we present an improved intra prediction
scheme of H.264/AVC. By taking into account the error of
the adjacent bottom and right pixels in 4 × 4 luma intra
mode decision, our scheme shows better results than those
of the typical intra prediction of H.264/AVC in coding
efficiency at the expense of slight increase of complexity
and bit-rate. Experimental results show that the average
PSNR is increased by up to 0.16dB. As far as we know,
this is the first attempt to enhance the coding efficiency of
the intra prediction, whose output still complies with the
H.264/AVC standard. This scheme is also easily applied to

Proposed
Original

33

Proposed
Original
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36

the 8 × 8 luma intra prediction scheme in the H.264/AVC
high profile.
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Abstract - The investigation of crying is an important topic of both
infant care research and research on the development of human
vocal communication. Most former studies on these topics
concentrated on the characteristics of single cries. However, as
crying is usually performed bout-wise, there was a clear need for
inquiries into its serial and temporal dynamics. Here, we
summarize an approach designed to elucidate the interactive role of
this property. Our study simulated situations of 'baby-sitting'
wherein subjects were exposed to playbacks of either unmodified or
modified crying recordings, and then asked to immediately indicate
when exactly the perceived crying would signal a need for support.
Analyses of response data allowed to identify two effects which, in
terms of their temporal relationships to the presented stimuli, were
distinguished as either phasic or tonic responses. The results
confirmed predictions of our dual-component model and
documented a significant interactive role of crying dynamics.

I. INTRODUCTION
Crying is an important alarm display and call for support
usually addressed to an infant's mother or her substitute.
Alternatively, crying can signal protest and, e.g. in nonhuman
primates, may serve even to signify an inadequate caregiver [1].
In contrast to many other vocalizations, crying is inappropriate
for a mutual exchange of acoustic signals, but instead welladapted to induce specific non acoustic responses. Interactional
conflicts arising on either side of the party may be obscured by
some obvious relationships between crying and consecutive care
giving responses [2].
The understanding of variables that affect infant care by
influencing adult subjects is a major objective of classical cry
research. Since the pioneering studies of Wasz-Hoeckert and his
colleagues (1962) a growing number of investigators has
focused on the identification of acoustic parameters as either
reliable cues about an infant’s state or as salient stimuli affecting
caregivers [3, 4]. Significant signal features were: intensity
measured by loudness and acoustic density, shrillness measured
by atonal structures and lifted frequency ranges, e.g. a raised

fundamental frequency [5, 6]. Although the majority of
studies focused on the signal properties of single cries or
short strains of cries only, it became clear that the extended
crying of a normal infant can be remarkably variable, and
thus should not be regarded as a stereotyped process [7].
In addition it has been shown that a variation of cry
parameters can occur at different hierarchical levels: within
and between cries. Within a cry, the most subtle
phenomenon is a jitter of the fundamental frequency which
can indicate neural deficiencies [8]. Across cries, there are
trends of parameter variation which can include instances of
'extreme parameter increases`: EPIs and `synchronous
parameter peakings’: SPPs [9]. Due to the experimental
setting applied so far, it remained unclear, however, whether
and how crying parameters that affect the attention,
concurrently also can influence the distinct time and quality
of a care giving act.
Referring to established models of stimulus-response
relationships the decisions underlying the performance of
care giving behaviors in response to crying should be
mediated by a system of different intrinsic components [7,
8]. A model of such data processing is illustrated in Figure
1. It hypothesizes: With respect to their temporal properties,
one component promotes decisions with a tonic
characteristic, the other one influence decisions with a
phasic characteristic.
Per definition tonic influences last for some time and vary
only gradually, whereas phasic influences are short in
duration and clearly defined in terms of their onset/offset
[8]. Because of these properties, the latter ones can be
analyzed more precisely and more elegantly than the first
ones which normally are difficult to quantify.
Variables such as culture, convention, genetic
predisposition, parental status and individual experience
which above have been classed to long term factors provide
a `tonic background` on which short term factors can
operate concurrently. Also, short term factors such as
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psychophysical state, cognitive processes, context and especially
the infant’s cry signals can influence the probability of care
giving behaviors in a tonic manner. Whereas these tonic
influences have been documented by numerous investigators [4,
9], there remained a deficiency of evidence about phasic
influences. Phasic influences from crying were often neglected
because of the experimental design preferred in the past
(application of single cries or short strains of cries).

by an adult addressee. The study was guided by the concept
illustrated in Figure 1. We expected that an adult's decision
for soothing the infant may be confounded by a conflict
among different behavioral tendencies. Therefore, the infant
should be interested in influencing such a decision. An
optimal strategy would be a combination of (i) a continued
signaling, whereby the infant raise probability of a
caregiver’s responses in a 'tonic' manner, i.e. along with an
increasing duration of his crying, and (ii) a structured
signaling which provides specific cues that temporally
trigger a facilitated care giving act and thereby contributing
to its release within a defined latency, i.e. in a 'phasic'
manner [12].
To test for consequences of such data processing, we
conducted experiments with adult participants acting as
virtual 'baby-sitters'. These subjects were presented with
playbacks of either unmodified or modified crying
sequences, and – already during these exposures – had to
immediately indicate when (1) the perceived crying would
reflect a need for support or (2) they themselves would
decide to look after the 'virtual baby'.

Fig. 1. Model illustrating operational relationships among
four subsystems (boxes) which mediate between sensory
stimuli (here: crying) and behavioral patterns (here: care
giving). Arrows indicate direction of influences (* = to or
from other subsystems) Pc = potential contributing to the
probability of a particular care giving behavior (arbitrary
units) with a particular time depending characteristic. - The
model predicts that an increase of crying intensity which is
both large and rapid provides a temporal trigger for a care
giving act via the phasic component (given below). In
addition, the occurrence of such an act depends on the
tonic component (given above). This is influenced by a
number of variables e.g. long term or short term factors,
among which perceived crying parameters can play a
specific role. However, before succeeding to induce a
particular care giving act, the influences from both
components have to pass a `decision gate`.

II. METHODS
The study included two experiments, one with unmodified
and another one with sequentially modified crying
sequences. In either case, students of biology (non parents,
20-30 years of age) with a symmetrical gender distribution,
served as participants.

Variables that effect intrinsic decisions in a phasic manner can
have many different origins. The context as well as an organized
schedule, or just a spontaneous idea. In terms of crying,
theoretically any cry which is distinguished from a background
noise could be responded within a distinct latency. Practically,
however, it is quite unlikely that all cries in a sequence of cries
are appropriate candidates in providing effective temporal
triggers. As previously shown [10], temporal triggering requires
that a signal designed to operate as such, clearly differs from
other signals preceding it. On can expect that cries produced
either at the beginning of a crying process or at a sequential
position where they are preceded by acoustically different cries
would fit to induce a phasic response [11].
Our novel study was designed to investigate this issue and
especially to also clarify `when` exactly a crying is responded to

In the first experiment, participants (n=110) were exposed
to playbacks of original crying sequences (duration: 2-3
min. each). Sequences stemmed from healthy infants (age:
below 3 months; state: before feeding; time: morning;
context: normal environment). Subjects were asked to press
a button during the ongoing playback and immediately
whenever (1) a cry (rated as being emphasized by the infant)
raised a subject’s attention and (2) a subject got the idea that
(in a real `baby sitting` situation) he/she would look after
the infant. Additional self-report data were collected by
questionnaires which the subjects filled in after termination
of each playback (7-point Lickert scales).
The second experiment was conducted with another group
of participants (n= 57). We used the same experimental
setting as described for the first experiment. Here, however,
participants were presented with cry sequences that were
modified in their sequential organization. For control,
participants were exposed also to the original sequence.
The modified sequences were produced by first parsing the
original into segments of 20 s duration and then arranging
the segments in a new sequential succession. Test sequences
used in the main experiment contained either a 'randomized
succession of segments' or a sequence with a ‘partly
stereotyped segment succession'. For illustration see below:
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Original sequence:

A, B, C, D, E, F, G, H, I, J.

Randomized sequence: J, C, F, I, D, H, B, G, A, E.
Stereotyped sequence: A, B, C, D, D, D, D, D, D, D.
Data evaluation and testing for statistical significance followed
well-established methods published elsewhere [9].

(4) For the same segment different sequential profiles
were found in only two cases: If a segment which originally
occurred at the beginning of a crying process was presented
at a later position or vice versa. Such differences concerned
the first section (10s) of a segment only (see Fig. 3, segment
'I & J').

III. RESULTS AND CONCLUSIONS
Comparison of self-report data and analyses of relationships
between these data and the crying sequences revealed the
following results:
(1) Ratings from questionnaires on properties of the crying
signals were positively correlated to measures of one-line
responses collected during the last 20s of a crying process. Since
such a correlation was not evident for response measures found
earlier in the same process, we concluded that the post-hoc
ratings reflected a kind of `recency effect`.
Fig. 3. Distribution of discrete responses of adult subjects
along with crying processes which had been modified
syntactically before playback. The percentage of subjects
responding within the same sequential unit is plotted against
the succession of these units (expiratory cries). Structured
lines below abscissa symbolize the crying (duration: 200s).
Intervals labelled by capitals refer to process segments and
their original sequential position. (All segments stem from
the same crying process to which the data of Fig. 2 refer, and
had the order: A-B-C-D-E-F-G-H-I-J).

(5) The effect described under (3) which was ascertained
for relations among randomly mixed segments and their
original version, was also significant for segments repeated
in a stereotyped manner (Fig. 3).

Fig. 2. Distribution of discrete responses of adult subjects along
with a crying process to which they were exposed to. The
percentage of subjects (n = 110) responding within the same
sequential unit (ordinate) is plotted against the succession of these
units (expiratory cries; abscissa). Structured lines below abscissa
symbolize the crying process (duration: 200s). TOP: Distribution of
responses immediately given when a cry (rated as emphasized by
the infant) attracted the subject’s attention. BOTTOM: Distribution
of responses immediately given when subjects rated that they would
have looked after the infant in case of a real `baby-sitting` context.

(2) With respect to their relation to the cry sequence, response
rates were not at all distributed in a random manner, but
cumulated at the sequential locations of particular expiratory
cries, or groups of cries. Responses indicating the `readiness for
a care giving` occurred at the same sequential position as
responses interpreting the signaling of the infant, but were less
frequent that the latter ones (Fig. 2).
(3) Whereas sequential response profiles of different segments
were strikingly different, profiles of the same segments were
similar, regardless of their sequential position within the crying
process (Fig. 3).

Since it could be excluded that the sequential coincidence
of the recorded responses and specific expiratory cries
resulted from contextual variables, our findings verify that a
crying process can provide stimuli which temporally trigger
behaviors of potential caregivers. They nevertheless invite
to tackle further issues: One concerning the temporal
dynamic of a crying process and especially the acoustic
features of process segments which provide triggering
influences. The results of the second experiment suggest
that also tonic effects play a role. This can be concluded e.g.
from the distributions of responses during exposure to the
stereotyped stimulus sequence.
In addition, our results suggest that, if tested on a basis of
20s segments, there is no specific syntax in a crying process,
and response releasing effects of particular cries do not
depend on the sequential position of such a segment. The
finding that this effect does not hold for segments taken
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either from or to the initiating position of the process, supported
the `base line hypothesis` [1]. It says that the response releasing
potential of an expiratory cry depends on its acoustic contrast to
the cries preceding it. Normally, these provide a `base line`
(synonymous: reference value, anchor point) which supports the
detection of marked signal variations, such as EPIs or SPPs. The
initial effect indicates that subjects, when having no reference
value, need to hear signals for about 10s, in order to gain a base
line.
IV. GENERAL DISCUSSION
A core sentence of communication theory states that relevant
messages should be encoded in a reliable manner, and that
reliability requires invariant signals. From a physiological
perspective one may argue that the variability in crying is an
epiphenomenon of the infant’s ontogenetic incompetence to
control his sound production and voice [13]. However, from a
psychobiological perspective the variability invites to examine
its adaptive functions [2].
The classical function postulated for signal variation is that it
serves to prevent sensory or perceptional habituation in signal
addressees. For crying, however, this is not a convincing
hypothesis. In our experiments no habituation effects were found
in subjects exposed to a stereotyped crying process (Fig. 3).
Rather, crying in its typical, i.e. its variable form may contribute
to a sensitization of recipients [1].
The variability in a crying process serves to provide temporal
triggers for the attention and behavior of a caregiver. Cries of
lower intensity provide a base line, i.e. a reference score, for the
perception of more emphasized cries.
A variable cry is a quite economic strategy. Especially if an
infant can not be sure that an addressee is close enough to
receive his signals, he should cry in a bout wise modulated
intensity, instead of continuously investing maximal energy in
sound production.
The variation of signal parameters may be a strategy to
produce a kind of uncertainty about the 'meaning' of perceived
signals and to prolong the process of their decoding. This
strategy may help to focus and also hold the attention of an
addressee provided he is motivated to understand the signaling.
The advantage of these hypotheses is their evolutionary
perspective. In many cases, they have already stimulated and
successfully guided comparative approaches on crying behaviors
of nonhuman primates [9, 14]. Such approaches have shown that
there are surprising correspondences with respect to both
structural and dynamical properties of crying in humans and
nonhuman primates [1, 4]. In particular, these approaches have
contributed to the phasic versus tonic paradigm by documenting

that in monkeys dynamic features of crying can have the
same functional consequences than in human beings.
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Abstract— In this paper, we propose the use of audio and
visual biometric features for person authentication instead of
traditional single factor passwords and pins for secure access.
Experiments performed on different gender specific subsets of
data from VidTIMIT and UCBN multimedia databases under
clean and noisy conditions show that with multifactor fusion,
about 22-30% improvement in performance can be achieved
with as compared to single factor-audio only or visual only mode
even under noisy acoustic conditions.

I.

discussed in the next section. Not all of these can be solved
for a single biometric, even with the use of state of the art and
the novel algorithms discovered through further research.
Hence, a better approach to building a more robust biometric
security system involves integrating multiple biometric
sensors.

INTRODUCTION

Personal safety in public and private buildings has always
been a concern, but since September 11, 2001 is receiving
more attention. Authentication methods can be grouped into
three classes: something you possess as in an ID card,
something you know, and something unique about you, such
as biometrics. Possessions (e.g. keys) can be easily lost,
forged or duplicated. Knowledge can be forgotten as well as
shared, stolen, or guessed. The cost of forgotten passwords is
high and accounts for 40% - 80% of all the IT help desk calls
[8]. Resetting the forgotten or compromised passwords costs
as much as 340$/user/year [9]. Biometrics, on the other hand,
are inherently secure since they are some unique feature the
person physically has. The science of biometrics is an elegant
solution to identifying an individual and avoids problems
faced by possession-based and knowledge-based security
approaches.
The aggregate security level of a system increases as these
three authentication approaches are combined in various ways.
The least secure approach is based on PINs (Personal
Identification Numbers), which can be easily guessed. The
system’s security level can be improved by adding some
possession such as an identification card. An identification
card with a single biometric improves security further. Finally,
an identification card with multiple biometrics supports a very
high security level as illustrated in Figure 1. In this paper we
propose an approach for high level security using multiple
biometrics.
Recently there has been a lot of interest in multiple
biometric authentication systems [5][10]. Each biometric
modality has its own limitations, issues, and problems as

Fig. 1. Solutions to increasing security needs

Currently, the five most common biometric technologies
are fingerprinting, iris scanning, hand geometry comparison,
face recognition and voice verification. These techniques have
significantly varying degrees of accuracy, ease of use, failure
to enroll, failure to acquire, and universality. Each technology
must perform four basic tasks: biometric acquisition, feature
extraction, matching, and decision making.
Face and voice based biometric traits enjoy better user
acceptance as compared to other biometrics. There are several
reasons for better acceptance of face and voice based
biometrics in the society. Human beings have always
naturally used face recognition for personal identification
purposes. Applications like biometrics, content-based
information retrieval, visual surveillance and human computer
interaction necessitate successful automation of the
recognition task. In automatic face recognition, computer
systems are employed to match the test (newly acquired and
unknown) face image against a collection of known face
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images (training faces) in the database. Although the
recognition task seems to be easy and straightforward for
people, automated face recognition system becomes
challenging and difficult. This is primarily due to the inherent
variations in the image acquisition process in terms of image
quality, geometry, illumination effects, and occlusion (glasses,
facial hair, etc.). These major problems currently limit the
accuracy of face recognition.
Face recognition is a very attractive as a biometric because
the data is already made public by many of us in the form of a
passport or driver’s license. Secondly, this biometric can
easily be captured by an ordinary camera. Also, the
surveillance systems can rely on capturing image without the
cooperation of the user. There are many inherent qualities that
make it beneficial to automate and improve face recognition.
Voice biometric based verification, like face
recognition, is also attractive because of its prevalence in
human communication, though its accuracy is currently
limited. Voice biometric suffers considerably from variations
in the microphone and/or the transmission channel. The
performance deteriorates badly as enrollment and use
conditions become increasingly mismatched. Background
noise can also be a considerable problem. Variations in voice
due to illness, emotion or aging are other problems requiring
further research.
Due to these limitations, the multifactor biometric fusion
does not always lead to synergistic fusion and more often
results in what is known as “catastrophic fusion”, where the
performance of fusion leads to worst performance than the
single mode case. This could be due to the focus of most of
the research works in proposing novel algorithms and features
that perform well under clean audio conditions but lead to a
significant performance loss under realistic noisy operating
scenarios. Hence the focus of this work is to evaluate the
multifactor biometric fusion under clean and noisy acoustic
conditions.
To be precise, we propose the fusion of face and voice
biometric modalities captured from a video to achieve
enhanced security under adverse noise conditions.
Experimental results using GMM based speaker models
indicate that using multimodal fusion provides significant
performance improvement in the level of security.
Experiments performed on different gender specific subsets of
data from VidTIMIT and UCBN databases under clean and
noisy conditions show that with audio-visual fusion, the best
EER performance of 5% to 7% can be achieved with
multifactor fusion, an improvement of 22-30% as compared
to single mode voice only or face only biometric trait.
The paper is organised as follows: The details of audiovisual databases used in the study is described next. The
audio-visual fusion process is described Section 3. The
Bayesian framework for building Gaussian models is
described in section 4. The experimental set up for performing
multifactor fusion experiments is described in section 5. The

results of the experiments and conclusions derived are
described in Sections 6 and 7.
II.

AUDIO VISUAL DATABASES

The audio visual data from two different data corpora,
VidTIMIT and UCBN was used for evaluating the
performance of multimodal fusion features. The VidTIMIT
multimodal person authentication database [16], [29], consists
of video and corresponding audio recordings of 43 people (19
female and 24 male). The mean duration of each sentence is
around 4 seconds, or approximately 100 video frames. A
broadcast quality digital video camera in a noisy office
environment was used to record the data. The video of each
person is stored as a sequence of JPEG images with a
resolution of 512 384 pixels with corresponding audio
provided as a 16-bit 32-kHz mono PCM file.
The second type of data used is the UCBN database, a free to
air broadcast news database. The broadcast news is a
continuous source of video sequences, which can be easily
obtained or recorded, and has optimal illumination, colour,
and sound recording conditions. However, some of the
attributes of broadcast news database such as near-frontal
images, smaller facial regions, multiple faces and complex
backgrounds require an efficient face detection and tracking
scheme to be used. The database consists of 20-40 second
video clips for anchor persons and newsreaders with
frontal/near-frontal shots of 10 different faces (5 female and 5
male). Each video sample is 25 frames per second MPEG2
encoded stream with a resolution of 720 × 576 pixels, with
corresponding 16 bit, 48 kHz PCM audio. Figure 2 shows
some sample images from the VidTIMIT database (first two
rows) and UCBN database (last two rows).

III.
Fig. 2. Audio Visual Databases

IV. MULTIFACTOR FUSION
For multifactor fusion, the audio features and visual
features were extracted separately and fused together. The
VidTIMIT database was used for experiments described in
this paper. The audio signal was divided into frames using a
Hamming window of length 20 ms, with a frame overlap of
10 ms to give an audio frame rate, FA, of 100 Hz. MFCCs of
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dimension 12 were extracted from each frame [16]. The audio
final audio feature vector consists of these 12 MFCC features,
1 energy component and difference of MFFC features(delta
features), thus make it a feature vector of dimension 26. We
refer to audio features with fa notation in the entire paper.
Two types of visual features were extracted, one for the
mouth region and one from the entire face. The details of
visual feature extraction from mouth region are described in
the next section. Similar to audio features, the final visual
features comprised of actual visual features concatenated with
difference features (delta features) thus capturing both static
and dynamic variations in the speaking face.
A.

Visual Features

Visual features were extracted from the mouth ROI by
automatically segmenting the lip region from rest of the face
[17], [18]. We refer to the visual features from the lip region
in the entire paper with flip notation. This ROI is segmented
manually by locating the two labial corners. A square NpxNp
pixel block was extracted as the ROI; where Np = 98 pixels.
Due to the lack of head motion of the subjects for the video
recordings, manual segmentation was only carried out for
every 10th frame, and the ROI coordinates for the
intermediate frames were interpolated. Only the gray scale
values of the Np x Np were considered. Even though the
VidTIMIT and UCBN databases are of high quality, with
controlled illumination conditions, the application of
histogram equalisation and image demeaning (subtraction of
the average pixel intensity values) to the ROI images, were
both found to improve the performance of the visual features.
Hence these were used to pre-process the images.
Transform based features were used to represent the visual
features based on the two dimensional Discrete Cosine
Transform (2D-DCT), which was used, because of its high
energy compaction and relative superior performance to other
image transforms. The 2D-DCT was applied to the preprocessed gray scale pixel blocks. The first 15 coefficients
were employed, taken in a “zig-zag” pattern, as illustrated in
Figure 3.

Fig.3. The “zig-zag” manner by which the top 15 DCT features are
selected

However, the first coefficient is zero valued (due to the
demeaning) and was discarded, leaving 14 static visual
features per frame. Calculating the difference of the DCT
coefficients across k video frames forms the visual feature
vector. This was carried out for two values of k, and via
concatenation, this gives a visual feature vector of dimension
30. The values of k employed, depend on the visual feature
frame rate. Since the frame rates for visual frames is not
normally same as audio frame rates appropriate rate
interpolation was done to match the frame rate.
The second type of visual features is popular eigen face
features investigated by several works in face recognition area
[30]. The eigen face approach is based on principal
component analysis, and with controlled illumination, pose
and expressions in the face images of the database, it is
possible to represent the entire face with 8-10 features, a
significant reduction in dimensionality; yielding a satisfactory
performance. We refer to eigen face features in the entire
paper with efface notation.

V.

BAYESIAN FRAMEWORK

FOR

SPEAKER MODELS

To evaluate the performance of proposed multimodal fusion
features, the gender specific GMM speaker models were
obtained using text dependent and text independent data
subsets of VidTIMIT and UCBN corpora.
A, Gaussian Mixture Speaker Models

For text independent modeling, the speaker does not speak the
same utterance during enrolment (training) phase and testing
phase, whereas for text dependent modeling, the speaker uses
the same utterance during enrolment phase and testing phase.
The speaker models were obtaining by building a large
gender-specific universal background models (UBMs) first,
and then adapting the UBMs to speaker models similar to the
approach described [26]. The advantage of using UBM is
that the impostor likelihood is now speaker independent.
Moreover, it was found by several researchers [26],[29] that
instead of constructing the client models directly from the
training data (using EM algorithm), lower error rates can be
obtained (on a larger database) when the client models are
generated by adapting the UBM using a form of MAP
adaptation [16],[26],[29]. A full description of MAP
adaptation is out of the scope of this paper (the reader is
encouraged to refer to [16][29]. The update equations are
summarized as follows:
Given UBM parameters, where NG is the number of Gaussian
mixtures, and a set of training feature vectors for a specific
)
client, , the estimated mixture weights ( m k ), means ( μˆ k ) ,

ˆ ) are found by iterative expectation
and covariances ( ∑
K
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maximization algorithm [Conrad]. The final parameters are
obtained as shown below in Eqn. 1:

ck = [α cˆk + (1−α)cˆk ]γ
r
r
r
μk = α μˆk + (1−α)μˆk
ˆ +μrˆ μrˆT ) + (1−α)(∑
& +μr& μr&T ))]− μr μrT
∑k = [α(∑
k
k k
k
k k
k k

(1)

Where α is a scale factor to make sure all weights sum to
one. γ is a data dependent adaptation coefficient (Lk and r ,
a fixed relevance factor is described in more detail in
[16],[29]). It must be noted that UBM mixture components
will only be adapted if there is a sufficient correspondence
with client training data. Thus to prevent the final client
models not being specific enough (leading to poor
performance), the UBM must adequately represent the general
client population). This was the reason behind using separate
male and female UBMs for our experiments here.
VI. PERFORMANCE EVALUATION
Since the verification system is inherently a two-class
decision task, it follows that the system can make two types of
errors. The first type of error is a False Acceptance Error
(FA), where an impostor is accepted. The second error is a
False Rejection (FR), where a true claimant is rejected. Thus
the performance is measured in terms of False Acceptance
Rate (FAR %) and False Reject Rate (FRR %), can be defined
as (Eqn. 2):
FAR % =

IA
× 100 %
IT

FRR % =

CR
× 100 %
CT

system is configured with a threshold, set to an operating
point when FAR % = FRR %.
It must be noted that the threshold can also be adjusted to
obtain desired performance on test data (data unseen by the
system up to this point). Such a threshold is known as the
aposteriori threshold. However, if the threshold is fixed
before finding the performance, the threshold is known as the
apriori threshold [38]. The apriori threshold can be found via
experimental means using training/enrolment or evaluation
data (data which has also been unseen by the system up to this
point, but is separate from test data).
Logically, the apriori threshold is more realistic. However, it
is often difficult to find a reliable apriori threshold [16], [29].
The test section of a database is often divided into two sets:
evaluation data and test data. If the evaluation data is not
representative of the test data, then the apriori threshold will
achieve significantly different results on evaluation and test
data. Moreover, such a database division reduces the number
of verification tests, thus decreasing the statistical significance
of the results. For these reasons, many researchers prefer to
use the apostereriori and interpret the performance obtained
as the expected performance. For all the single-mode
experiments in this paper, we have used apostereriori
threshold (from test set) so that a comparison could be made
with some of the existing approaches.
A.

Late Fusion vs. Feature Fusion

The two main problems concerning multifactor fusion are
when and how the fusion should take place. As reviewed in
[10] on audio-visual approaches, three common levels to
carry out the fusion, include; the early (feature-level), the
middle-level, and the late (score-level) [14],[15],[17] fusion.
Feature fusion and late fusion only for the proposed
multifactor fusion approach is examined in all experiments in
this paper.
•

Feature Fusion

( 2)

where IA is the number of impostors classified as true
claimants, IT is the total number of impostor classification
tests, CR is the number of true claimants classified as
impostors, and CT is the total number of true claimant
classification tests.
Since the errors are related, minimizing the FAR % increases
the FRR % (and vice versa). The trade-off between FAR %
and FRR % is adjusted using the threshold t, an
experimentally determined speaker independent global
threshold from the training/enrolment data. The trade-off
between FAR % and FRR % can be graphically represented
by a Receiver Operating Characteristics (ROC) plot or a
Detection Error Trade-off (DET) plot [29]. The ROC plot is
on a linear scale, while the DET plot is on a normal-deviate
logarithmic scale. For DET plots, the FRR% is plotted as a
function of FAR %. To quantify the performance into a single
number, Equal Error Rate (EER) is often used [29]. Here the

The features extracted from the audio and visual modalities
(implicit and explicit lip motion features) were concatenated,
and then used for the training and testing of an audio-visual
GMM speaker model. Eqn. (3) and

On{ AV } = [o {n A} , o n{V } ], 1 ≤ n ≤ N A
•

(3)

Late Fusion

Late fusion requires two independent classifiers to be
trained, one classifier for each modality. Due to independent
processing of modalities it does not preserve the acousticlabial dynamics and correlation properties. However, some
advantages of late fusion include; the ability to account for
modality reliabilities, small feature vector dimensions, and
ease of adding other modalities to the system. For late fusion,
the two scores are weighted to account for the reliability of
the modalities. The two scores may be integrated via addition
or multiplication. Eqn. (4) shows the use of weights for the
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case of additive integration, where

βA

and

β V (= 1 − β A )

are the weights placed on the audio and visual scores
respectively. The audio and visual features need not be rateinterpolated for late fusion as they are processed
independently by separate classifiers. Prior to late fusion the
audio and visual scores are normalized, so that each set of
client and impostor scores fall into the range [0, 1].

P(OAV | Si ) = β A × P(OA | Si ) + (1 − β A ) × P(Ov | Si )
(4)
VII. EXPERIMENTAL SETUP
In this section, different experiments conducted to evaluate
the performance of proposed multimodal fusion features for
the biometric system performance are described.
For
performance evaluation, different subsets of data from
VidTIMIT and UCBN were used. The gender-specific
universal background models (UBMs) were developed using
training data from two sessions, Session 1 and Session 2 of
the VidTIMIT corpus and for testing stage session 3 was used.
Due to the type of data available (test session sentences
different from training session sentences), only text
independent experiments could be performed with VidTIMIT
database. This gave 1536 (2*8*24*4) seconds of training data
for the male UBM and 576(2*8*19*4) seconds of training
data for the female UBM. The GMM topology with 10
Gaussian mixtures was used for all the experiments. The
number of Gaussian mixtures was determined empirically to
give the best performance. For UCBN database, similar
gender-specific universal background models (UBMs) were
obtained using training data from text dependent subset 1 and
text independent subset 3 & 4. Ten sessions of the male and
female speaking face data from these subsets were used for
training and 5 sessions for testing.
For testing if the numbers of subjects are R, the impostors
are generated by the leave-one-out scheme, with each subject
being the impostor for the remaining R-1 subjects. For all the
experiments, the threshold was set using test data. For male
only subset for VidTIMIT database, there were 48 client trials
(24 male speakers x 2 test utterances in session 3), and 1104
impostor trials (24 male speakers x 2 test utterances in session
3 x 23 impostors/client), and for the female VidTIMIT subset,
there were 38 client trials (19 male speakers x 2 test
utterances in session 3), and 684 impostor trials (19 male
speakers x 2 test utterances in session 3 x 18 impostors/client).
For male only subset for UCBN database, there were 25 client
trials (5 male speakers x 5 test utterances in each subset), and
100 impostor trials (5 male speakers x 5 test utterances x 4
impostors/client), and for the female UCBN subset, there
were similar number of client and impostor trials as in male
subset as there we used 5 male and female speakers from
different subsets.
Different sets of experiments were
conducted to evaluate the performance of the multimodal

fusion features in terms of DET curves and equal error rates
(EER).
To examine the effects of background acoustic noise,
additive white Gaussian noise was applied to the clean audio
data at SNRs ranging from 48dB to –12dB in steps of 6dB.
The audio/audio-visual models were trained using the original
clean audio data and tested on audio data with the various
SNR levels. The best fusion weight (βA) values for the late
fusion were determined empirically by exhaustive search for
each audio SNR test level. This was achieved by testing βA
values ranging from 0 to 1 in steps of 0.01. The βA value was
chosen such that the speaker verification performance at the
given test set SNR test level was maximised.
VIII. EXPERIMENTAL RESULTS
The experimental results are presented with the following
organisation. First we compare the results of single mode and
multifactor fusion for clean audio case. Next we compare the
performance of the multifactor fusion features across various
audio SNR levels.
A. Evaluation of Multifactor Fusion Features for Clean
Audio Case
Table 1 and DET curves in Figure 3 to 6 show the EER
performance with late fusion of audio and visual features. As
can be seen in Table 1, and the DET curves in Figure 3,4,5
and 6, the best EER performance of 6.53 % is achieved with
late fusion of audio, lip and face features (fa+flip+fface) for the
VidTIMIT male subset.
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Table 1: EER performance for late fusion of audio, face and lip features

Fig,3. DET curves for evaluating audio visual late fusion: VidTIMIT
male dataset

Fig,4. DET curves for evaluating audio visual late fusion: VidTIMIT
female dataset

B.

Evaluation of Multimodal Fusion Features for Noisy
Audio Case

The EER performance shown in Table 1 and Table 2 is for the
clean audio case. As can be seen in the first row of Table 1
and 2, the EER performance with clean audio is better than
audio-visual fusion case. The “clean” audio refers to the
original VidTIMIT/UCBN acoustic speech data, prior to the
application of any degradation. It can be expected that the
audio modality would perform well for the clean speech. To
examine the effects of background acoustic noise, additive
white Gaussian noise was applied to the clean audio at SNRs
ranging from 48 dB to -20 dB in steps of 6 dB.
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Fig,5. DET curves for evaluating audio visual late fusion: UCBN male
dataset

Fig,6. DET curves for evaluating audio visual late fusion:UCBN
female dataset

Table 2: EER performance for late fusion of audio, face and lip features

Fig. 9. DET curves for evaluating audio visual feature fusion male
UCBN dataset
Fig. 7. DET curves for evaluating audio visual feature fusion male
VidTIMIT dataset

Fig. 10. DET curves for evaluating audio visual feature fusion male
UCBN dataset
Fig. 8. DET curves for evaluating audio visual feature fusion female
VidTIMIT dataset

The EER performance achieved with feature level fusion of
audio and implicit and explicit lip motion features is shown in
Table 2 and the DET curves in Figure 7 to 10. It can be
observed that the feature level fusion leads to similar
performance improvement as late level fusion, though it is
cited in some audio visual fusion literature [21,22], that
feature level fusion leads to performance loss as compared to
late fusion.
Moreover, the fusion of audio, face and lip features
performs better as compared to the fusion of audio and face,
audio and lip features for VidTIMIT male subset. This could
be due to the ability of fusion of all three features to model
the person identity better.
The audio/audio-visual GMM models were trained using the
original clean audio data and tested on audio data with various

SNR levels. Late fusion was performed as in Eqn. (4). The
best values were determined empirically by exhaustive search
for each audio SNR test level. This was achieved by testing
values ranging from 0 to 1 in steps of 0.01. The values was
chosen such that the identity verification performance at a
given test set SNR test level was maximized (i.e. there was
prior knowledge of the correct decisions).
At higher noise levels, however, the audio only performance
deteriorates significantly; whereas, the visual features (lip and
face) features, and the fusion of audio and visual features
perform better than audio performance. The results for the
noisy acoustic data are now presented.
Figures 11 and 12 compare the EER performance of latefusion and feature-fusion approach for VidTIMIT and UCBN
datasets across various audio SNR levels.
For male
VidTIMIT subset, the audio accuracy roll off with respect to
test-set SNR level is high, with an audio EER of 4.38% at
48dB which drops to around 100% EER at –6dB. This steep
audio performance roll off with respect to SNR is due to the
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mismatched audio testing conditions, i.e., training on noisefree audio and testing on audio of a lower SNR. It is expected
that the roll off would be less steep if matched testing was
employed, i.e., training and testing using audio of the same
SNR.

audio-lip features are used. This could be due to adverse
affect a corrupted audio feature vector can have on the audiovisual fusion vector at very low audio SNRs. Another reason
for poor feature fusion performance as compared to late
fusion may be lack of sufficient training data for training the
GMM speaker models trained with concatenated audio-visual
feature vectors with larger dimensions. This could also be
due to the GMM topology used for modelling the speakers.
Alternate topologies based on HMMs may allow building of
better speaker models, with higher number of HMM
states/mixes, and this would have boosted the performance.
However, this would require more training data as compared
to the training data available from VidTIMIT and UCBN
databases used for experiments here.

Fig.11. Evaluation of late fusion and feature fusion under noisy
acoustic test environment for VidTIMIT male subset

However, multifactor fusion features perform better in noisy
acoustic conditions, and in general, the EER performance of
late fusion features is better than feature level fusion with
both face and lip region visual features. As can be expected,
the visual only features are unaffected by noisy test conditions
with an EER of 6.8% for features and 9.3% for features
even at low audio SNRs.
With audio-visual multifactor fusion, both face and lip region
fusion features yielded a similar performance. For male
VidTIMIT subset, until 30 dB SNR, the late fusion of (fa +
flip ) and (fa + fface), allows a synergestic fusion with EERs
less than visual only EERs. However for feature fusion, the
system is more sensitive to noisy test conditions and the
fusion is synergestic for less than 42 dB SNRs as compared to
30dB SNR threshold for late fusion. Also, at low SNRs, the
feature fusion leads to a higher performance roll off, whereas
for late fusion, the system continues to be more robust even at
low SNR levels. Similar performance roll off can be observed
for female data subset of UCBN, with the EER performance
for all modes (audio, visual, and audio-visual fusion)
relatively poorer, due to lesser training data available for
female UCBN subset as compared to male VidTIMIT subset.
There may be several reasons why the feature fusion, leads to
catastrophic fusion irrespective of whether audio-face and

Fig.12. Evaluation of late fusion and feature fusion under noisy acoustic test
environment for UCBN female subset

IX. CONCLUSIONS
The empirical results presented in this paper on multifactor
fusion based on audio, face and lip region features are quite
promising, particularly showing that the addition of the visual
modality not only improve the performance at low SNR test
levels but also enhances the performance for clean audio,
resulting in the performance with higher robustness to audio
noise. It was also shown that multifactor fusion of all three
(audio, face and lip) features better than audio-face and audiolip features, and the late fusion approach of acoustic and
visual features leads to better performance. This is due to
better representation of person’ specific information with
audio and two types of visual features. In conclusion, the
results show that the multifactor fusion of biometric features,
makes the identity verification system robust against acoustic
noise degradations.
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Abstract. In this paper a novel ensemble based techniques for face recognition is
presented. In ensemble learning a group of methods are employed and their
results are combined to form the final results of the system. Gaining the higher
accuracy rate is the main advantage of this system. Two of the most successful
wrapping classification methods are bagging and boosting. In this paper we used
the K nearest neighbors (kNN) as the main classification technique and Bagging
as the wrapping classification methods. The results of these setting for the ORL
face database are reported.
Keywords: Face recognition, Ensemble based learning, k nearest neighbors,
bagging; boosting; Adaboost.

1

INTRODUCTION

Face recognition is one of the most
challenging tasks in the field of pattern
recognition. Besides of the many variations
in the images, the training data set in the
face recognition system is only a very small
portion of the possible cases. This fact
makes the face recognition a very difficult
task for most of the current classifiers. In
this paper we present a novel technique of
using an ensemble based classifier method
for face recognition. In Section 2 a brief
introduction to face recognition will be
given, section 3 explain the structure of the
classier and discusses the parameters that
will effect on the performance of the
classier. Section 4 introduces the ensemble
technique used in this paper. The
experimental results are given in the section
5 and the summary and references are given
in the section 6 and 7.

2

FACE RECOGNITION

In this context, face recognition refers to
the automatic method of identification of an
individual based on the information
contained in a gray scale image. Many
techniques have been developed to solve
this problem, such as Principal Component
Analysis (PCA) [1], Dynamic Link
Matching [2] and Face Recognition using
Neural Networks [3].
Most of the practical face recognition
systems need a face detection stage to
detect the location of the face within a
source image. Face recognition systems
also normalize the size and orientation of
the face to achieve more robustness.
The normalization methods use the
location of the significant facial feature
such as eyes, nose or mouth. The
importance of robust facial feature
detection for both detection and recognition
has resulted in the development of a variety
of different facial feature detection
algorithms [4], [5], [6], [7], [8], [9].
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The geometric feature based approaches
[10], [11], [12], [13] are the earliest
approaches to face recognition and
detection. These approaches were focused
on detecting individual features such as
eyes, ears, head outline and mouth, and
measuring different properties such as
eyebrow thickness and their vertical
position or nose position and width, in a
feature vector that is used to represent a
face. To recognize a face, first feature
vectors of the test image and the images in
the database are obtained. Second, a
similarity measure between these vectors,
most often a minimum distance criterion, is
used to determine the identity of the face.
Principal component analysis (PCA)
[14], is a simple statistical dimensionality
reducing technique that has perhaps become
the most popular and widely used method
for representation and recognition of human
faces. PCA, via the KL transform [15] can
extract most statistically significant
information for a set of images as a set of
eigenfaces when which can be used both to
recognize and reconstruct face images.
Recently some ensemble based face
recognition systems are introduced. In 2003
Martinez and Fuentes [16] developed a
system based on homogeneous ensembles
with manipulation of input features called
face recognition using unlabeled data.
Experimental results on the UMIST Face
database show that using unlabeled data
improves accuracy when a small set was
appended to the training set. Three different
learning algorithms: k-nearest neighbor,
artificial neural networks and locally
weighted linear regression were used. They
reported an accuracy of 92.07% as their
best results using locally weighted linear
regression.
Another
ensemble
based
face
recognition system, called ensemble linear
discriminant analysis (EnLDA), is proposed
by Kong et al [17] in 2006. In their system
a Boosting LDA and a Random Sub-feature
LDA schemes are incorporated together to
construct the total weak-LDA classifier
ensemble. The performances of this system
over two face databases (ORL and Yale
face databases) are reported in the form of
two graphs.

In this paper we proposed a novel
ensemble based face recognition system
which is based on K nearest neighbour
classifier and bagging. The performance of
97.5 % accuracy is achieved over the ORL
face database.

3

K NEAREST NEIGHBOR
CLASSIFIER (KNN)

The K nearest neighbor (kNN) classifier is
an extension of the simple nearest neighbor
(NN) classifier system. The nearest
neighbor classifier works based on a simple
nonparametric decision. Each query image
Iq is examined based on the distance of its
features from the features of other images
in the training database. The nearest
neighbor is the image which has the
minimum distance from the query image in
the feature space. The distance between two
features can be measured based on one of
the distance functions such as, city block
distance d1, Euclidean distance d2 or cosine
distance dcos:

d1( x, y) =
d 2 ( x, y ) =

N

∑|x
i =1

i

− yi |

(1)

N

∑| x − y
i =1

i

i

|

(2)

→ →

d cos ( x, y ) = 1 −

x. y
| x |.| y |

(3)

K nearest neighbor algorithm uses K
closest samples to the query image. Each of
these samples belongs to a known class Ci.
The query image Iq is categorized to the
class CM which has the majority of
occurrences among the K samples. The
performance of the kNN classifiers highly
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related to value of the k, the number of the
samples and their topological distribution
over the feature space.
Appendix A
describes this through a series of
experiments.
Many
approaches
are
introduced to improve the performance of
the kNN systems using wavelet techniques
[17], Cluster-Based Trees [18] and Tolerant
rough sets [19] and so on. In this paper we
show ensemble based techniques can be
used to improve the performance of the
system.
.

4

Bagging method uses multiple versions
of a training set to train a different model of
classifier. Each version of the training set
can be generated by sampling with
replacement. The outputs of the models are
combined by voting to create a single
output. The Bagging algorithm can be
summarized as followed [24]:
Algorithm 1 The Bagging algorithm
1. Input: Training data set S
with correct labels •i i=1,...,C
representing C classes, Number of
Iterations T, Weak learning
function G(.), Percent F to
create bootstrapped training
data.
2. Initialize:

ENSEMBLE OF CLASSIFIERS

for all t = 1, . . . ,T

An Ensemble classifier wrapping is a
method of improving the accuracy of a
group of classifiers by combining their
results using one of the voting methods. A
typical learning system is consisting of
feature detection unit and a decision making
unit (classifier). Classifier examines all the
training data against a decision function. A
learning algorithm sets the parameters of
classifier based on the training data to result
a certain accuracy rate. Then the system is
used to predict the result of a testing data
set. It is shown [20] in the most cases, an
ensemble (committee) of classifiers can
produce a better prediction than the
individual classifiers. There are different
classifier wrappers such as Mixture-ofexperts model [21], Adaptive Boosting
(Adaboost) [22] and Bagging [23].
4.1

BAGGING

Bagging or “bootstrap aggregation”, is the
first effective meta-algorithm method of
ensemble learning. This method is a special
case of the model averaging, which was
designed for decision tree models, but it can
be used with other type of model for
classification.
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2.1 Take a bootstrapped replica
St by randomly drawing F percent
of S.
2.2 Call G(.) with St and receive
the hypothesis (classifier) ht .
2.3 Add ht to the ensemble, E.
End.
3. Test: Simple Majority Voting –
Given unlabeled instance x
3.1. Evaluate the ensemble E=
{ h1 , . . . , ht } on x.
3.2. Let Vt , j be the vote given to
class

ωj

⎧ 1,
Vt , j = ⎨
⎩0,

by classifier ht.

if

ht picks class ω j
otherwise

3.3. Total vote received by each
class is calculate as
T

V j = ∑ vt , j , j = 1,..., C
t =1

3.4. Select the class that
receives the highest total vote
as the final classification.

6

In this paper we proposed a novel method
for face recognition using ensemble based
K nearest neighbour classifier. This system
uses Bagging as Ensemble classifier
wrapper. Based on the results of the system
on the ORL face database the accuracy rate
of 97.5% is achieved.

end.

5

SUMMARY

RESULTS

In order to demonstrate the performance
and capabilities of this system, ORL face
database is used to test the system. In this
database, there are 40 subjects and each
subject consists of 10 images of the size of
112x 92 pixels with variations in scale,
orientation and facial expressions as it
illustrated in Fig 1. The first image of each
subject is used as the test image while the
other 9 images are used as training set.
Each 112x92 image in the database is
reshaped to a 10304x1 feature vector. To
reduce the size of the feature space, we
used SVM feature reduction method and
reduce the size of feature vector from
10304 to 15 features.
These feature sets are feed to an
Ensemble based K nearest neighbour (kNN)
classifier with k=3 and Bagging wrappers.
The Accuracy rate of 97.5% is achieved,
which means 39 of the 40 subjects are
recognized correctly and only one of the
subjects (subject number 35 as shown in
Fig. 2) was recognized incorrectly.
in order to study and compare the results
of this system with other methods a series
of experiments have been conducted. Table
1 shows the result of our system and two
other techniques (SVM and maximum
entropy models). Each method tested once
without classifier wrapping and once with
ensemble classifier wrapping. Two different
classifier wrappers, AdaBoost and Bagging,
are used in these experiments. kNN is also
tested with 3 different values for k
(k={1,3,5}). This results still shows the best
accuracy rates belongs to kNN (k=3)
+Bagging with 97.5% accuracy and only
2.5% error rate.
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Figure 1- The ORL face database.
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Figure 2- Ten images of subject number 35 in ORL face database, the first
image is used as the test image and the other 9 images are used as the train
set.

APPENDIX: THE PERFORMANCE OF THE KNN CLASSIFIERS
To examine the performance of the kNN classifiers and its relation to value of the k, the
number of the samples and their topological distribution over the feature space a series of
tests has been conducted. Table 1 shows the results of 90 experiments over a 2D feature
space. For each experiment a random distribution of the samples over the N= {2, 20}
number of clusters is generated. The number of clusters N is an argument of the complexity
of the distributions of samples. The number of samples in this experiment varies between 10,
100 and 1000 samples. The value of k is selected from the set S={1,3,5,15,51}. Fig. 3
illustrates the distribution of 10,100 and 1000 random samples over a 2D feature space and
the result of a kNN classifier. The Error rate in this example is 1.87%. As the Table.1 shows
the performance of the system is rapidly increased if a large number of the samples are used.
However in the most cases, increase in the number of the data is impossible. To improve the
performance of the kNN systems some techniques such as wavelet techniques [4], ClusterBased Trees [5] and Tolerant rough sets [6] and Ensemble-based techniques can be
employed.
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Figure 3 - A(top left), B(top right) and C(bottom left) illustrate the
distribution of 10,100 and 1000 random samples over a 2D feature space. The
result of a kNN classifier is shown on D (bottom right) Error = 1.87%

Table 1. Error rates for SVM, kNN and maximum entropy models (IIS). Each
method tested with and without Ensemble wrapping ( AdaBoost and Bagging).

SVM
maximum entropy
models (IIS)
K=1
kNN
K=3
K=5

No Wrapping
7.5

Error Rate%
+AdaBoost
97.5

+Bagging
7.5

7.5

5

7.5

2.5
5
12.5

97.5
5
7.5

5
2.5
12.5
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Table 2. Results of 90 experiments over a 2D feature space.
Number
of
clusters

Number
of
samples
10

2

100

1000

10

20

100

1000

K
1
3
5
15
51
1
3
5
15
51
1
3
5
15
51
1
3
5
15
51
1
3
5
15
51
1
3
5
15
51

Error%
Test 1
5.00
11.56
11.56
11.56
88.43
5.53
5.03
4.84
5.96
21.68
1.57
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A low complexity packet loss concealment algorithm
for G.711 and G.722
Ashwin Kashyap, Mikael K.Rudberg

Abstract—In communication systems, enhancement algorithms
are used to improve the perceptual quality of speech. Packet loss
concealment belongs to this genre. The concept is to mask the
effect of loss of a speech packet in the channel of a communication
system. We present a generic packet loss concealment algorithm
for speech sampled at 8kHz and 16kHz. The algorithm is coupled
with both G.711 and G.722 decoders. This setup is used to
enhance the perceptual quality of speech. Time-domain signal
processing techniques are used to recreate the lost packet. A
robust method is described to improve the quality further by
updating the decoder state. A floating point model of the
algorithm is considered for performance evaluation. A fixed point
model is also developed for a DSP processor. Performance
evaluation is done by PESQ (Perceptual Evaluation of Speech
Quality) and subjective listening.
Index Terms—algorithms, G.711 and G.722 codecs, packet loss
concealment, speech quality enhancement

I. INTRODUCTION

L

of a speech packet can cause a noticeable
deterioration in the quality of speech. To overcome this
problem, a synthesized speech packet is substituted in the
place of the lost packet. Several methods have been employed
to counter the effect of packet loss. Zero stuffing and packet
repetition are the most common methods in this direction.
The idea behind zero stuffing is to substitute a zero packet
instead of a lost packet. Packet repetition involves the use of
the last good packet received in place of the lost packet. In
both of these methods, artifacts are introduced and there is a
sudden noticeable transition between natural and synthesized
speech. The perceptual quality of speech is not significantly
improved when the above mentioned methods are employed.
Due to these reasons, several algorithms which exploit the
salient characteristics of speech have been developed in recent
times. The algorithm we propose has also been developed with
similar considerations on perceptual speech quality and speech
signal characteristics.
OSS
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The algorithm uses autocorrelation based pitch prediction to
estimate the lost packet. In order to mask the discontinuity
between the synthesized speech and actual speech, an overlapadd operation is performed at the packet boundary. Continuous
multiple packet losses are handled by post filtering and by
introducing a fade out. Performance of the algorithm is
determined by PESQ[1] , a metric which models the human
auditory system. PESQ evaluates the degraded signal in
comparison with the reference signal based on perceptual
characteristics. It also takes level normalization and delays into
account during the evaluation. Further, the metric can support
both narrowband and wideband speech. In our evaluation, we
consider a lossless signal as the reference.
G.711[2] is a coding standard for narrowband speech and it
works on the principle of companding. The codec uses A/ulaw tables to code and decode speech. G.722[3] works on the
principle of adaptive differential pulse code modulation. The
codec works on wideband speech. The spectral band of 8 kHz
is separated into two sub-bands and the bit allocation during
the stage of coding is done based on the perceptual importance
of the two frequency bands. The proposed algorithm works
together with these codecs to support either narrowband or
wideband speech.
The paper is organized into the following sections. The
simulation environment is described in section II. This is
followed by algorithmic description in section III. The
comparison with existing algorithms along with objective
scores for both narrowband and wideband speech can be found
in section IV. Section V explores the possibilities of future
work related to our algorithm.
II. SIMULATION ENVIRONMENT
8 kHz
SPEECH
G.711
ENC

G.711
DEC
PLC

G.722
ENC
16 kHz
SPEECH

G.722
DEC
CHANNEL

Fig. 1. Schematic of the simulation environment consisting of
narrowband and wideband speech codecs with the PLC algorithm. Error
patterns are introduced in the channel for simulation.
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The simulation environment in Fig. 1 consists of G.722 and
G.711 encoders and decoders. “Enc” and “dec” refer to
encoder and decoder respectively. The channel is modeled by
a binary file, where a zero corresponds to a good packet and
one corresponds to a bad packet. Frame erasure patterns were
generated by using a C-model for different error percentages.
The simulation was done for one, three, five and ten percent
packet losses. A sanity check is done to ensure that the PLC
algorithm has been correctly integrated in the simulation
platform.
Frames of 10ms were used in the simulation environment.
However, frames of any duration could be used by modifying a
few parameters inside the PLC algorithm. Choice of frame
duration depends on the spectral characteristics of speech.
Chosen speech duration should ensure that the signal is
stationary for all practical purposes during that window. Due
to this constraint, the upper bound is 20ms.

III. ALGORITHMIC DESCRIPTION
A. Reception of a good frame: For a frame received
correctly, the packet loss concealment algorithm stores the
samples in an internal buffer of length 256, which corresponds
to roughly three frames of narrowband data. The buffer is
designed to ensure that the pitch information can be extracted
correctly when there is a packet loss.
B. Reception of a bad frame: For a frame not received
correctly, we exploit the salient characteristics of the speech
signal. Time domain signal processing techniques are used to
recreate the lost frame and they are described below.
1) Pitch prediction: The autocorrelation function is used
to estimate the pitch of the speech signal. The correlation
window is designed to include the range of frequencies
from 88 Hz to 222 Hz and this covers male and female
pitch frequencies. The correlation is performed in two
stages – coarse pitch search and fine pitch search.
The course pitch search uses a grid of every third sample
for narrowband data and every sixth sample for wideband
data. The first peak of the autocorrelation function, which
corresponds to the energy of the signal is computed for
future use. The pitch information lies in the proximity of
the second peak in the autocorrelation function. This is
roughly estimated by the coarse pitch search and followed
by the fine pitch search which estimates the pitch
accurately around the second peak. The fine pitch search
can be skipped without compromising the quality of speech
significantly if a faster algorithm is required. As less than
one percent of the energy falls within the 4 kHz-8 kHz
frequency band, every alternate sample in the correlation
window can be used for estimating the pitch in wideband
speech.
2) Voiced and unvoiced components of speech: The
algorithm uses a hard threshold to determine if the lost
frame is voiced or unvoiced. The energy, which
corresponds to the first peak in the autocorrelation function

is weighted and compared with the second peak
corresponding to the pitch period. If the two quantities are
comparable, we conclude that the frame is strongly
periodic. This is one of the characteristics of voiced
speech. If the frame is classified as unvoiced, we fade out
the samples in synthesized speech and thereby limit the
energy level in the recreated frame.
3) Recreation of the lost frame: The speech samples from
the first pitch period are used to synthesize the lost frame.
The frame is usually bigger than the length of the pitch
period. Repeating the samples in the pitch period
continuously introduces an artificial periodicity in the
synthesized signal. To overcome this problem, we also use
the speech samples from the second pitch period. For this
purpose, we use a constraint to estimate the similarity of
the signals in the first and second pitch periods. And this is
analogous to comparing the second and third peaks in the
autocorrelation function.
4) Enhancement at the frame boundaries: When a frame
is lost and recreated, there is a transition from natural
speech to synthesized speech. To make this transition as
smooth as possible, we use overlap-add windows. This
operation is carried out on 10 percent of the frame. A
linear ramp is used for this purpose. The coefficients
chosen for the overlap-add window are normalized and
result in an efficient implementation in fixed point
processors where shifts are better supported than division.
5) Post-filtering: The algorithm has a provision to handle
continuous frame erasures. When multiple frames are lost,
we would introduce artifacts in the synthesized speech
unless we fade out the recreated signal. The fade out will
typically start after one to four frames are lost and the
signal will gradually fade out during these one to four
frames. The fade out rate is parametric and can be chosen
depending on the volatility of the channel. The signal level
is restored gradually when good frames are received. A
first order low-pass post filter is introduced to the
synthesized speech frame. The bandwidth limitation
introduced by the post filter reduces the subjective
distortion introduced in the signal.
6) Updating the decoder states: The PLC algorithm
works in tandem with the decoders used in the
communication system. We explore two approaches to deal
with packet loss from the purview of the decoders.
The first approach would be to “freeze” the decoder. In
this approach, whenever a frame is lost, the signal flow
bypasses the decoder completely. The decoder would be
active only when a good frame is received. This approach
would be optimal when computational complexity is a key
issue as it avoids an invocation of the decoder during the
reception of a bad frame.
The second approach is to update the states of the
decoder by using the samples in the last good frame
whenever a frame erasure occurs. This approach is suitable
for adaptive decoders as the adaptive predictors are
sensitive to the discontinuity in the signal. The use of the
last good frame to update the decoder states maintains
information about the signal level and hence the adaptive
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predictors function better in this approach rather than the
first approach of freezing the decoder. The overhead for
this approach over the first one would be an invocation of
the decoder during frame erasure and a memory
requirement of a buffer equivalent to one full frame. The
output generated by the decoder is not to be used as the
PLC algorithm recreates the lost frame.
The G.711 standard works on the principle of A-law or ulaw. The decoder is memoryless. Hence the decoder can be
frozen during frame erasure without any deterioration in
speech quality.
On the other hand, the G.722 decoder is strongly
backward adaptive and hence the introduction of the
decoder update as outlined in our second approach
achieves a better subjective speech quality.
Updating the decoder states with the reconstructed frame
has been explored in [4] and [5]. The algorithm described
in [4] uses the recreated frame to be fed back into the
encoder to update its states. This in turn would also
introduce an additional call to the decoder. The recreated
frame has to be transmitted to the encoder and this process
would involve the channel and introduce a small delay.
IV. PERFORMANCE
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2
1.5
1
0.5
0

G.711 PLC
algorithm
Propos e d
algorithm

1%
los s

3%
los s

5%
los s

10%
los s

Fig. 3. Comparison of the G.711 PLC algorithm with the proposed
algorithm for narrowband speech (8 kHz) using PESQ. The x-axis shows
the frame erasure rate and the y-axis shows the MOS values.

V. FUTURE WORK
The algorithm currently uses a hard threshold for voicedunvoiced classification. In order to have a higher accuracy in
predicting the nature of the frame, we can introduce a signal
dependent threshold. Time domain parameters like zero
crossing rate weighted RMS energy [6] and Kaiser-Teager
frame energy [6] can be used for multiple frames to have a
signal dependent threshold.

4.5
4

VI. CONCLUSION

3.5
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3
2.5

Packet
repetition
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Serizawa PLC
algorithm

1.5
1

Proposed
algorithm

0.5
0
1% 3% 5% 10%
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Fig. 2. Comparison of different PLC algorithms for wideband speech (16
kHz) using PESQ. The x-axis shows the frame erasure rate and the y-axis
shows the MOS values.

Fig. 2 and Fig. 3 show the quality of speech synthesized for
different PLC algorithms for different frame erasure rates. The
proposed algorithm achieves a Mean Opinion Score (MOS) of
3 at ten percent frame erasure rate for both narrowband and
wideband speech. The MOS values are slightly higher for
narrowband speech than wideband speech due to the number
of samples lost in a frame and the step sizes used for
correlation. Even at high frame erasure rates, the proposed
algorithm synthesizes speech of perceptually moderate quality.

The proposed packet loss concealment algorithm gives a
significant improvement in perceptual quality of speech over
conventional methods like zero stuffing and packet repetition
as shown in the improvement of PESQ-MOS values over all
frame erasure rates. There is also an improvement in the
performance over the algorithm defined in [4]. The decoder
update further enhances the speech quality without introducing
delay, which is an important factor in real-time systems.
The algorithm has the advantage of working with G.711 and
G.722 codecs simultaneously and this is useful in a multirate
system where both narrowband and wideband speech are
supported. The framework of the algorithm facilitates its use in
conjunction with other codecs and also for different frame
lengths.
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Abstract - A new protocol called the AppTraNet protocol,
combines the application layer, transport layer and network layer
protocols into one protocol, with only one common header that can
be processed efficiently in parallel by hardware. The protocol
handles the set-up and management of collaborative distributed
scenes, and content transfer. Predicted future networked
multimedia collaborations require data rates of up to tenths of
Gbps per scene object, and face-to-face time delays lower than 1030 milliseconds. To guarantee the time delay, the quality of scene
objects is allowed to vary with space and time. The adaptation
scheme uses quality shaping, based on separate and independent
coding of scene sub-objects sent in independent packets, drop of
selected sub-objects, and rate-adaptive feedback control. Set-up and
other control packets cannot be dropped, but these packets have no
real-time requirements. A priority queuing hardware architecture
is used in network nodes to handle both types of packet streams.
The behavior and performance of the architecture have been
verified by simulation, using Simula/DEMOS simulation tools.

I. INTRODUCITON TO DMP
This paper is about the three-layer Distributed Multimedia
Plays architecture, DMP, with focus on the new AppTraNet
protocol defined within the architecture. The protocol combines
the application layer, transport layer and network layer protocols
into one protocol, with only one common header that can be
processed efficiently in parallel by hardware/ASICs.
Examples of future services using the new architecture, are
jazz sessions, song lessons, musical theatre education, rehearsals
and performing arts, coming generations ‘Multimedia Home
Spaces’, games and other entertainment, general education, and
business meetings.
To get a complete understanding and motivation for DMP,
important parts of the DMP architecture such as the concepts of
near-natural virtual quality of scenes, SceneProfiles, traffic
generated by scenes, and Quality Shaping of scenes using
various traffic and resolution control schemes, should be studied.
However, it is impossible to cover everything here, so section
I.A is added just to point to aspects ‘missing’ in this paper.

video at HDTV quality (2k x 1k pixels, 60 Hz progressive
scan) has substantially lower perceived quality than the
corresponding real scenes. A user is defined as a group of
humans or other objects in a real scene, or a network server.
The scenario, as exemplified in Fig. 1, is a futuristic, virtual
scene that shall support near-natural virtual quality. This
prerequisites auto-stereoscopic multi-view, surround multichannel sound, guaranteed maximum user-to-user time-delay
less than 10-30 ms, hierarchic object oriented scenes
described by SceneProfiles, scene object quality that varies
with time and space, graceful degradation of quality, and a
defined security level [2].
Services are to be understood in a broad sense: the total
service (with a well defined adaptive quality) received by
users from one or more service providers. SceneProfiles give
standardized descriptions of how to shoot and present
standardized stereoscopic multiview adaptive scenes. Users
negotiate SceneProfiles as the first step of establishing a
service. For an example, see section 2.G, and for a detailed
description see [2].

A. Complementary work
By definition, the near-natural virtual scene has a quality that
approaches the natural scene, that is, users should not perceive
any difference when experiencing a real scene and the
corresponding virtual scene. This is expected to be obtained in
say 10 years from now. Recent tests [1] indicate that
stereoscopic

Fig. 1. Scenario: a ‘Near-natural virtual collaboration’. The
walls, the ceiling and the floor are displays.

Traffic generated from near-natural virtual scenes is
extremely high, up to10 3 – 104 higher than from today’s
videoconferencing systems. This traffic also is extremely
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variable during the collaboration. Examples are shown in later
sections, and further elaboration can be found in references [2]
and [3].
The concept of Quality Shaping was introduced to give
graceful degradation of quality when traffic overloads the
network or system components fail. The concept builds on
controlled dropping of sub-objects from (selected packets), and
scaling of scene resolution/composition and coding parameters.
The scheme guarantees a maximum user-to-user delay without
any reservation of resources. However, to guarantee a minimum
quality level, admission control is needed. Controlled dropping
of sub-objects as part of Quality Shaping will be treated in this
paper. More advanced parts of the scheme are treated in [2].
The division of scenes into sub-scenes, objects and finally subobjects, see Fig. 2, is of fundamental importance for DMP. This
is the basis for making multimedia content packets independent.
The paper [3] verifies the principle.
The DMP architecture synchronizes sources. Since maximum
delays can be guaranteed, maximum jitter at the destination can
also be guaranteed.
For control and management packets only static routing can be
permitted, in order not to destroy sequences. To guarantee the
maximum delay of content packets, routes of lower delay than
the maximum permitted can be selected [2].
Basic design goals of DMP are to simplify and to extend the
quality of existing collaborative systems. Video conferencing
systems using standards such as the H.323 need a large number
of different protocols to work properly. The aim here is to reduce
the number of protocols to two, and correspondingly reduce the
number of architectural layers to three. To handle the high data
rates, data processing have to be performed by hardware
(ASICs). Software solutions shall be used for functions without
severe real-time requirements.
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Fig. 2. Object-oriented scene with sub-objects

B. Related work
Quality Shaping is based on concepts such as Traffic Shaping
[4], [5] and ATM ABR [6], where packet drop and feedback
control were applied.
The TCP protocol (over IP) does not support the real-time
transfer of audiovisual content. To support voice and video in
packet networks the protocol stack RTP/UDP/IP is widely used,

but does not support traffic control, and does not guarantee
the Quality of Service. On the contrary, UDP traffic streams
fill up a channel according to the ‘best effort’ principle, and
suppress TCP traffic [7]. Protocols such as XCP [8], RCP
[9], RED [10] (TCP extensions), DCCP (with TFRC) [11],
and P-AQM [13] try to control the traffic using feedback
control. In paper [13] it is shown that P-AQM outperforms
the aforementioned schemes, and provides high link
utilization and fairness between TCP and UDP traffic. All
these proposals add complexity to the TCP/UDP protocols,
and do not support adaptive control of user scenes and traffic
(as with DMP).
DMP applies the protocols IPv6 [14] and IPsec [15],
slightly adapted. This makes it possible to transmit
AppTraNet packets through the existing Internet.
The ability of TCP to support reliable end-to-end transfer
is not required by the new architecture, this is guaranteed by
the AppTraNet protocol, see below. UDP does not provide
functions useful to DMP, and is not applied. Since the
AppTraNet protocol also supports necessary functionality
for the application layer, other application protocols such as
H.323 for videoconferencing (including RTP, UDP and
other), or SIP with SDP and MSRP are not used in the DMP
architecture.
II. THE THREE-LAYER DMP ARCHITECTURE
In this section, we give descriptions of behavior that
involve user equipment and network nodes simultaneously.
There are two different node types in the network,
AccessNodes and (Core) NetworkNodes. In addition, a
number of specialized servers are needed, for example to
support collaboration establishment and management.
Packet delays through nodes and processing delays in user
equipment can be guaranteed lower than a specified value.
Except for output link queues in nodes, there is no buffering
or waiting. Information is included in packets so that an
audio or visual packet is independent of all other packets.
The content of a packet is used to present parts of an object
immediately, at the right place and with the right quality
(variable, however), not waiting for other parts of the object
or other objects. Pre-stored (negotiated) configuring data
such as SceneProfiles, are used (without delay) in the
rendering process. The pre-stored configuring data can be
the result from negotiations when a complex multi-party
scene has been set up, or some configuring action taken
during the collaboration. In short, objects are automatically
synchronized from the source, and are presented within a
guaranteed time, with a controlled variable quality due to
controlled drop of packets in the network.
A. Hierarchy and distribution of functional sub-systems
Fig. 3 and 4 show the overall protocol hierarchy of DMP.
Three layers are defined, the Linksical layer, the
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AppTraNet layer, and the Application layer.
The AppTraNet protocol has only one combined header, the only
above the Linksical layer. The protocol runs on top of the Linksical
layer, a combined link/physical layer. This layer assumes optical
fibers between network nodes. The protocol data frame includes the
AppTraNetPacket as payload, and a preamble for recognizing frame
start and bit clock synchronization [2]. Conversion between optical
signals and electrical signals are made at each end of optical links.
B.

The IPv6 header is used according to the standard,
except for the IPv6 addresses that are used to uniquely
identify users [2]. The 48 lsbs of the address uniquely
identify AccessNode, and if 210 users can be connected to
an AccessNode, there is 38 bits left for the identity of
each user individual.
Integrity, authentication and encrypted payload are
provided by IPsec AH and ESP in Transport Mode. See
RFC 4302 [14] and RFC 4393 for a guide into IPsec. The
ISAKMP (Internet Security Association and Key
Management Protocol) [15] and IKE (Internet Key
Exchange) [16] are used for key exchange (other may be
considered).
A drawback could be that the AccessNode and its
servers have to be trusted, but in DMP, the service
provider generally is trusted (responsible for the services,
the quality, the servers, and the network).
The new part (in addition to the IP and IPsec parts) of
the protocol header has the following parameters:
PT, Payload type, 8bits.
PacketRate, 16 bits, the current packet rate from the subobject, indicated by the user [2]
Sequence number, 8 bits, used for controlled dropping of
progressive JPEG2000 compression layers, and of subobjects compressed by the NOC scheme [2]

The AppTraNet layer

The AppTraNet layer is a combined application, transport and
network protocol layer. The DMP architecture uses the IPv6
protocol and IPsec security, and defines a new part supporting
specific DMP requirements. To enable efficient design of highperformance hardware, ASICs, there is only one AppTraNet packet
header, where parameters can be processed in parallel by physically
parallel hardware, ASICs.

Timestamp, 32 bits, used for delay measurements from a
network node to an access node, and from users to
AccessNodes
ServiceID 48 bits, used to identify on-going services [2]
PixelAdrB, 16 bits, addresses the start pixel of the subobject represented in this packet (rectangle)
PixelAdrE, 16 bits, addresses the end pixel of the subobject represented in this packet (rectangle)

C. The AppTraNet packet
Some parameters of the combined AppTraNet header are
introduced to increase the performance, to support efficient
hardware design, and to reduce the complexity of the network. The
parameters allocate bits and bytes in the order as shown below. The
packet length is 1.5k Bytes.

SPQSP, 32 bits, reference to SceneProfile
QalityShapingProfile, used for collaborations [2]

Reserve count, 8 bits, counts the number of Reserve
bytes
Reserve bytes, 0-64 bytes, for future use
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D. Packet types, priority and drop
The PT Payload type parameter reserves values for DMP use,
defining the payload. Two main groups are defined, multimedia
content packets and control packets. The following types are so far
defined: visual, audio, graphics, quality shaping, object move,
viewer move, scene profiles, addressing, acknowledgement,
httpRequest, and httpResponse. Some control packets are used in
typical request-response sequences, see II.G. It is up to the
application how to handle the situation if packets that need
acknowledgement are not acknowledged. Since such requests do not
have real-time requirements (normally), and shall have an extremely
low probability for being lost, the output link queuing system shown
in Fig. 5 is introduced as part of the AppTraNet protocol in all
nodes after switching (routing). Control packets enter queue Q2,
which holds packets on a very large store. If selected by Sel, with
probability p1, the control packet enters Q1 for link output. The
module H is an abstraction of the output Linksical layer, sending the
packets out at the maximum packet rate given by the link capacity.
Control packet transport delays are highly variable, depending on
traffic patterns, see section 2.5. The maximum length of Q2 should
be so large that reaching the maximum should have an extremely
low probability, before the admission control decreases the input
traffic to the network [2].
Multimedia content packets, with a maximum guaranteed end-toend delay, but that can be dropped selectively, are sent to buffer B2.
The selector Sel fetches packets from B2 with probability 1-p1, and
forwards to Q1. Q1 has a limited length and determines maximum
jitter of a transfer through the node. B2 is a very short buffer used
for dropping according to the sequence number of the packet. If Q1
is full, packets start queuing in B2. Assuming Near-Natural Object
Coding, NOC [2], and nine sub-objects, B2 drops arriving packets
as follows:
If B2.length 0-12 then join B2 else
If B2.length 13-18, drop from sub-object 8 else
If B2.length 19-24, drop from sub-object 8 and 7
If B2.length 24-29, drop from sub-object 8, 7 and 6
and so on (sub-object packets 9 are never dropped)
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Fig. 5. Dropping and prioritizing of packets in network
nodes, AppTraNet layer. Hardware architecture

times in path nodes, and the waiting times in Q1 in path
nodes (the waiting time in B2 can be neglected compared
to the waiting time in Q1).
E. Application layer
Fig. 4 shows six main functional blocks on the DMP
application layer for the user scene. The sub-systems
SceneProfile, QualityControl and ServiceControl have
common functions with AccessNodes, while the three
other sub-systems are implemented only in the user
equipment. The network nodes handle only one
application layer block, the QualityControl.
F. ServiceControl
The ServiceControl, allocated to the AccessNodes, are
the ‘beacons’ of the DMP system. The ServiceControl has
the top responsibility for setting up, manage, and release
collaborations between users, on request from a user. The
ServiceControl manages and routes the packet exchange
between users and various servers allocated to
AccessNodes, and between access- and destination
network nodes. It cooperates via user ServiceControl with
the Stereoscopic Multiview Display & Viewer Movement
Control and the Stereoscopic Multiview Shooting,
Segmentation & Object Movement Control in the user
terminals. For this purpose, the ServiceControl has a
number of supporting servers to its disposal:
•

The Sequence number is for NOC coding directly given by the
sub-object number, while for JPEG2000 coding both the sub-object
number and the progressive layer number have to go into the
calculation [2]. Optimizing the maximum length of B2 and Q1, the
drop decision lengths of B2, and the value of p1, is part of the
QualityShaping scheme design [2].
Since a path through the network includes nodes as shown in
Fig. 5 in series, the maximum end-to-end time delay can be
guaranteed. If the processing times in user equipment and
switches (nodes) are constant, the end-to-end packet delay is a
sum of propagation times in the path, the constant processing

Cnt
B2 fro nt
d rop s

•

•

QualityControl – handles scene quality
shaping by dropping sub-objects.
Security Server – implements IPsec AH and
ESP, receives authentication requests from
ServiceControl, returns acceptance or not.
Encrypts and decrypts payload.
Proxy and Address Server – receives
translation requests from the ServiceControl,
returns acceptance or not. Stores info about ongoing services, user IDs and address relations
in the domain. This Server also handles
adaptation of protocols and formats for other
ITC systems, such as WWW and email.

•

SceneProfile and QualityShapingProfile Server –
receives SceneProfile check request from
ServiceControl, returns acceptance or not. Stores
standardized SceneProfiles. Stores standardized
QualityShapingProfiles. Supports the
ServiceControl to adapt scene quality according to
traffic load, using the optimal
QualityShapingProfile.

The user has a corresponding ServiceControl, cooperating closely
with the ServiceControl of the AccessNode. The following modules
are used:
• QualityControl – shapes scene quality by adjusting
QualityShaping parameters [2].
• Security Module, implements IPsec AH and ESP,
should be a detachable hardware module, e.g. with a
smart-card.
• SceneProfile and QualityShapeProfile Descriptions.
• Sub-object encoder and decoder. The NOC lossless
compression scheme and JPEG2000.
• A sub-system for Stereoscopic Multiview Shooting,
Segmentation and Object Movement Control.
• A sub-system for Stereoscopic Multiview Display
and Viewer Movement Control.
A special type of user is the servers storing objects and scenes
that are shot or synthesized in advance. The fist four bullet
points above are part of such a server, and the behavior is as for
a normal user.

Service
Control

User

1a

Security

SceneProfile

Proxy

Net

SceneProfile

Security

Proxy

User

Packets Description
1a - AH and ESP secured service request (ServiceID,
UserIDs, A, B, C, D, E and F, {set of prioritized
SceneProfiles})
1b - 1a sent to Security for security check
1c - 1a sent to Proxy for address validation and
translation
1d - Positive response to 1c (ACK)
1e - Positive response to 1b (ACK)
1f - 1a sent to SceneProfile for acceptance of scene
1g - positive response to 1f (ACK)
1h - Service request sent to Security for AH and ESP
addition
2a - AH and ESP secured service request
2b - Positive response to 1a (ACK)

1b
1c

2c - as 2a
3a - 2c sent to Security for security check

1e
1f

3b - 2c sent to Proxy for address validation

1g
1h
1i

3c - Positive response to 3b (ACK)
2a

3d - Positive response to 3a (ACK)

2c
3a
3b

3e - 2c sent to SceneProfile for acceptance of scene

3c

3f - Positive response to 3e (ACK)

3d

3g - 2c sent to user for acceptance

3e
3f

4c

Fig. 6 shows a successful setup of a one-way
collaboration from user A to B. When there are N users in
a collaboration, all users have to set up a one-way
collaboration to all the others, giving N(N-1) set-ups. The
ServiceControls in the AccessNodes handle the setup and
the management of the sessions until they are released. All
servers and users are uniquely identified by their IP
addresses. All possible services are described by
standardized SceneProfiles. Users must choose
SceneProfiles during set-up of a service, but this can be
changed during the session. The SceneProfile defines how
to shoot videos and record sound, and how to present on
the receiving user display.

1i - Positive response to 1h (ACK)

Service
Control

1d

2b

G. Example, establishment of a multiparty DMP

4b

3i
3j
4a

3g

3h - Positive response to 3g (ACK)

3h

3i - Service acceptance sent to Security for AH and ESP
addition
3j - Positive response to 3i (ACK)
4a - AH and ESP secured service acceptance
4b - as 4a

Fig. 6. Set-up of multi-party DMP

4c - as 4b
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H. Example, multimedia content packet transfer
A multimedia content packet always represents only one subobject. When generated by the sender, the packet is coded, and finds
the way through the network, through decoding, and to the display
RAM at the receiving end, using only the AppTraNet packet header
parameters {IP address, PT, ServiceID, PixelAdrB, PixelAdrE,
SPQSP}. The packet is, regarding coding, decoding and display,
totally independent of all other packets. The content (pixels) is
presented to the user immediately. If a sub-object is not updated
after a certain time (typically 10 ms), the missing pixels are
constructed by interpolation by the Buffer Manager. In network
nodes, as shown in Fig. 5, content packets enter the buffer B2, and
are forwarded to Q1 or are dropped in B2. From Q1 the packets are
output on the link to the next node.
Fig. 7 shows how multimedia content and control packets are
processed at the receiving end. The IP address points to users, and
further to individuals which may set up services. The PT parameter
determines whether it is a multimedia content packet or a control
packet. Multimedia packets first pass the IPsec security module.
Then the Drop module drops sub-objects if necessary, according to
the Sequence number. The Decoder decodes the packets (NOC or
JPEG 2000) and forwards to the router, that in turn sends the packet
to the right place in the Scene object buffer, given by the
SceneProfile (SPQSP parameter), and the PixelAdrB and PixelAdrE
parameters.
Control packets join queue Q2, pass security control, and attends
the ServiceControl. (The QualityControl module is described in
[2]).
Sequenc e
number
B2
Ipsec
IP Address

Drop

Pixel
AdrB, E

SPQSP

Display
Scene
objec t
buffers

Decoder

PT

SPQSP

Quality
Control

Scene
Profile

Buffer
Man

III. TRAFFIC MODELING AND PERFORMANCE
EVALUATION OF THE AppTraNet PROTOCOL IN
NETWORK NODES

The aim of this section is to model and study the
performance and behaviour of the AppTranet protocol as
part of the network node shown in Fig. 5, by means of
simulation.
In a real DMP network, the collaboration is basically
independent of the other collaborations, but even if
multimedia content packets are independent of all other
packets regarding coding, decoding, maximum transfer
delay and display, they are highly auto-correlated within
the collaboration, due to synchronization of packet
transmission from scenes and guaranteed maximum
transfer time. By nature, the collaboration can be
characterized by transient traffic processes (never
stationary). When many independent transient processes
merge, the stream is normally expected to get ‘smoother’
slopes and lower auto-correlation. This is given by the
Palm Khintchine limit theorem, extended by Cinlar [18].
However, in DMP, it is assumed that all traffic processes
are transient. These very complex problems are treated
further in [2].
A. Behavior of Network Nodes, modeling and simulation

Four different scene traffic sources have been modeled,
a Virtual Dinner, a Song Lesson, an Existing Movie, and a
Futuristic Movie, see [2]. The packet rates from each
model follow transient slopes. Fig. 9 shows the pattern
when five streams from each model start at random times
and merge. The packet rate and rate variability are
extremely high, from nearly 0 to about 50 Mega packets
per second (packet length is 1.5 k Bytes).
Fig. 10 shows the pattern when fifty streams from each
model start at random times, drawn from a uniform
distribution [0 – 300] seconds, and merge. The packet rate
varies between about 60 and 260 Mega packets per
second.
5 x 4 Generators
60
packet rate [Mpps]

User A can now start shooting objects in the agreed scene, sort out
sub-objects according to the agreed SceneProfile and send audio
and vision AppTraNet packets to user B. User A Control activates
the Stereoscopic Multiview Shooting, Segmentation and Object
Movement Control, which tracks the objects. At user B, multimedia
content packets immediately present their content on the display.
User B ServiceControl activates the Stereoscopic Multiview Display
and Viewer Movement Control, to track the eyes of the viewer to
find the object on the display he focuses at any time.
The QualityControl is also activated to adapt the quality of the
scene to the traffic load in the network.

50
40
30
20
10
0
0

Q2
Ipsec

500

1000

1500

2000

2500

3000

time [seconds]

Service
Control

Fig. 9. Merged traffic stream, 5 x 4 streams

ServiceID, IP Address

Fig. 7. Incoming packets to users. Hardware/ software
architecture (simplified)
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3500

50 x 4 generators

packet rate [Mpps]

begin
250

p:= xdraw.sample;

200

ep :- none;
if p > p1 then

150

begin

100

if B2.length > 0 then ep :- B2.coopt;

50

end else
0
0

500

1000

1500

2000

2500

begin

3000

If Q2.length > 0 then ep :- Q2.coopt;

time [seconds]

end;

Fig. 10. Merged traffic stream, 50 x 4 streams

if ep =/= none then

For simulation, the DEMOS (Descrete Event Modelling on
Simula) simulation language [19] is applied in a process oriented
way. A simulation environment called cim [20] has been used for
building the simulation, and the simulator has been run on a highend standard PC.
In the simulation model, it is assumed that the merged stream
shown in Fig. 10, is input to and overloads an output link in node C
(Trondheim) shown in Fig. 11. The streams merging at the input of
an output link queue in node C, are assumed to be a representative
selection of input streams to AccessNodes. The characteristics of
the traffic as shown in Fig. 10 can therefore be applied as input to a
node C link queue.
The scene traffic sources are modeled using DEMOS entity. Other
parts of the simulator model the behaviour of Fig. 5. Packets are
modeled as entity, and generated according to the packet rate vs
time description given by the traffic source models. The packet
entities join queues, modeled by DEMOS waitq. The ‘servers’ of
the simulator, Drop, Sel and H, are also modeled as entities, and
fetch packets from queues. Sel uses DEMOS condq (pointer cq
below) and a uniform distribution xdraw to serve B1 and Q2
properly.
An outline of the DEMOS program with entity Sel in detail
(assumed to be self-explanatory) is as follows:

begin
ep.schedule(now);
end;
end;
repeat;
end***Sel***;
,,,object generation,,,
,,,statistics,,,
,,,run time, intervals,,,
end*****demos***;
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10

D
Trond heim

Me asure ment

41
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62

62
50

C

C

50

V

50

41

V

V

41

AN

QS

demos begin

D

62

C
50

V

1

AN

41
AN

QS

U1

,,,declarations,,,,

E

E
10

U2

entity class ReadPacketRateFromFile,,,,,,;

U3

entity class GenerateNOCpacket,,,,;

U4

Fig. 11. DMP network, using a 5-level European
hierarchy of nodes [2]

,,,other classes,,,

The capacity of the output link, modeled by H, is set to
200 Mpps (Mega packets per second). Assuming that the
maximum length of Q1 to start with is zero, dropping of
packets occurs when the input packet rate exceeds 200
Mpps.
How do viewers perceive the time-varying quality of
scene objects? This depends highly on the content
characteristics of the video, object movements, zooming,
panning, the maximum temporal and spatial quality
(resolution) of important objects, the degree of reduced
quality due to sub-object drop, the occurrence of reduced

entity class Sel;
begin
ref (entity) ep;
real p;
loop:
cq.waituntil(or2(
and2(Q2.length > 0,Q1.length < Q1n),
and2(B2.length > 0,Q1.length < Q1n)));
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quality periods, the duration of the periods, and the interpolation
method (missing pixels found by interpolation). Assuming
standard test videos with wanted characteristics and of defined
maximum quality, and an interpolation method, the perceived
quality test can be designed using results from the simulator
presented in this paper. The quality variations of the objects are
measured indirectly by measuring the drop period occurrences
vs drop packet rate vs drop period duration.
Fig. 12 shows the 3D surface diagram for the drop period
occurrences vs drop packet rate and drop period length.
The 50 x 4 generators produce overload intervals larger than 800
ms in only 1.2% of all drop period occurrences. 86% of all drop
period occurrences are below 50 Mpps overload and at the same
time intervals shorter than 600 ms. A dropping scheme as in Fig. 5
with 9 sub-objects, would reduce the packet rate down to around
200 Mpps by dropping one sub-objects, two sub-objects, and
rarely three sub-objects.

in Fig. 10. If all input links are saturated, the merged packet
rate will be constant. More likely is something in between
this extreme situation and the one shown in Fig. 10. That is,
a merged stream with lower variability of the packet rate
than shown in Fig. 10. If the average packet rates are held
constant, the drop occurrence periods are expected to be
longer, and the drop packet rates lower in the new merged
stream. This means a more stable but reduced perceived
quality due to sub-object drop. Tests have to be conducted
to verify this.
Fig. 13 shows the step response from a simulation when
the input packet rate steps from zero to about 40% (mean)
above the output link capacity (200Mpps). If the maximum
length of Q1 is 56 Mega packets, then the queue Q1 is full
after 0.7 ms (seven time intervals) (200 *1.4 – 200)*0.7 =
56), and the buffer B2 starts dropping. By dropping packets
from sub-objects 8, 7 and 6, up to 40% reduction of the
packet rate is obtained 1.1 ms (eleven time intervals) after
the step in input.
NOC packets served and dropped
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Fig. 12. Drop period occurrences vs drop packet rate vs
drop period length.
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Packets SeqNo2 dropped
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Packets SeqNo7
Packest SeqNo4
Packets SeqNo1

Fig. 13. Simulation – NOC packets served and dropped

How this time-varying quality of the scenes, that is, varying
temporal and spatial resolution of objects and jitter are perceived
by the users, remain to be tested. A perceived quality test can be
carried out using a stereoscopic projector wall with sufficient
spatial and temporal resolution, and video servers with the
necessary play out capacity. The video (and sound) can be edited
and constructed off-line, introducing interpolation of dropped subobjects, as given by the simulations.
Assuming that the jitter of the end-to-end delay should not
exceed 10 milliseconds (ms), the sum of Q1 maximum queuing
delays over all nodes (maximum ten) in a path must not exceed 10
ms. Queuing delays of 10 ms will add to the propagation delays,
which in Europe is smaller than about 30 ms, worst case. In this
case the Q1 delays have small effects on the dropping of packets,
and using zero queue lengths should be considered. However, in
the case when the propagation delay is around 1 ms in a path, the
sum of the queuing delays could be increased to say 20-30 ms,
which could reduce the dropping noticeably.
The simulations show dropping in only one node of a large
network. The merging of traffic streams into the considered output
link in node C in Fig. 11 could, in the case of saturated links into
C, be modeled just by adding a constant packet rate to merged rate

IV. CONCLUSION
A new protocol handling collaboration setup, quality
shaping control, and audiovisual transfer, and combining
the application-, transport- and network layers into one
layer, is proposed. This protocol is designed to support the
collaboration data rates expected ten years from now. The
protocol is less complex than existing protocol stacks
(RTP/UDP/IP, SIP/TCP/IP, or extensions of TCP (such as
XCP, RCP, DCCP/TFRC, and RED)). The protocol
guarantees a maximum user-to-user delay of audiovisual
packets. Due to independent packets from sub-objects,
controlled dropping, feedback control and admission
control, a minimum quality of a scene object can also be
guaranteed. The complexity of overload problems is
dramatically simplified compared to existing systems.
Graceful degradation of the scene quality is obtained even
when the network is severely overloaded.
The next step of future work is to test how the timevariable scene quality, as given by Fig. 12, is perceived by
the viewers, and to state the technical requirements in order
to obtain near-natural scene quality.
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Abstract In this paper, we propose a website to exhibit
the traffic information for every 5 minutes at certain
places of street measured by three Radio Frequency
Identification (RFID) readers for 216 tags installed on two
different urban-bus companies and transmit those
information via GPRS modem from testing point to
control center. Each data can be used to indicate the exact
point of traffic condition in a big city. Because the design
hardware of reader is not suitable for the purpose of
collecting traffic information, one can not adjust its
resolution as you like. Thus, the analysis of turning point
on the major errors of distance and timing errors is very
important to let the system designer to take correct
strategies to compensate for all of possible errors. One can
conclude the following rule: 1) when speed is fast, timing
error becomes dominant; 2) when speed is low, distance
error becomes dominant. The result is very valuable for
the local government to make a decision on the
adjustment of urban-bus for their future use. The result
shows that the application of RFID tag and reader is an
alternative way to extract the traffic information instead
of traditional loop detector. It is suggested that the vehicle
speed estimated by 2 tags 1 reader is more accurate than
that of by 1 tag 1 reader compared from historical data.

condition detecting (VSCD). Every reader can perform
these six tasks, simultaneously. However, reader 1 with
reader 3 is specifically designed to calculate the
traveling time for longer distance and reader 2 with
reader 3 is focused to calculate the sectional time and
VSCD. The last item of VSCD is to detect whether the
average speed and time of urban-bus between reader 2
and reader 3 is in VSCD or not. If the speed is less than
10 km/hr, or leaving the detecting area of reader 2
within specific time without entering the region of
reader 3 is regarded as vehicle-stop. The specific time
needed of VSCD for driving an urban-bus during the
detection region of reader 2 and reader 3. If the needed
driving time is larger than this value regarded as
vehicle-stop; otherwise, the vehicle is leaving.

Index Terms RFID, ITS, TRACFFIC INFORMATION,
GPRS MODEM, READER, TAG.

I. PROBLEM STATEMENT
Using RFID tag implemented on urban-bus is one
of the research project held in the Institute of Ministry
of Transportation and Communication of Taiwan for
this fiscal year. Traditionally, the embedded loop
detector buried into road to collect traffic information is
a general method for local government to control their
traffic flows [1]. The use of RFID tag implemented on
urban-bus to collect traffic information is the first
project trial in Taipei city. Thus, the result is very
valuable for the local government to make a decision on
the adjustment of urban-bus for their future use [2]-[4].
This two-year trial project is performed by
ChungHwa Telecom Labs in the second year now on
certain section of roads to collect the traffic information
specified as Fig. 1. The target of traffic information is
included by the following factors: a) traffic flow, b) bus
ID classification, c) average speed (spot speed), d) road
occupied rate, e) traffic time, and f) vehicle stop-

Fig. 1 Certain Road’s section is implemented RFID
reader and Tag to collect traffic information
There are 108 buses are installed on two different
tags with odd number putting in the front and even
number in the back for two main bus’s companies.
Three different readers installed in certain places shown
in Fig. 1, called R1, R2, and R3, respectively. Those
readers are used to collect traffic information by
recording the tag’s information of incoming urbanbuses. The design target shown in Fig. 1 is designed to
obtain the traffic information such as traffic flow, road

- 487 -

occupancy, average speed (spot speed), vehicle ID
classification, and VSCD, etc by using RFID system and
compare its result with traditional devices such as loop
detector.

II. TRAFFIC INFORMATION SETTING
The traffic information is collected by RFID
readers. The time of TLR is defined as the time passing
the detecting zone. The time of TLT is defined as the
time passing two tags. The time of TLV is defined as
the time passing through the whole length of urban-bus
shown in Fig. 2.

Fig.3 Baseline setting and information acquired
There are two methods to measure the estimated
speed of passing vehicles. The following definitions are
using 1 tag and 2 tags with a little bit different to obtain
observed speed of vehicle. Those values can be
compared with the real value obtained from RFID
reader compared by manual method.
The relative speed calculated by one Reader two
tag (1R2t) is defined as

(t1 )

(t2 )

V1R 2t =

L
L
= T
T t3 − t1

(1a)

where LT shown in Figure2 is the length of urban-bus
passing zone of R2 at the time of T3 and T1 and the
measured velocity by urban-bus is calculated as

(t3 )

V1'R 2t =

(t4 )

LT + Δl L + Δl
=
,
t3' − t1'
T + Δt

(1b)

where Δl the measured distance error is defined as
Δl = lt + ll + le +L and Δt is the measured timing
error occurred by the sampling error on reader. The
change of length lt is defined for different tag and the

Fig. 2 Traffic Information is collected by tag’s ID and
three time intervals, TLR ( = t2 − t1 ) , TLT ( = t3 − t1 ) ,

change of communication length ll is defined as for the

and TLV ( = t4 − t1 ) .

driving paths (routes) of each urban-bus, and le is the

2.1 Baseline Setting and Information acquired
The baseline setting for acquiring the reference
speed of urban-bus is shown as Fig. 3. The following
table is used to calculate the traffic information for each
urban-bus. Manual method is used to record the vehicle
ID via the image of tape to compare its result with the
calculated formula embedded from the software of
middleware.
2.2 The definitions of measured value for the layout
of testing area
The layout of testing area is important for the
definitions of traffic information shown in Fig. 3 by
installing three cameras to capture the images of
incoming bus entering and leaving the region of R1, R2,
and R3, respectively.

change of communication zone at different temperature
conditions.
The relative speed, V2 R1，
t of two readers and one tag is
defined as

V2 R1t =

L2 R1t
L
=
,
T t1R 2 − t1R1

(2a)

where L2 R1t is the whole installed length of two readers
and the time T = t1R 2 − t1R1 is the time difference of
between two readers. The measured velocity by
microwave’s beamforming,

V2' R1，
t of urban-bus is

measured by 2 readers and 1 tag (2R1t) defined by
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V2' R1t =

L2 R1t + Δl2 R1t L2 R1t + Δl2 R1t
=
.
t1' R 2 − t1' R1
T2 R1t + Δt2 R1t

(2b)

where the measured distance error is defined as
Δl = lr + ll + le + L , where lr is the changing length
of different readers with same tag. The change of
communication length ll is defined as for the driving

le is the change of
communication zone. The timing difference of Δt2 R1t

path (route) of urban-bus, and

is defined by the duration time needed on 2R1t. The
percentage of road occupation rate on certain measured
point on R2 shown in Fig. 3 is defined as
n

OCC =

∑T
i =1

T

i

× 100 %

(3)

where the road occupation rate is defined as the total
occupied time for the 1st tag’s on bus summation from 1
to n while passing reader 2 divided by the unit time
interval of (T), i.e. 5 minutes. The travel time is
defined as the time T7 − T1 of duration of the bus

Fig. 4 (a) Static Testing Result Using RFID’s tag and
reader with different materials.

passing R1 and R3, respectively. The VSCD detecting
algorithm according to the content described in section
1 are defined and shown in Fig. 3 as follows
a) T7 − T5 > 30 sec,
(4a)

b) Vdc < 10 km / hr ,
c) (T5 − T4 ) > (S dc / 10km / hr ).

(4b)
(4c)

If those three conditions are satisfied, they are
regarded for all the same classes as VSCDs.
Fig. 4 (b) Dynamic Testing Result Using RFID’s tag
and reader with different heights and driving speeds.

III. MEASURING RESULTS FOR READER IN
STATIC AND DYNAMIC CONDITIONS
The measuring readers and tags bought from Nedap
Inc [5] needs to satisfy the regulation of industrial ISM
band by the law of NCC in Taiwan. Some of the
measured results for reader in static and dynamic
conditions are shown in Fig. 4(a) and 4(b), respectively.
The unsymmetrical waveform distribution is measured
on the top of building with different materials and is
reflected by a neighborhood higher building. The best
communication zone for urban-bus passing through
RFID’s reader is within -2m to 2m from horizontal
distance from Fig. 4 measured by using dynamic
conditional trials with car driver for trying several
different driving speeds. The tag is suggested to be
installed on the urban-bus with the same height of
reader.
The communication zone of line of sight (LOS) for
reader [5] is shown in Fig. 5. The horizontal and
vertical beams of reader with different angle are shown
in Fig. 6. The blue and yellow curves in Fig. 7 are used
to indicate the best possible communication region for
left and right regions for -100 dbm, respectively. This
figure compared with Fig. 6 is used to demonstrate the
best measured communication area with -100 dbm with
the same result as the specification shown in Fig 6.

Fig.5 The communication zone of reader
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Fig. 8 Stability test for different Reader/Tags (2R×5T).
Fig. 6 The horizontal beam of reader with different
angle

IV. DESIGN OF MIDDLEWARE USING READER AND
TAG FOR TRAFFIC INFORMATION ON URBAN-BUS
USING EPC GLOBAL WITH ALE ENGINE
The design flow of middleware for real-time
monitoring and data searching is designed with
sequential sequence shown in Fig. 9a for the whole
system. At first, the reader initialization setting should
be done for all of the readers. Then, the initialization of
the system parameters for middleware should be
finished accordingly. The tag identification (ID)
number sequence is arranged for odd in front and even
in the back while installing on the outside of urban-bus
with the same height of reader. The GPRS modem is
installed with the roadside unit inside the box of
concentrator. The information of tag sequence, reader
ID, and time stamp are filtered from the program of
work station, which received it from the base-station of
GPRS via public IP. Then, the designed software on the
middleware according to the definitions of our formula
can be shown to the website shown in Fig 9b.

Fig. 7 The communication zone for RFID reader and
tag.
The communication zone testings for same style
reader with different tags are measured in Fig.8 by 2
two readers and 5 tags. The conclusion is that if tag is
not the same, then the response time is different. But,
the communication zone is guaranteed to communicate
correctly when the urban-bus drivers drive his/her bus
stopping near the installed readers. However, it will be
introduced one of the major errors to count the spot
speed and other traffic parameters using Radio
Frequency (RF) beams.
The vehicle-stop and normal conditions are
detected by our program executed from the website of
Fig. 10 to 13 when urban-bus passes through the reader
1 to reader3, simultaneously. The detected result is
correct when one compare with the real traffic
conditions from the recorded video tape.

Fig. 9a The Design Flow of RFID Middleware.
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Table 1 (a) The traffic parameter output for one tag and
double tags on single reader (b) (a) The traffic
parameter output for one tag and double tags on double
readers.

Fig. 9b The EPC global of web management interface
with ALE engine.
The traffic parameters can be obtained via two main
folds. Mainly, one is the so called using the structure of
two tags or one tag (2t/1t). The other is using the
structure of two readers or one reader (2R/1R). Those
results may lead to different results of each sampling
speeds. The traffic parameter outputs for one tag and
double tags on single reader and double readers can be
shown in the following table 1(a) and (b), respectively.
The historical results measured by three RFID readers
are shown in Figure 11 with (a) historical event
evaluation result for every 5 minutes. The website to
show the real-time traffic information is designed to
have three major functions. Mainly, the 1st one is realtime monitoring; the 2nd item is the traffic information
of readers; the 3rd one is the section traffic information
to obtain the road occupancy, traffic flow, average
sectional speed, VSCD and abnormal status. The
sectional traffic information between R2 and R3 is to
show the abnormal and normal of VSCD in Fig. 12 and
13, respectively. The collected traffic information on
different readers (R1 to R3) is shown on Fig. 16 for
traveling time and sectional information is shown in Fig.
15, respectively.

Fig. 10 The designate website shows real-time traffic
information.

Fig. 11 The measured speed of urban-bus for its
historical event evaluates the result for every 5 minutes.
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Fig. 15 Sectional traffic information is obtained by R2 R3.
V. DATA VALIDATION AND ERROR ANALYSIS FOR
FINAL RESULTS

Fig. 12 The urban-bus is detected in the abnormal
condition of VSCD.

Fig. 13 The urban-bus is detected in the normal
condition of VSCD.

Fig. 14 Traveling time is calculated by R1-R3

The testing vehicles for urban-bus on Hsin-Yi Road
in Taipei city has been classified into two major
operating companies, Metropolitan bus and So-Do bus
with 108 urban-buses in total and running in pick hour
and off-pick hour for three major different temperature
conditions, i.e. blue sky, cloudy, and raining. The baseline setting of acquiring the reference speed is designed
by using manual record shown in Fig. 16. The 1st and
2nd pilot-run test on different temperatures were
executed on 9/14 and 10/4, with blue and cloudy skies
in 2006. The speed calculated by head/tail of tags is
recorded in Fig. 17, which is larger than expected in
head tag. However, the traffic flow can reach the 100 %
accuracy rate.
The major errors of speed estimation after
adjustment come from the following three reasons: 1)
the width of communication zone (distance error)
which is changed due to different weather conditions
shown in Fig. 18a; 2) the change of driver’s path and
the stability of RFID system; and 3) the resolution of
hardware in sampling time (timing error).

Fig. 16 Data validation method.
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It will become the resources of three major errors
when time is consuming. The last item for error
analysis is the case of different reader vs 1 tag to
measure speed: 1) tag’s response time is diminished, 2)
the effect of driver’s different paths may be cancelled, 3)
different reader vs same tag will introduce the change
of communication zone. The scenario can be drawn in
Fig. 18c.

Fig. 17 Two different testing results are shown with
100% accuracy for traffic flow.

Fig. 18c Use 2R1T to measure speed.

Fig. 18a Use 1R1T to measure speed.
The use of 1 reader with 2 tags to measure speed may
produce the following error results: 1) the different tag
response times may counter timing error, 2) different
driving paths to nullify distance errors, 3) different tag
vs. same reader may introduce the variation on the
width of communication zone shown in Fig. 18b.

Fig. 18d The resolution of hardware in sampling time
(timing error).
Finally, the resolution of hardware in sampling time
(timing error) can be formulated as the following
reasons shown in Fig. 18d. The time at the tag entering
into and leaving away the communication zone may or
may not match the resolution of hardware’s sampling
time, which it may induce the timing error on the
calculation of speed. The speed error rate can be
calculated as
Fig. 18b Use 1R2T to measure speed.
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ΔV

Δt =0 =

Fig. 18e The turning point of major errors on distance
and timing errors vs the speed error rate.
The revised speed curve for single reader vs single
tag (1R1T) was taken on a record for five different
weathers and on day and night shown in Fig. 19a.

Δl
V1
-V 2 Δt/L
-V1
=
−V1 = 1
=
.
L
Δt 1+V1Δt / L
1+V1Δt / L
+1
V1Δt

SpeedErrorRate

Δl = 0

=

1
V Δt
=
1 + L /(V Δt ) V Δt + L

(5)
The policy to compensate this kind of error is (1) to add
real-time-clock on the hardware of reader, (2) to give
the parameter of time with tc = 0.15 sec.
The revised result analysis for single tag vs single
reader is obtained by adjusting the real-time clock on
the hardware and giving the worst-case parameter
compensation for sampling time. Because the design
hardware of reader is not suitable for the purpose of
collecting traffic information, one can not adjust its
resolution as you like. Thus, the analysis of turning
point on the major errors of distance and timing errors
is very important to let the system designer to take
correct strategies to compensate for all of possible
errors. The turning point of major errors has been
obtained in Fig. 18e. One can conclude the following
rule: 1) when speed is fast, timing error becomes
dominant; 2) when speed is low, distance error becomes
dominant. For example, when L = 6 m, the distance

Fig. 19(a) Use 1T1R to measure 5 different conditions

Δl = dL = 0.1 ~ 3 m
and
timing
error Δt = dT = 0.01 ~ 0.2sec , the speed error rate
error

can be found with the following compensating rules:
(1) the speed error rate induced by measured distance
(∆L) is an increasing constant;
(2) The speed error rate induced by measured time
(∆t) is also an another increasing constant;
(3) From the intersection point of ∆L and ∆t, one can
judge which one is the major dominant factor.
For example, when the speed of urban-bus is
equal to 40 km/hr, the compensation distance is
about equal to 1~1.5 m for ∆t = 0.15 sec.
(4) If the distance error rate is larger than this range,
the compensation of speed error will become
worse. The timing error will become a dominant
factor.

Fig. 19(b) Use 2T1R to measure 5 different conditions
The revisited result can be found by our effort with five
major different conditions shown in Fig. 19(b). Thus,
our adjustment can be regarded as a better
compensation for this kind of product.

Fig.19b. The revisited result is obtained by adjusting
hardware resolution.
VI. THE VERIFICATION AND VALIDATION FOR FINAL
RESULT

In this section, there are five major traffic
information needed to be checked: traffic flow and
vehicle ID check, average speed, traveling time,
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occupied rate, and VSCD. We will discuss them in
sequence. First, the accuracies of traffic flow and
vehicle ID check can reach 100 % shown in Fig. 20.

Fig. 20 Verification & validation of traffic flow &
vehicle ID .check
The average (spot) speeds for H(ail), T(ail), 2T1R,
and 1T1R are compared in Fig. 21. We can find that 1)
2T1R is better than 1T, 2) 1T’s result is a little bit
higher than expected, 3) Head speed is larger than tail
speed, 4) The detections of different weather’s
condition are shown here without too much difference.
The traveling time check can be found with
following result: 1) Testing value is larger than
reference value, 2) The detected behaviors of
temperature variation: rain > cloudy > blue sky, shown
in Fig. 22. The error discrimination for rush hour and
leisure hour: rain > cloudy > blue sky.
The road occupied rate check is found to have
following results: Error is located within 20 %~30%.
The reason is that horizontal communication zone
change leads to the snapped sampling point, which is
not coincident with that of system shown in Fig. 23.
The VSCD check can be found to perform very good
for pick hour and off-pick hour no matter at R3 or at
R2-R3 shown in Fig. 24.

environment for test especially in the supply of
electricity. Thirdly, we would like to appreciate those
who have helped us without mentioning earlier.
Without your help, we can not complete this job.

Fig. 22 Traveling-time for pick hour and off-pick hour.
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Fig. 23 Road occupied-rate check for pick hour and offpick hour.

Fig. 24 VSCD check for pick hour or off-pick hour.
VII. CONCLUSION

Fig. 21 VSCD check for different weather conditions.
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From the historical data of website, one can calculate
the required traffic parameters including instant traffic
flow, average speed of bus, traffic flow, road occupied
rate, and the VSCD detection. If one uses 1T1R may
produce a higher speed error, then, 2T1R or 2R1T may
produce a more accurate result. The real-time clock is
needed for RFID system to have more accurate result.
Each data can be used to indicate the exact point of
traffic condition in a big city. Because the design
hardware of reader is not suitable for the purpose of
collecting traffic information, one can not adjust its
resolution as you like. Thus, the analysis of turning
point on the major errors of distance and timing errors
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is very important to let the system designer to take
correct strategies to compensate for all of possible
errors. The result shows that the application of RFID
tag and reader is an alternative way to extract the traffic
information instead of traditional loop detector. It is
suggested that the vehicle speed estimated by 2 T 1R is
more accurate than that of by using 1T1R compared
from historical data. The compensating rules of the
turning point with different measured distance and
measured timing can be regulated as following:
(1)
the speed error rate induced by measured
distance (∆L) is an increasing constant;
(2)
The speed error rate induced by measured
time (∆t) is also an another increasing
constant;
(3)
From the intersection point of ∆L and ∆t,
one can judge which one is the major
dominant factor. For example, when the
speed of urban-bus is equal to 40 km/hr, the
compensation distance is about equal to
1~1.5 m for ∆t = 0.15 sec.
(4)
If the distance error rate is larger than this
range, the compensation of speed error will
become worse.
The timing error will
become a dominant factor.
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Estimation of the mobile station velocity in microcellular systems with non-isotropic scattering
Ehsan Zandi and Ghasem Azemi
Department of Electrical Engineering,
Faculty of Engineering
Kermanshah 67149, Iran
E-mail: g.azemi@razi.ac.ir
Abstract-This paper presents a new method for estimating the
velocity of a mobile station (MS) in a typical micro-cellular
system with non-isotropic scattering. The proposed estimator uses
the zero-crossing rates of the in-phase component, and the means
of the instantaneous frequency (IF) and the absolute IF of the
received signal at the MS antenna. It is also shown that using the
above mentioned statistics of the received signal, the Rice factor
and the directivity parameter can be estimated too. Unlike the
existing velocity estimators, the proposed estimator is unbiased
when the scattering distribution is non-isotropic.

Index Terms- velocity estimation, non-isotropic
scattering, scattering distribution, Rice factor, directivity
parameter.
1.

a typical macro-cellular system, it is not generally true in a
micro-cellular system [7, p.40]. Therefore, those estimators
will be significantly biased when being used to estimate the
velocity of an MS moving in a micro-cellular environment.
This paper presents a new velocity estimator which
takes into account the scattering distribution. The proposed
estimator uses the ZCR of the in-phase component and the
statistics of the IF of the received signal to estimate the
velocity. The remainder of this paper is organized as follows:
Section 2 describes the model and statistics of the received
signal. In section 3, using the statistics derive in section 2, the
proposed estimator is presented. New estimators for the Rice
factor and directivity parameter are also given in section 3.
Section 4 concludes the paper.

INTRODUCTION

2.

Accurate estimates of the velocity of a mobile station
(MS) are necessary for effective handover and dynamic
channel assignment in cellular systems and also for designing
adaptive power control algorithms for code-division multiple
access (CDMA) systems[1, p.48],[2]. Several methods for
estimating the velocity of an MS have been presented in the
literature. These include the use of the zero-crossing rate1
(ZCR) of the in-phase or quadrature components of the
received signal [3] as well as the rate of maxima2 (ROM),
level crossing rate (LCR) [3], and the auto-covariance (COV)
of the envelope of the received signal [4]. It has been shown in
[5] that the performance of all the above mentioned
techniques, which are based on the statistics of either the
envelope or quadrature components of the received signal,
deteriorates in the presence of shadowing. In [6], an estimator
for the velocity of an MS is proposed which is based on the 1st
order moment of the instantaneous frequency (IF) of the
received signal. The proposed estimator is proven to
outperform the other estimators in the presence of shadowing.
All the aforementioned velocity estimators are derived with
the assumption that the distribution of the scattering
component is isotropic. While this assumption may be valid in

2.1.

CHARACTERISTICS OF THE RECEIVED SIGNAL

Model of the Received Signal

The received signal at the MS is assumed to follow the
model given by [3]:

y (t ) = x(t ) + (mi cos 2π f c t − mq sin 2π f c t )

(1)

where f c is the carrier frequency, m i and mq are due to the
presence of a Line of Sight (LoS) component and x (t )
represents the scatter components of the received signal. The
signal x (t ) can be written as:

x(t ) = xi (t ) cos(2π f c t ) − xq (t )sin(2π f c t )
where

xi (t ) and

(2)

xq (t ) are the in-phase and quadrature

components, respectively. For a sufficiently large number of
incoming waves ( N ≥ 6 , see[8] ), the in-phase and quadrature
components of x(t ) in (2) tend to be independent zero-mean
Gaussian processes with variance σ 2 . The envelope of the
signal y (t ) which is given by

1

The ZCR is defined as the average numbers of positive-going zero crossings
per second.
2
The ROM is defined as the average number of maxima per second.
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y (t )

=

(x i (t ) + m i )2 + (x q (t ) + m q ) 2

(3)

has a Ricean distribution [7], with Rice factor
K = (m i2 + m q2 ) /(2σ 2 ) . In the absence of an LoS component
the means m i and mq are equal to zero and the envelope is
Rayleigh distributed.
The IF of the received signal is defined as:
1 dϕ (t )
fi , y (t ) =
(4)
2π dt
where
xq (t )
ϕ (t ) = tan −1 (
).
(5)
xi (t )
The proposed velocity estimator in this paper uses the
statistics of the IF and ZCR of the quadrature components of
the received signal.
2.2. Power Spectral Density and the Spectral Moments of
the Received Signal
In [7, p.47] , the power spectral density (PSD) of the
signal x(t ) in (2) is given by:

σ2
[G(θ ) p(θ ) + G(−θ ) p(−θ )]; f − fc < f m


2
2
S X ( f ) =  2 fm − ( f − fc )

; f − fc > f m
 0

(6)
where f m is the maximum Doppler frequency shift, p(θ ) is the
scattering distribution, and G (θ ) is the gain of the MS
antenna with θ the angle of incidence of the incoming wave.
The maximum Doppler frequency shift is defined as
f m = v / λ where v is the velocity of the mobile unit and λ is
the wavelength of the received signal.
Here, the von-Mises density which has proved a suitable
tool for studying the effects of the scattering distribution in a
wireless environment [9], is used as a model for p(θ ) . This
p.d.f. is given by:
1
p (θ ) =
e χ cosθ
; χ ≥ 0, −π ≤ θ ≤ π (7)
2π I 0 ( χ )
where the parameter χ determines the directivity of the
incoming waves and I n (.) is the modified Bessel function of
the first kind of order n . It can be easily verified that for
χ = 0 the scattering distribution is isotropic ( p(θ ) = 1/ 2π ),
while for χ > 0 it is non-isotropic and as χ increases, the
incoming waves become more directive. If a vertical monopole antenna is used then G (θ ) = 3 / 2 ([10, p.218]).
With G (θ ) = 3 / 2 , using the scattering distribution given in (7)
for p(θ ) and cos θ = (f − f ) / f m ([7, p.47]), the PSD given in
(6) becomes:

f − fc

χ(
)
a0

e f m ; f − fc < f m

S X ( f ) =  2π I0 ( χ ) f m2 − ( f − fc )2

; f − fc > f m
 0

(8)
2
where a0 = 3σ / 2 . For χ = 0 the above equation reduces to
the PSD in the isotropic case given in [7, p.48].
The nth spectral moment of x(t ) in (2) is defined as [11]:

an = (2π ) n

∫

∞

0

(f − f c ) n S X (f ) df .

(9)

Using (8), after some simple algebra, it can be shown
that:

a1 = a0 (2π f m )

I1 (χ )
I 0 (χ )

(10)

 I (χ ) + I 2 (χ ) 
a2 = a0 (2π f m ) 2  0
(11)

2I 0 ( χ )


 3I ( χ ) + 4I 2 ( χ ) + I 4 ( χ ) 
a4 = a0 (2π f m ) 4  0
 (12)
8I 0 ( χ )


The statistics of the received signal derived in the next
section are functions of the spectral moments given in the
equations (10)-(12).
2.3.

Statistics of the Received Signal

In this section, using the results given in section 2.2, the
formulas for the ZCR of the in-phase/quadrature component
and the means of the IF and absolute IF of the received signal
are derived. These statistics are used in the next section to
derive a new estimator for the velocity.
Based on the results in [11], the ZCR of the inphase/quadrature component of x(t ) is derived as:

N ZCR =

1
2π

a2
.
a0

(13)

Also, using the results in [11], the mean of the IF and
absolute IF are given by:
1 a1 − K
E f i , y  =
e
(14)
2π a0

1
E  f i ,y  =

 2π

K

−
a2
K
I0( ) e 2 .
a0
2

(15)

Using the spectral moments given in (10)-(12), N ZCR ,

E f i , y  , and E  f i , y  can be represented as functions of


the Rice factor, directivity parameter and velocity. Therefore,
the equations (13)-(15) can be solved simultaneously to obtain
estimates of K , f m and χ . In the next section, we use this
fact to derive a new velocity estimator
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3.

3.1.

THE PROPOSED VELOCITY ESTIMATOR

Estimating the Rice Factor and the Directivity
Parameter

We observed in the previous section that in order to
estimate the velocity, prior estimation of K and χ are
needed. Here, it is shown how those parameters can be derived
from N ZCR , E f i , y  , and E  f i , y  .


From the equations (13) and (15) we have:
K
E  fi , y 

 = I ( K ) e− 2 .
(16)
0
N ZCR
2
Also, using the equations (13) and (14) we obtain:
E  fi , y 
I1 ( χ ) 2
=
.
(17)
−K
e N ZCR
I0 (χ ) ( I0 (χ ) + I2 (χ ) )
It follows from the equations (16) and (17) that
estimates of K and χ can be obtained by first estimating

N ZCR , E f i , y  , and E  f i , y  , and then solving those


equations numerically for K and χ 1. The Rice factor K can
alternatively be estimated using the explicit formulas for K in
terms of the moments of the envelope [12] and also in terms
of the statistics of the IF of the received signal [13].
We will observe in the next section that the bias in the
estimated velocity due to the error in the estimation of the
directivity parameter is negligible for χ ≥ 5 . Therefore, an
approximation of (17) which gives χ < 5 with a reasonable
small bias can be used. Using the curve-fitting procedure, the
right side of (17) was approximated with an exponential
function of χ and a closed form equation for χ was obtained
as follows:
e − K N ZCR
1
χ = ln
= ln − K
(18)
E  fi , y 
e N ZCR − E  fi , y 
1 − −K
e N ZCR
In order to see how good the above approximation is,
for given values of N ZCR , E f i , y  , and K , the exact and
approximated values of the directivity parameter χ are
computed using (17) and (18). The results are plotted in Fig. 1.
We observe that instead of solving (17) numerically for χ ,
equation (18) can be used. The difference between the true
value of χ and its approximation is small for χ < 5 . It is seen
that the contribution of this error in estimating a given velocity
is negligible.
1

Look-up tables can also be used to find

N ZCR , E f i , y  , and K , directivity χ is
computed from (17) and the approximated χ is computed using (18).

Fig. 1. For given values of

3.2.

Estimating the Velocity

After estimating the Rice factor and the directivity
parameter, one can use any of the equations (13)-(15) to
estimate the velocity. Here, the velocity estimator based on
N ZCR in (13) is presented. From (13) and using f m = v / λ , an
estimate of the velocity is obtained as:
2I 0 ( χ )
v = λ N ZCR
.
(19)
I 0 (χ ) + I 2 (χ )
For χ = 0 , equation (19) reduces to

viso = λ N ZCR 2
(20)
which is the ZCR-based velocity estimator with the assumption
of isotropic scattering given in [3]. In order to study the
significance of using the velocity estimator given in (19) in
the case of non-isotropic scattering v / v iso is plotted versus χ
in Fig. 2. It is seen that for χ ≥ 5 , the velocity estimator in (20)
exhibits a bias of almost 25% in estimating a given velocity.
Fig. 2 also shows that the increase in the bias of the estimator in
(20) is negligible for χ ≥ 5 . This proves that the closed form
formula for χ given in (18) which computes the directivity
parameter in the range of χ < 5 , can be used instead of (17).
In order to further illustrate this fact, for given values of
N ZCR , E f i , y  , and K assuming v = 50 Km / h , we have
used the set of equations {(16), (17), and (19)} instead of {
(16), (18), and (19)} and computed the approximated velocity
as a function of χ . The results are shown in Fig. 3. We observe
that the set of equations {(16), (18), and (19)} have found the
approximated velocity with a bias of less than 5%.

K and χ .
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4.

CONCLUSIONS

New estimators for the velocity of an MS, the Rice
factor, and the directivity parameter of the incoming waves in
a typical micro-cellular system with non-isotropic scattering
were proposed. The estimators were based on the ZCR of the
in-phase and the means of the IF of the received signal. The
proposed velocity estimator is simple but needs prior
estimation of the Rice factor and directivity parameter.

5.

Fig. 2. The effect of the non-isotropic scattering
on the velocity estimator in (20).

Fig. 3. Given

N ZCR , E  fi , y  , and K , for v = 50 Km / h ,

the approximated velocity is computed using the set of
equations {(16), (18) and (19)}
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Abstract— In this paper, we show that, for an uncoded receiver
system, the proposed least mean square (LMS) decision aided
equalizer (DAE), with, the backward step-size constant greater
than forward step-size constant, compared to classical equal-step
size design, has a lower mean square error by upto 5 dB, for
a frequency selective wireless communication channel. Classical
LMS DAE with equal step-size constants, can be considered as
perfect decision feedback system, compared to, the proposed
unequal step-size, as a imperfect decision feedback system. We
provide, Wiener DAE, considering imperfect decision feedback
information, during training mode and provide analysis for LMS
DAE with unequal step size constants.

Fig. 1. A classical DAE, r is the output information vector of transmitted
symbols x passed through a frequency selective ISI channel. Training mode,
which, performs channel estimation, uses the structure of a DAE, shown in
the figure.

I. I NTRODUCTION
Interference mitigation in a wireless communication receiver system, results in a signal to interference noise ratio
(SINR) versus bit error rate (BER) performance improvement.
Inter symbol interference (ISI) and deep fades in the channel,
increases with higher frequency selectivity, causing a corresponding increase in interference noise, reducing the BER
performance. In a receiver design, with unknown wireless
channel state information (CSI), the effects of interference
noise, degrades the SINR versus BER performance. A decision
aided estimator (DAE), is employed to reduce the input SINR
for a particular BER performance, by mitigating interference
noise [1], [2]. A classical adaptive DAE receiver [3], ‘learns’
the CSI, using least mean square (LMS) algorithm, to update
the forward and backward filter coefficients. The common
feature of classical DAE receiver is, 1) to operate in moderate
to high SINR and 2) to assume that, perfect decision feedback
information is available at the feedback filter. In a classical
LMS DAE, the equalizer structure, has always used equal stepsize constants to update the filter coefficients [4], [3], which
is, implicitly assumes ’perfect’ decision feedback information,
to converge towards steady-state mean square error (MSE).
However, unequal step-size constant LMS DAE, provides a
potential for ‘imperfect’ decision information to be included to
converge to lower MSE steady-state values. The detector in a
DAE shown in figure 1, makes perfect decisions which are fed
into the feedback filter. But, the weighing of filter coefficients
can be influenced by unequal step-size constants, which treats
the decision feedback information as ‘imperfect’. In this paper,
we show that unequal step-size constants for LMS DAE, have
the ability to vary the extent of MSE convergence behavior
towards lower steady-state values for frequency selective communication channels. The consequence of this result can be

applied to coded communication systems [5], [6], which is
not discussed in this paper. Hence, the step-size constants,
provide additional degree of freedom, per filter coefficient,
for LMS DAE. However, the question is, what are the optimal
settings of the forward and backward step-size constants (µf ,
µb respectively)? In order to understand the influence of the
step-size constants, on the MSE performance, a Wiener DAE
solution, for imperfect decision feedback information during
training mode is derived. We can then infer, the effect of
unequal step-size constants on MSE, using LMS DAE, over
an uncoded communication system. The contributions of this
paper are,
1) An LMS DAE with, the backward filter step-size (µb )
greater than forward filter step-size (µf ), provides a
reduction in steady-state MSE by upto 5 dB for an
uncoded system, in an highly frequency selective wireless communication channel (figure 3). The higher the
frequency selectivity, the greater, is the reduction in
MSE, such that, µb > µf .
2) We derive a Wiener solution, for the forward and
backward filter coefficients of a DAE receiver structure,
with imperfect channel estimate, during training mode
(equation 20 and 22), which is used to explain the
reduction of steady-state MSE for an LMS DAE, with
µb > µf .
3) The BER versus unequal step-size constants performance for an uncoded LMS DAE follows the steady
MSE behavior, for high input SINR. The figures 4., and
5., show BER optimization can be achieved by assuming
unequal-step size.
The rest of the paper is organized as follows, in section
II we discuss the system model for an uncoded wireless
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communication system. In section III, we discuss the effect
of imperfect decision feedback information, in lowering the
MSE, using classical DAE structure, during training mode.
In addition, we discuss the lowering of steady-state MSE
using classical LMS DAE, with unequal step-size constants.
In section IV we describe the simulation results obtained in
this paper. We summarize the results presented by the authors
in section V.

Substituting (4) into (3)
ε

where, r(i)l =[r(i)1 , ..., r(i)N ]T , i∈{0,L-1}, is the received
signal transpose vector, of length L, sampled at chip rate,
where N is the filter length, H is the hermitian matrix of
the wireless communication channel impulse response, x(i)is
the transmitted symbol vector and n(i)=[n(i)1 , ..., n(i)N ]T , is
the additive white gaussian noise (AWGN), with covariance
E{n(n)nH (n)} = σ 2 I. The channel response matrix is
Hl =[hl , ..., pl ], where, l is the packet index of Lp packets,
l∈{0,Lp -1}. The binary information x, is transmitted over a
radio-channel of bandwidth B, at a rate R=1/T symbols per
second. The M-tap wireless communication channel coefficients hk =[h1 , ..., hM ]T , with, unequally spaced delays (of interval τ ) convolves (?) with the transmitted signatures, to form
signatures plk =gk ?hk . As the wireless channel is unknown, the
channel response matrix at the receiver is unknown. Since, the
channel response matrix Hl , is estimated once for a packet,
we drop l in the per-packet analysis, provided in this paper.
III. C LASSICAL D ECISION A IDED E STIMATION

f(i + 1) = f(i) + µf e(i)r(i)
b(i + 1) = b(i) + µb e(i)d(i)

B. Wiener Decision Aided Estimator
During training mode, the channel response matrix H and
vector x are not distinguishable, under the assumption that, the
wireless communication channel is unknown at the receiver.
Therefore, we have chosen a novel approach to finding the
expression for Wiener coefficients during training mode. Normalizing and expanding (3), we have,
ε

=

(fH E{rrH }f − fH E{rdH }b − bH E{drH }f
−fH E{rx} − E{xrH }f + bH E{ddH }b
+bH E{dx} + E{xdH }b + 1
(7)

Assuming the following expectations, and co-variances,
R =
Rrd =
p =
Rdd =
Rdx =

where, (i), is the error in estimating the training sequence
correctly, x(i) is the i th training symbol. The principle of
MSE, averages over the entire packet, so dropping the index
i in the future reference,
ε

= E{|  |2 }
= E{| d̂ − x |2 }

E(r.rH )
E(r.dH )
E(r.x)
E(d.dH )
E(d.x)

(8)
(9)
(10)
(11)
(12)

Taking partial differential w.r.t f,b and equation to zero in order
to find MMSE filter coefficients, we have, (7), (8)
(3)

where, d̂ is the estimated symbol at the DAE, given by,
d̂ = fH r − bH d

(6)

where, µf and µb are step-size parameters for updating the
feed-forward (f) and feedback filter (b) taps respectively. The
classical solution, for LMS DAE however, uses the same stepsize constant, µb = µf [3].
However, from the update equation (6), it is not clear as
to whether the choice of the step-size ratio r, defined as
r = µµfb , has any effect on the final MSE, which leads to
the question: what are the optimal settings of µf , µb ? In
order to understand the influence of the step-size constants
on the MSE performance, we will first need to access the
Wiener solution for a DAE under the conditions that, feedback
information through the backward filter, has imperfect decision
information. Since, the choice of forward, backward filter
coefficients, is critically dependent on its adjustment, during
training sequence. We have to focus our analysis on filter
coefficient design, during training mode, as part of channel
estimation.

A. Problem statement
In considering the estimation of channel, using training
mode, the figure 1., shows two receiver system components
for channel estimation. A feed-forward filter (FFF), is fed with
received vector r, while, a feedback filter is fed with decision
information from a binary detector. The estimation error is
given by,
ˆ − x(i)
(i) = d(i)
(2)

(5)

Solving (3), we can arrive at MMSE solution, which, can be
implemented adaptively, using the LMS DAE given by,

II. W IRELESS C OMMUNICATION S YSTEM M ODEL
A communication receiver system is shown in figure 1.,
where, it is assumed that, there is no channel coding applied,
to the binary phase shift keyed (BPSK) digital information.
The channel model used in a wireless communication system,
presents an observation equation, with the complex baseband
signal,
rl (i) = Hl x(i) + nl (i)
(1)

= E{| (i) |2 }
= E{| d̂ − x |2 }
= E{| fH r − bH d − x |2 }

(4)
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∂ε
∂f
∂ε
∂b

=

2fE{rrH } − 2bE{drH } − 2E{rx}

= −2fE{rdH } + 2bE{ddH } + 2E{dx} (13)

In keeping with the principle, that we cannot discard any
information, without establishing the extent of its usefulness,
for an imperfect decision feedback DAE in training mode, we
allow the following assumptions,
0
I
0
0

1
−20

(14)

H
−fRH
rd + bRdd + rdx = 0

−(bRrd + p)R−1 Rrd + bRdd + rdx = 0
−1
Rrd + bRdd + rdx = 0
−bRrd R−1 RH
rd − pR
−1 H
b(Rdd − Rrd R Rrd ) − pR−1 Rrd + rdx = 0
(19)
pR−1 Rrd − rdx
)
Rdd − Rrd R−1 RH
rd

(20)

Substituting bopt into equation (15),
fopt = ((

pR−1 Rrd − rdx
−1
)RH
rd + p)R
Rdd − Rrd R−1 RH
rd

(21)

simplifying it further assuming Rrd R−1
rd = I, we get,
fopt =

pR−1 Rrd − rdx
−1
−1 + pR
Rdd R−1
rd − Rrd R

(22)

1) Analysis of Wiener DAE for imperfect decision feedback: The forward and backward filter coefficients derived in
(22),(20), for the case of imperfect decision information, can
be reduced to perfect decision feedback Wiener DAE results
[7], by making appropriate assumptions,
| Rrd − I |
Rdd
E(d.x)
fpopt


=
=
=

0
I
0
pR−1 Rrd

bpopt

=

fR−1

bopt

−120
0

Fig. 2.

=

0.2

0.3
0.4
0.5
0.6
0.7
Normalized Frequency (xπ rad/sample)

0.8

0.9

1

Frequency responses of different frequency selective channels.

where, fi , and bi are the filter coefficients adjustments, considering imperfect decision feedback information. Clearly, the
forward and backward filter coefficient solutions, are affected
by assuming imperfect decision feedback information, which,
have to accounted separately, when using adaptive DAE algorithm.
C. LMS Decision Aided Estimation
The MSE E[(i)2 ] is a convex function of vector f, b,
defined by (20) and (22). As stated in section III-A, training
sequence is used in practice, to tune the forward and backward
filters, using (6), which, converges channel estimation errors
using MSE principle. The classical wireless communication
channel estimate, using LMS DAE, with the forward and
backward filters adjusted using step-size µb ,µf , assumes perfect decision feedback information. In an LMS DAE, this is
reflected by setting µb =µf = µ. The adaptive coefficients,
are updated classically, according to the following principle
equations[7],
1
= fk (i) + µ[−∇f ε(i)]
2
1
bk (i + 1) = bk (i) + µ[−∇b ε(i)]
(25)
2
where, fk (i+1), and bk (i+1), are the filter coefficient at i+1
th symbol interval. ∇f ε(i) is the gradient (partial-derivative)
of an i th symbol, w.r.t f, ∇b ε(i) is the gradient of an i th
symbol, w.r.t b. Substituting (13) into (25) and simplifying, we
get the following set of update equations for the case, where,
decision feedback information into LMS DAE is perfect,

(23)

= {fpopt , fi }
{bpopt , bi }

0.1

fk (i + 1)

where, fpopt , and bpopt are Wiener filter coefficients assuming
perfect decision feedback information. So, the vector set, for
fopt given by (22), and the vector set for bopt given by (20),
in a Wiener DAE considering imperfect decision feedback
information, can be represented as,
fopt

−100

1) Proakis-B channel [8].
2) Vachula channel [9].
3) Proakis-C channel [8].

substituting, for fopt into (18), we get,

bopt = (

3
−60

−80

(15)
(16)
(17)
(18)

−40

2

Substituting the assumptions, into (13) and equating to zero
for MMSE solution, we get
fR − bRH
rd − p = 0
fopt = (bopt
−1
RH
rd + p)R

Proakis−B Channel
Vachula Channel
Proakis−C Channel

0

Magnitude (dB)

6=
6=
6
=
6
=

Rrd
Rdd
E(d.x)
E(d)

Frequency Response for a Frequency Selective Channels
20

(24)
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fk (i + 1) = fk (i) + µ[−fR + p]
bk (i + 1) = bk (i) + µ[fH Rrd − b]

(26)

Steady State Mean Square Error versus Ratio r ( = µ / µ ) at 25 dB
b

f

BER versus Step−Size ratio ( µb / µf ) at 20 dB

Steady−State MSE Proakis−C Channel at 20 dB
−5.5
Steady−State MSE at 20 dB

Comparison between Frequency Selective Channels
−4
Proakis−B Channel
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BER Performance at 20 dB

Vachula Channel
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Fig. 3. Convergence analysis against steady-state MSE plot versus ratio r
µ
(= µ b ). Results for uncoded system at 25 dB with LMS DFE for different
f
frequency selective channels. The steady-state MSE for optimum r=1 is greater
than r=10. The forward and backward filter coefficients are updated constantly
in directed mode.

fk (i + 1) = fk (i) + µf [−fR + bRH
rd + p]
H
bk (i + 1) = bk (i) + µb [fRrd − bRH
dd − rdx ]

(27)

Assuming that, υb → 0 and , is the residual MSE for estimated
symbol using LMS DAE, which, approaches zero, for large
enough training sequence,
H
fRH
rd − bRdd − rdx = υb
−1
−1
H
b = fR−1
dd Rrd − Rdd rdx − υb .I.Rdd

(28)
substituting b into the update equation for fk (i + 1),
−1
H
fk (i+1) = fk (i)+µf [−f(R−R−1
dd )+p−Rdd (rdx −υb .I)Rrd ]
(29)
H
bk (i + 1) = bk (i) + µb [fRH
(30)
rd − bRdd − rdx ]

The forward filter coefficients of (29), are updated using a stepH
size constant µ and a factor R−1
dd (rdx − υb .I)Rrd , compared to
(26). Similarly, the backward filter coefficients are updated
using step-size µ and a factor rdx . The filter coefficient
adjustments in (24), can now be justified using LMS DAE
filter coefficient update, using, unequal step-sizes.
The same principle can be extended to a continuously adapting

0

2
4
6
8
10
Step−Size constant ratio ( µb / µf )

Fig. 4. The two subplots show the correspondence of steady-state MSE and
µ
uncoded BER performance versus ratio r (= µ b ), using DAE shown in figure
f
1., for Proakis-C communication channel [8], at 20 dB (input SINR).

1) Steady-State MSE at 20 dB for Proakis-C channel [8]
2) BER versus step-size ratio r performance measure for
Proakis-C channel

1) Proakis-B steady-state MSE results [8].
2) Vachula steady-state MSE results [9].
3) Proakis-c steady-state MSE results [8].

1) Unequal step-size behavior in LMS DAE: The step-size
ratio r = µµfb , provides an additional degree of freedom for
every filter coefficient, using LMS DAE, such that, imperfect
decision feedback information into feedback filter is weighed
by a factor r = µµfb , according to MSE criteria. A different set
of update equations for LMS DAE, when imperfect decisions
(15),(18) are taken into account and substituted into (13),

−5

10

LMS DAE, where, the MSE is estimated symbol is compared
to the detected symbol d, assuming, sufficient training has
been provided during channel estimation. But, the analysis
for decision directed mode, within ‘Turbo’ receiver systems is
complicated and outside the scope of this paper.
IV.

SIMULATION RESULTS AND

A NALYSIS

We use a Vachula model used in [9], Proakis-B and ProakisC in [8] to demonstrate three results, with different channel
responses, as shown in figure 2. Although, Proakis-B channel has non-flat fade, the Vachula, Proakis-C channels have
highly frequency selective frequency responses. An uncoded
BPSK information is transmitted through a frequency selective
communication channel. The received samples (1) are fed to
feed-forward filter of the DAE, which, consists of 18 taps. The
feedback filter consists of 2 taps. All the taps are initialized to
zero values. With training data, we run the LMS algorithm
for 10,000 iterations, sufficiently long for the algorithm to
converge. With the taps thus obtained, we run the algorithm
for another 10,000 iterations in the decision directed mode. We
compute the average of (3), in the decision directed mode and
then find the ensemble average by repeating the experiment
over 200 independent trials. The final MSE thus obtained for
different values of the ratio r (= µµfb ) are shown in figure 3., for
an SINR of 25 dB. The step-size µf associated with the feedforward filter is fixed at 0.0025. Clearly, MSE behavior for
Proakis-B channel, does not exhibit, the slow exponential drop
in MSE compared to Proakis-C or Vachula channel. In a DAE,
the simulation results show that, the MSE decreases sharply
in the beginning, and later reaches a steady-state region, with
increase in µb . The results show that, the simple choice of
choosing the step-sizes to µf =µb is not optimal, and a higher
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BER versus Step−Size ratio ( µb / µf ) at 14 dB

Steady−State MSE Proakis−B Channel at 14 dB

results, by using unequal step-size constant values for an
adaptive DAE. The analysis provided here shows that, the
reduction in steady-state MSE can be explained by assuming
‘imperfect’ co-variance matrix of the detected symbols.
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Fig. 5. The two subplots show the correspondence of steady-state MSE and
µ
uncoded BER performance versus ratio r (= µ b ), using DAE shown in figure
f
1., for Proakis-B communication channel [8], at 14 dB (input SINR).

1) Steady-State MSE at 14 dB for Proakis-B channel [8]
2) BER versus step-size ratio r performance measure for
Proakis-B channel

[1] J. Cioffi, G. Dudevoir, V. Eyuboglu, and J. David Forny, “MMSE decision
feedback equalization and coding-part I: Equalization results,” IEEE
Trans. on Commun., vol. 43, no. 10, pp. 2582–2594, Oct. 1995.
[2] ——, “MMSE decision feedback equalization and coding-part II: Coding
results,” IEEE Trans. on Commun., vol. 43, no. 10, pp. 2595–2604, Oct.
1995.
[3] S. Qureshi, “Adaptive equalization,” Proceedings of the IEEE, vol. 73,
no. 9, pp. 1349 – 1387, Sept. 1985.
[4] E. E. ad David D. Falconer, “Adaptive equalization techniques for hf
channels,” vol. SAC-5, no. 2, pp. 238–247, Feb. 1987.
[5] C. Laot, “Turbo equalization: Adaptive equalization and channel decoding
jointly optimized,” IEEE J. Select. Areas Commun., vol. 9, no. 9, pp.
1744–1752, Sept. 2001.
[6] Y. Sun, T. V., and M. Honig, “Adaptive turbo reduced-rank equalization
for mimo channels,” IEEE Trans. on Commun., vol. 4, no. 6, pp. 2800–
2789, Nov. 2005.
[7] S. Haykin, Adaptive Filter Theory, 4th ed. New Jersey: Prentice Hall,
2002.
[8] J. Proakis, Digital Communications, 4th ed. New York: McGraw-Hill,
2000.
[9] M. V. George and F. S. H. Jr., “On Optimal detection of band-limited PAM
signals with excess band-width,” IEEE Trans. on Commun., vol. 29, pp.
886–890, June 1981.

value of µb compared to µf results in more than 1.5 dB gain
in terms of MSE for a frequency selective channel. It can be
said that, the MSE for a frequency selective channel does not
have a correspondence BER results, especially at low SINR.
The reason for a higher steady-state MSE at r=0 is not difficult
to understand, as in this case, only the feed-forward filter
is active and it is just a linear equalizer. For the channel
considered above, linear equalizers produce excessive noise
enhancement [8]. As r is increased the FBF starts playing
its role and the combination of feed-forward and feedback
filter functions as a DAE. Since, DAE has the potential to
compensate for amplitude distortion without providing noise
enhancement, we get lower steady-state MSE. However, even
at r = 1, the feed-forward and feedback filter do not combine
in an optimal manner, to minimize the steady-state MSE. In
our example, a higher value of r pushes the combination of
feed-forward and feedback filter towards the optimal, and feedforward filter tends to be a whitening matched filter [3].
The figures 4., 5., show the BER performance results versus
the ratio r (= µµfb ) for Proakis-C and Proakis-B frequency
selective channel. The figures have been shown separately,
to clearly point the correspondence between MSE and BER
results. There optimizing the BER results based on steadystate MSE results, at high SINR. Different input SINR’s have
been used to obtain the results for Proakis-C and Proakis-B
channel, due to practical issues in generating BER results at
high SINR.
V. C ONCLUSION
The steady-state MSE results follow the BER performance
results at high SINR for an LMS DAE. The simulation results have demonstrated the optimization in BER performance
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Abstract-This paper presents a new method for estimating the
velocity of a mobile station (MS) in a typical micro-cellular
system with non-isotropic scattering. The proposed estimator uses
the zero-crossing rates of the in-phase component, and the means
of the instantaneous frequency (IF) and the absolute IF of the
received signal at the MS antenna. It is also shown that using the
above mentioned statistics of the received signal, the Rice factor
and the directivity parameter can be estimated too. Unlike the
existing velocity estimators, the proposed estimator is unbiased
when the scattering distribution is non-isotropic.

Index Terms- velocity estimation, non-isotropic
scattering, scattering distribution, Rice factor, directivity
parameter.
1.

a typical macro-cellular system, it is not generally true in a
micro-cellular system [7, p.40]. Therefore, those estimators
will be significantly biased when being used to estimate the
velocity of an MS moving in a micro-cellular environment.
This paper presents a new velocity estimator which
takes into account the scattering distribution. The proposed
estimator uses the ZCR of the in-phase component and the
statistics of the IF of the received signal to estimate the
velocity. The remainder of this paper is organized as follows:
Section 2 describes the model and statistics of the received
signal. In section 3, using the statistics derive in section 2, the
proposed estimator is presented. New estimators for the Rice
factor and directivity parameter are also given in section 3.
Section 4 concludes the paper.

INTRODUCTION

2.

Accurate estimates of the velocity of a mobile station
(MS) are necessary for effective handover and dynamic
channel assignment in cellular systems and also for designing
adaptive power control algorithms for code-division multiple
access (CDMA) systems[1, p.48],[2]. Several methods for
estimating the velocity of an MS have been presented in the
literature. These include the use of the zero-crossing rate1
(ZCR) of the in-phase or quadrature components of the
received signal [3] as well as the rate of maxima2 (ROM),
level crossing rate (LCR) [3], and the auto-covariance (COV)
of the envelope of the received signal [4]. It has been shown in
[5] that the performance of all the above mentioned
techniques, which are based on the statistics of either the
envelope or quadrature components of the received signal,
deteriorates in the presence of shadowing. In [6], an estimator
for the velocity of an MS is proposed which is based on the 1st
order moment of the instantaneous frequency (IF) of the
received signal. The proposed estimator is proven to
outperform the other estimators in the presence of shadowing.
All the aforementioned velocity estimators are derived with
the assumption that the distribution of the scattering
component is isotropic. While this assumption may be valid in

2.1.

CHARACTERISTICS OF THE RECEIVED SIGNAL

Model of the Received Signal

The received signal at the MS is assumed to follow the
model given by [3]:

y (t ) = x(t ) + (mi cos 2π f c t − mq sin 2π f c t )

(1)

where f c is the carrier frequency, m i and mq are due to the
presence of a Line of Sight (LoS) component and x (t )
represents the scatter components of the received signal. The
signal x (t ) can be written as:

x(t ) = xi (t ) cos(2π f c t ) − xq (t )sin(2π f c t )
where

xi (t ) and

(2)

xq (t ) are the in-phase and quadrature

components, respectively. For a sufficiently large number of
incoming waves ( N ≥ 6 , see[8] ), the in-phase and quadrature
components of x(t ) in (2) tend to be independent zero-mean
Gaussian processes with variance σ 2 . The envelope of the
signal y (t ) which is given by

1

The ZCR is defined as the average numbers of positive-going zero crossings
per second.
2
The ROM is defined as the average number of maxima per second.
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y (t )

=

(x i (t ) + m i )2 + (x q (t ) + m q ) 2

(3)

has a Ricean distribution [7], with Rice factor
K = (m i2 + m q2 ) /(2σ 2 ) . In the absence of an LoS component
the means m i and mq are equal to zero and the envelope is
Rayleigh distributed.
The IF of the received signal is defined as:
1 dϕ (t )
fi , y (t ) =
(4)
2π dt
where
xq (t )
ϕ (t ) = tan −1 (
).
(5)
xi (t )
The proposed velocity estimator in this paper uses the
statistics of the IF and ZCR of the quadrature components of
the received signal.
2.2. Power Spectral Density and the Spectral Moments of
the Received Signal
In [7, p.47] , the power spectral density (PSD) of the
signal x(t ) in (2) is given by:

σ2
[G(θ ) p(θ ) + G(−θ ) p(−θ )]; f − fc < f m


2
2
S X ( f ) =  2 fm − ( f − fc )

; f − fc > f m
 0

(6)
where f m is the maximum Doppler frequency shift, p(θ ) is the
scattering distribution, and G (θ ) is the gain of the MS
antenna with θ the angle of incidence of the incoming wave.
The maximum Doppler frequency shift is defined as
f m = v / λ where v is the velocity of the mobile unit and λ is
the wavelength of the received signal.
Here, the von-Mises density which has proved a suitable
tool for studying the effects of the scattering distribution in a
wireless environment [9], is used as a model for p(θ ) . This
p.d.f. is given by:
1
p (θ ) =
e χ cosθ
; χ ≥ 0, −π ≤ θ ≤ π (7)
2π I 0 ( χ )
where the parameter χ determines the directivity of the
incoming waves and I n (.) is the modified Bessel function of
the first kind of order n . It can be easily verified that for
χ = 0 the scattering distribution is isotropic ( p(θ ) = 1/ 2π ),
while for χ > 0 it is non-isotropic and as χ increases, the
incoming waves become more directive. If a vertical monopole antenna is used then G (θ ) = 3 / 2 ([10, p.218]).
With G (θ ) = 3 / 2 , using the scattering distribution given in (7)
for p(θ ) and cos θ = (f − f ) / f m ([7, p.47]), the PSD given in
(6) becomes:

f − fc

χ(
)
a0

e f m ; f − fc < f m

S X ( f ) =  2π I0 ( χ ) f m2 − ( f − fc )2

; f − fc > f m
 0

(8)
2
where a0 = 3σ / 2 . For χ = 0 the above equation reduces to
the PSD in the isotropic case given in [7, p.48].
The nth spectral moment of x(t ) in (2) is defined as [11]:

an = (2π ) n

∫

∞

0

(f − f c ) n S X (f ) df .

(9)

Using (8), after some simple algebra, it can be shown
that:

a1 = a0 (2π f m )

I1 (χ )
I 0 (χ )

(10)

 I (χ ) + I 2 (χ ) 
a2 = a0 (2π f m ) 2  0
(11)

2I 0 ( χ )


 3I ( χ ) + 4I 2 ( χ ) + I 4 ( χ ) 
a4 = a0 (2π f m ) 4  0
 (12)
8I 0 ( χ )


The statistics of the received signal derived in the next
section are functions of the spectral moments given in the
equations (10)-(12).
2.3.

Statistics of the Received Signal

In this section, using the results given in section 2.2, the
formulas for the ZCR of the in-phase/quadrature component
and the means of the IF and absolute IF of the received signal
are derived. These statistics are used in the next section to
derive a new estimator for the velocity.
Based on the results in [11], the ZCR of the inphase/quadrature component of x(t ) is derived as:

N ZCR =

1
2π

a2
.
a0

(13)

Also, using the results in [11], the mean of the IF and
absolute IF are given by:
1 a1 − K
E f i , y  =
e
(14)
2π a0

1
E  f i ,y  =

 2π

K

−
a2
K
I0( ) e 2 .
a0
2

(15)

Using the spectral moments given in (10)-(12), N ZCR ,

E f i , y  , and E  f i , y  can be represented as functions of


the Rice factor, directivity parameter and velocity. Therefore,
the equations (13)-(15) can be solved simultaneously to obtain
estimates of K , f m and χ . In the next section, we use this
fact to derive a new velocity estimator
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3.

3.1.

THE PROPOSED VELOCITY ESTIMATOR

Estimating the Rice Factor and the Directivity
Parameter

We observed in the previous section that in order to
estimate the velocity, prior estimation of K and χ are
needed. Here, it is shown how those parameters can be derived
from N ZCR , E f i , y  , and E  f i , y  .


From the equations (13) and (15) we have:
K
E  fi , y 

 = I ( K ) e− 2 .
(16)
0
N ZCR
2
Also, using the equations (13) and (14) we obtain:
E  fi , y 
I1 ( χ ) 2
=
.
(17)
−K
e N ZCR
I0 (χ ) ( I0 (χ ) + I2 (χ ) )
It follows from the equations (16) and (17) that
estimates of K and χ can be obtained by first estimating

N ZCR , E f i , y  , and E  f i , y  , and then solving those


equations numerically for K and χ 1. The Rice factor K can
alternatively be estimated using the explicit formulas for K in
terms of the moments of the envelope [12] and also in terms
of the statistics of the IF of the received signal [13].
We will observe in the next section that the bias in the
estimated velocity due to the error in the estimation of the
directivity parameter is negligible for χ ≥ 5 . Therefore, an
approximation of (17) which gives χ < 5 with a reasonable
small bias can be used. Using the curve-fitting procedure, the
right side of (17) was approximated with an exponential
function of χ and a closed form equation for χ was obtained
as follows:
e − K N ZCR
1
χ = ln
= ln − K
(18)
E  fi , y 
e N ZCR − E  fi , y 
1 − −K
e N ZCR
In order to see how good the above approximation is,
for given values of N ZCR , E f i , y  , and K , the exact and
approximated values of the directivity parameter χ are
computed using (17) and (18). The results are plotted in Fig. 1.
We observe that instead of solving (17) numerically for χ ,
equation (18) can be used. The difference between the true
value of χ and its approximation is small for χ < 5 . It is seen
that the contribution of this error in estimating a given velocity
is negligible.
1

Look-up tables can also be used to find

N ZCR , E f i , y  , and K , directivity χ is
computed from (17) and the approximated χ is computed using (18).

Fig. 1. For given values of

3.2.

Estimating the Velocity

After estimating the Rice factor and the directivity
parameter, one can use any of the equations (13)-(15) to
estimate the velocity. Here, the velocity estimator based on
N ZCR in (13) is presented. From (13) and using f m = v / λ , an
estimate of the velocity is obtained as:
2I 0 ( χ )
v = λ N ZCR
.
(19)
I 0 (χ ) + I 2 (χ )
For χ = 0 , equation (19) reduces to

viso = λ N ZCR 2
(20)
which is the ZCR-based velocity estimator with the assumption
of isotropic scattering given in [3]. In order to study the
significance of using the velocity estimator given in (19) in
the case of non-isotropic scattering v / v iso is plotted versus χ
in Fig. 2. It is seen that for χ ≥ 5 , the velocity estimator in (20)
exhibits a bias of almost 25% in estimating a given velocity.
Fig. 2 also shows that the increase in the bias of the estimator in
(20) is negligible for χ ≥ 5 . This proves that the closed form
formula for χ given in (18) which computes the directivity
parameter in the range of χ < 5 , can be used instead of (17).
In order to further illustrate this fact, for given values of
N ZCR , E f i , y  , and K assuming v = 50 Km / h , we have
used the set of equations {(16), (17), and (19)} instead of {
(16), (18), and (19)} and computed the approximated velocity
as a function of χ . The results are shown in Fig. 3. We observe
that the set of equations {(16), (18), and (19)} have found the
approximated velocity with a bias of less than 5%.

K and χ .
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4.

CONCLUSIONS

New estimators for the velocity of an MS, the Rice
factor, and the directivity parameter of the incoming waves in
a typical micro-cellular system with non-isotropic scattering
were proposed. The estimators were based on the ZCR of the
in-phase and the means of the IF of the received signal. The
proposed velocity estimator is simple but needs prior
estimation of the Rice factor and directivity parameter.

5.

Fig. 2. The effect of the non-isotropic scattering
on the velocity estimator in (20).

Fig. 3. Given

N ZCR , E  fi , y  , and K , for v = 50 Km / h ,

the approximated velocity is computed using the set of
equations {(16), (18) and (19)}
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Abstract—Ben Clacy and Brian Jennings presented their
recently published paper with the title of “service management:
driving the future of IT” [1], which highlighted service oriented
is very important. How is the situation of RFID systems? There
is a proliferation of RFID systems – tags, sensors, readers,
middleware and applications - each attempting to solve a specific
business need. RFID technology can be found embedded in
almost everything from razor blade packages, clothing and books
to prescription medicines to parts of an aircraft, indeed it forms a
new area titled silent-commerce (s-Commerce). Despite the
pervasive nature of RFID, surveys have consistently shown a lack
of RFID awareness, an overall lack of understanding and general
confusion about what it actually is, its capabilities and
limitations. This is due in part to a lack of a comprehensive,
principles-based and systematic RFID classification scheme.
This paper makes its contribution that first proposes taxonomy
of currently available RFID technology and systems. The
taxonomy is based on a sound service-oriented RFID architecture
framework.
It can be used by both novices and RFID
practitioners to gain an understanding of the “next big thing”
technology, the architectural considerations for designing and
implementing a successful RFID system. Moreover, RFID
researchers will also benefit from this taxonomy.
Index Terms— RFID, taxonomy, service-oriented, architecture
framework.

I. Introduction
Recently Clacy and Jennungs published a paper titled,
“Service management: driving the future of IT” [1], which
shows that “moving into 2007 and beyond, it is evident that IT
service management (ITSM) adoption will continue to grow,
and that its visibility is increasing within all types of
organizations.” How to look after service management in
RFID systems? Obviously, the first thing needs to do is to
have “a service oriented RFID taxonomy,” which drives this
paper. In fact, RFID is not new. The foundation was laid
many decades ago. In fact the birth of RFID happened when
Harry Stockman published his landmark paper titled
“Communications by Means of Reflected Power” Proceedings
of the IRE, pp 1196-1204, October 1948. A lot of progress
has been made in the 58 years since Harry Stockman’s work.
However, RFID has been gaining momentum only in the last
few years thanks to initiatives both by the US DoD and by
private-sector retailer giant Wal-Mart in the US in mandating

RFID requirements in their business dealings with suppliers
and service providers. Today, RFID technology comes in a
myriad of forms enabling an ever-expanding range of practical
applications to transform business operations all over the
world. RFID technology can be found embedded in almost
everything from razor blade packages, clothing and books to
prescription medicines to parts of an aircraft. It has the
capability to help track inventory, prevent counterfeiting (of
money, drugs ...) and even fight terrorism. Despite the
pervasive nature of RFID, surveys have consistently shown a
lack of RFID awareness, an overall lack of understanding and
general confusion about what it actually is, its capabilities and
limitations. This is due in part to a lack of a comprehensive,
principles-based and systematic RFID classification scheme.
There is a need for a systematic, comprehensive and robust
classification scheme to enhance the understanding of this
revolutionary technology. Hassan and Chatterjee [2] and
other person [4] provided a useful and systematic
classification of RFID systems. The classification scheme was
based on some broad business principles such as “make it
easier to navigate” through the large volume of knowledge on
the subject, “to get an overview of which components of the
technology can be researched on”, etc. It did not seem to be
based on any robust scheme or framework. Furthermore,
security was not extensively covered, mainly in the Data
section only [3], [5], [6]. This work will improve the previous
scheme in a number of ways. Firstly, it is founded on a robust
and practical service-oriented RFID architecture framework
that blends the traditional OSI layers and the service-oriented
enterprise architecture components. Due to the paper length
limitations, we are unable to provide more details to each
subcategory and their inter-dependencies in the taxonomy.
Instead we tried to present as much information as appropriate
in the more critical subtopics of our taxonomy. The structure
of the paper is as follow. In section 2, the service-oriented
RFID architecture framework is presented and followed by
our taxonomy in section 3. Section 4 checks the applicability
of the taxonomy by examining sample real-world cases.
Section 4 concludes our paper.
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II. Service-oriented RFID architecture framework
A. Definitions
Before diving into the framework itself, it would be useful
to define what we mean by terms such as service-oriented and
architecture framework in the context of this paper.
Firstly, what is a service? There are many definitions,
statements about what it is. Hao He [9] offers one of the
simplest definitions: “A service is a unit of work done by a
service provider to achieve desired end results for a service
consumer”. It embodies the technical implementation of a
logical unit of work with a well-defined interface that can be
activated by another service, for example, software service,
data service, etc.
Service-oriented refers to a concept and an approach to
distributed computing and communication that think of
computing and communication resources as services available
on an information and communication technology (ICT)
infrastructure.
What is architecture framework? It is basically a tool for
thinking about the information that needs to be captured about
an enterprise, to understand how everything interrelates, and
to enable the building of information systems that effectively
support the business. Examples of well-known architecture
frameworks include Zachman and TOGAF frameworks.
B. Framework overview
A full treatment of the framework is beyond the scope of this
paper. Only a brief discussion is offered to aid the
understanding of the taxonomy that is the focus in the main
sections.
Successful RFID system implementation is more than just
technology and interconnections that can traditionally be
satisfied by the use of the 7-layer OSI model. RFID systems
are implemented to meet enterprise business needs. To help
ensure business – RFID service alignment, a holistic
enterprise architecture approach is required. The blending of
RFID OSI layer model and enterprise architecture layer
concept is quite novel. The framework is shown in Figure 1.
Governance

Standards

Integration

Security

Stakeholders

Application

Communication

Service Management

Businese

Physical

Fig. 1. Service-Oriented RFID Architecture Framework
The hybrid framework recognizes the engineering and
computer communications “root” of the RFID technology as
well as the enterprise architecture and service-oriented

approach necessitated by the business transformation potential
RFID will bring to many enterprises.
The benefits of such a framework include:
o bringing the engineers, IT and business groups
together
o enhancing the collaboration between these groups
o enterprise-wide (or extended enterprise-wide)
focus rather than silo focus
o encouraging an open rather proprietary approach
o assisting customers to evaluate RFID vendors’
offerings in a systematic and comprehensive
manner
o interoperability between differe3nt RFID
technologies and systems
Physical Service Layer
It is equivalent to the Physical layer in the TCP/IP
architecture model and comprises of readers, antennas,
passive, semi-active, active RFID tags, sensors, motes, etc.
Communication Service Layer
This layer provides the equivalent functions of the Data
Link, Network and Transport layers of the TCP/IP
architecture model. These include reader networking both
wired and wireless. It also handles the communication link
and the RF coupling between an Interrogator (Reader) and
Transponder (Tag), the Media Access Control (MAC).
Integration Service Layer
This is a new layer that is created for RFID to efficiently
handle a huge volume of raw RFID data in real-time. It also
provides a means to integrate the back-end enterprise
applications with the RFID infrastructure. It is a serviceoriented integration layer that will become an important
ingredient of the extended enterprise RFID business solutions.
In other words, it has the ability to act as a B2B hub for
transactions between business partners in the supply chain.
Application Service Layer
This layer consists of various “back-end” enterprise
applications that support the business including RFID
applications. These back-end enterprise applications that
require information from RFID systems include, but are not
limited to, Enterprise Resource Planning (ERP), Supply Chain
Management (SCM) and Customer Relationship Management
(CRM), and so on.
Business Service Layer
RFID has the capacity to enable business transformation.
To benefit from the implementation of RFID technology, it is
often necessary for the enterprise to re-engineer its business
processes. This layer deals with enterprise business services,
business goals and objectives, business processes, business
functions and organizational structure, and so on.
Security Service Layer
Security is one of the most important components of any
architecture model in general and in any RFID system
implementation in particular. It straddles across all horizontal
layers. Having security as a separate component in the
framework it will help focus on security service component
early and throughout the project. As it touches all layers, it
also encourages a holistic, end-to-end and multi-layer defense
mechanisms (defense in depth).
Standards Service Layer
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Standards are critical for many RFID applications (or any
application for that matter) especially in open supply chains
extending across many enterprises (extended enterprise). This
layer contains the enterprise’s list of preferred standards that it
has selected. Adopting approved open international standards
will enhance interoperability and reduce costs substantially in
the long run.
Service Management Layer
This layer focuses on delivering and managing RFID
systems as a service. This notion of an RFID service can be
viewed both internally and externally. A typical RFID system
implementation consists of a wide range of devices,
supporting infrastructures, applications, etc. They need to be
managed to ensure service levels are met. For example, there
is a need to remotely monitor, configure and update firmware
and software of deployed assets such as readers, antennas,
servers, etc. Best service management practices such as ITIL,
COBIT are recommended. Increasingly in the service-oriented
world, business process management (BPM) becomes critical
especially in an extended supply chain RFID operation.
Stakeholders Service Layer
Identifying stakeholders and understanding their needs are
critical in the development of a service-oriented architecture.
In the context of RFID system architecture, there exists a
multitude of stakeholders, some of them are obvious, and
some are not. They can be our trading or business partners,
consumers, our own workers, and so on. Each has its own
influence on our architecture.
At the policy level whether it be at the national, regional or
international levels, stakeholders consultation and
participation are critical. A recent example of this approach is
that a stakeholder group will be formed to advise the
Commission on the development of its RFID policy [13].
Governance
It is a subset of the corporate governance and includes but
does not limit to structure (business and technical committees,
steering committees, etc.), processes, rules and procedures. It
also involves governance at national, regional and
international levels – competition, standards, collaboration,
intellectual property (IP) rights, international trade,
environment, ethics (RFID implants, labor practices ...), etc.
This component is often overlooked or given a scantily
attention.

III. A Service-Oriented RFID Taxonomy

3.1

Definition

The on-line Compact Oxford English Dictionary defines
taxonomy as “a scheme of classification”. Another definition
is from Webopedia website “The science of categorization, or
classification, of things based on a predetermined system”
[15].

3.2 Automatic Identification and Data Capture (AIDC)
and RFID – The Big Picture
The revolutionary RFID is a member of a broad family of
AIDC technology as shown in Figure 1. AIDC technologies
are used to help machines identify and gather data on humans,
animals or objects without human intervention or manual data
entry.
Bar
Code

RFID

OCR
AIDC

Smart
Cards

Biom
etrics

Fig 2: The Family of Automatic Identification and Data
Capture Technologies
3.3

Top View

The top tier of the RFID hierarchy is shown in Figure 3.
Standards

Physical

Security
Service Management
Stakeholders

Communications

RFID

Application/Service
Integration Service

Fig 3: Top Tier
It is note that the governance and business service layers
are not included in the taxonomy. It is thought that although
RFID systems are very important in the enterprise business
model, they might not be the core business for the majority of
these enterprises.
For example, RFID technology is
implemented basically to help Wal-Mart and others to
improve their core business bottom line.
It is also debatable whether Stakeholders should be
included in the RFID taxonomy. If we want to take a serviceoriented enterprise architecture approach to enhance the
success of the RFID implementation, it is fundamental that we
engage or at least consider our stakeholders right at the
beginning. Enterprises that neglect this important enterprise
architecture component do it to their detriment.[Ref Wal-Mart
and Benetton abortive trials]
We first describe the core RFID OSI layer categories
namely the Application, Integration, Communication and
Physical Service layers.
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3.4

There are currently no internationally agreed frequencies
for RFID operations other than the 13.56 MHz frequency.

Application /Service

Application/Service can be expanded as shown in Fig 4.
Currently there is a myriad of interesting applications
involving RFID technology in many sectors of our society
including private organizations in retailing, manufacturing
industry, etc. to government department in law enforcement,
health, defense, etc. New innovative applications appear
almost every day. There are many ways RFID is invading our
daily lives [10] future application categories that we would
not even dare to contemplate today
3.5

Integration Service

Integration service is shown in Fig.5.
3.6

Communication Service

For the communication service we can present the diagram as
shown in Fig. 6.
3.7

Security Service

Security and Privacy are not the same but related. Both need
to be handled with utmost care especially the privacy. There
are a lot of real concerns out there not just from the so-called
“radical” groups calling for the blanket boycott of RFID
technology but also from the seasoned practitioners.
Consumer backlash led by CASPIAN forced the major
European clothes manufacturer Benetton to back away from a
RFID trial [11] in 2003. Similar protest against US retail giant
Wal-Mart under the banner “Listen up, Wal-Mart: “No
spychips!” occurred in 2005.
Privacy is a concept in disarray. Nobody can articulate
what it means. So Solove [15] has developed a comprehensive
taxonomy of privacy covering information collection,
processing and dissemination and invasion. Not all of the
subcategories are directly applicable to RFID privacy.

Physical Service

Form factor includes the packaging a tag can be put in. These
include thermal transfer labels, plastic cards, key fobs and so
on. It is a key factor for the usability of the tag.
3.8

3.9

Standards Service

Standards are critical for the successful implementation of an
RFID system in the long term. There is a temptation to
architect a non-standard or proprietary system in a closed-loop
configuration for which there is no need to share the data with
any external entities. Such a practice may succeed in the short
term, the risks are high in the long term, particularly when the
need to share data with external entities, e.g. trading partners
arises. Adopting approved and open standards enhance
interoperability and reduce costs substantially.
RFID standards development works are generally
undertaken at an international level. The main organizations
include ISO, IEC, EPC Global and ITU-T. There is much
some confusion when EPC Global published its own RFID
Air Interface protocol while ISO 1800-6 existed. Regional
organizations such as ETSI, EAN and national bodies such as
ANSI in the US and Japan’s Ubiquitous ID Center also
develop a number of standards. China has the world’s largest
potential RFID market. Its political leaders view the setting of
RFID standards as critical to its economic strategy [7]. The
People’s Daily Online [8] recently reported that more than 70
members of China’s top political advisory body backed a
proposal to revive a mandatory home-grown standard for
radio tag technology. It further added that the move could
create a new rift between the United States and China over
technology standards.

3.10 Service Management
It is traditionally often considered as an after thought after
systems have been implemented. RFID is no exception. Good
RFID service management tool is almost non-existent.
However, there are vendors and standards bodies who have
been actively involved in providing solutions to address
service management issues.
An RFID protocol standard that is intended to address
reader and RFID system management is being developed by
ISO. It is provisionally titled RFID System Management
protocol.
There is a small number of start-ups [14] and longestablished technology providers (e.g. Cisco, IBM, Sun) who
start offering devices and software to manage the RFID
infrastructure to facilitate the delivery of a vast amount of data
from the readers to business applications.
3.11 Stakeholders
No technology can be successfully implemented without the
broad acceptance by its users, whether they be individual
consumers, industries or workers.

IV. Conclusion
We have presented in the paper a comprehensive RFID
taxonomy complete with an exhaustive tree node diagram that
is visually easy to follow. The classification scheme is
represented by the tree branches in the diagram. It is based on
a sound RFID architecture framework that “integrates” the
conventional and familiar Open System Interconnections
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(OSI) layers in the centre with the best-practice enterprise
architecture components.
This taxonomy includes most of the current known RFID
technology implementations. However, it is a “living”
document hence continues to evolve as the technology
evolves, new usage being created and new issues being
discovered. Moreover, it will require more “field testing”,
iterations and fine-tuning before it can be accepted as the
definitive RFID classification scheme.
The need for an RFID taxonomy stems from the fact that
RFID is not just about technology with tags and readers, it is
much more complex and encompassing business processes,
technology and people. Therefore, an enterprise architecture

approach to RFID system planning and development is
required. There also exists a wide variety of currently
available RFID systems. Moreover RFID technology has
become so pervasive and “mutated” into other forms such as
in Ubiquitous Sensor Networks (USNs), Mobile Ad-hoc
Networks (MANETs). It is also “meld” into personal devices
such as PDAs and smart phones. Therefore a systematic
organisation of a source of information on RFID technology
and systems based on a sound service-oriented framework
would be appreciated by novices, enthusiasts, practitioners
and academics alike.
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Fig. 4: Diagram for Application /Service
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Fig. 11: Diagram for Service-Oriented RFID Taxonomy
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Time-Reversal: Spatio-temporal focusing and its
dependence on channel correlation
Persefoni Kyritsi, and George Papanicolaou

Abstract— We study a wireless communications system that applies time reversal to transmit the desired signal, so that it focuses
spatially and compresses temporally on the intended receiver. Our
theoretical calculations relate the achievable temporal and spatial
compression to the channel propagation characteristics and the
number of transmit antennas. We illustrate our theoretical
results with parameters taken from the IEEE 802.11n channel
model. The results verify the intuition that temporal and spatial
focusing depend strongly on the delay spread and the angular
characteristics of the channel.
Index Terms— Wireless communications, time reversal, delay
spread, spatial focusing.

I. I NTRODUCTION

T

IME reversal (TR) is a method to focus spatially and
compress temporally broadband signals through a richly
scattering environment [1], [2]. It involves two stages. In
the first stage (channel estimation stage), a source emits a
short pilot signal. This signal propagates in a richly scattering
medium. Its response is recorded by each element of an
array that will act as a transmitter in the data transmission
stage. The duration of each of these recorded signals is
significantly longer than the initial pilot pulse due to multiple
scattering. The second stage is the actual data transmission.
In this stage, all the elements of the transmitter array send
the same data stream, and each one filters the signal to be
transmitted through a time-reversal filter, i.e. a filter that has a
form similar to the signal recorded at that particular element
during the channel estimation stage, reversed in time (the first
portion recorded becomes the last portion transmitted). These
transmitted signals focus sharply in space and compress tightly
in time at the source location. Moreover, they do so robustly.
Extensive laboratory TR experiments have shown this spatial focus and temporal compression across a broad range of
settings in ultrasound experiments (see [3] and references contained therein). In each of these experiments, spatial focusing
and temporal compression occur robustly.
Much research activity has been dedicated to using TR for
multiple-input/single-output (MISO) underwater communication systems. In fact, several experiments in the ocean have
demonstrated MISO-TR communications to be feasible [4]–
[8].
Manuscript Draft: October 15, 2007
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CA (email: persa@es.aau.dk)
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Recently, there has been an effort to apply the principle
of TR to electromagnetic waves at radio frequencies. The
first experimental demonstration showed that indeed it is
possible to achieve temporal compression of wideband signals
that are transmitted over the radio channel [9]. A different
experiment illustrated the spatial focusing properties of TR
for electromagnetic waves using a narrowband system [10].
The post-processing of wideband fixed wireless access channel
measurements showed that it is indeed possible to reduce the
delay spread of the channel, by using conventional TR or
advanced weighting schemes [11], [12]. The same result was
shown in a more conventional cellular environment in [13],
[14].
Temporal focusing is a desired property because it provides
a method to reduce intersymbol interference (ISI). Commonly
such an issue is addressed by increasing the receiver complexity using advanced equalization or multi-carrier schemes
(e.g. OFDM). However, applications such as sensor networks
require that the receiver complexity is limited, and the receiver
can only perform symbol-by-symbol detection. Such an application would benefit from schemes that lower the ISI.
Spatial focusing on the intended receiver is also a desirable
property because it indicates that the communications system
has a low probability of intercept (LPI) by another receiver
located nearby [15].
Statistical robustness is also a desirable property because it
indicates that the spatial and temporal focusing properties are
observed consistently over the fading statistics of the channel.
In this paper we study the advantages gained by MISOTR communication in terms of temporal and spatial focusing
and relate them to the channel propagation properties and the
system size, under the following assumptions:
•
•

The elements of the transmitting array have perfect Channel State Information (CSI),
The channel is static, i.e. it is the same during both stages
of the TR process, as would be consistent with block
fading models.

We do not show the statistical robustness of these properties.
For our channel parametrization, we use the IEEE 802.11n
channel model that is applicable for systems with bandwidth
up to 100 MHz around either 2.5 or 5 GHz. We illustrate the
theoretical results and demonstrate that the key parameters
are the delay spread (DS) [16] and the angular spread of
the channel. Moreover, we show that the implementation of
a MISO-TR system results in low signal levels around the
intended receiver. For example, our results show that at a
distance of one wavelength away from the intended receiver,
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2

the received power is lower than the power on the intended
receiver by 10dB.
The remainder of this paper is organized as follows. In
Section II we discuss a TR system. In Section III we discuss
the channel model that is used for our simulations. In Section
IV we show the theoretical results that govern temporal and
spatial focusing. Section V illustrates the theoretical results
and the effect of the various parameters that affect spatial/
temporal focusing using numerical calculations. The conclusions are summarized in Section VII.

2) Data transmission: The second stage is the actual data
transmission. The TX uses the CSI it acquired during the
channel estimation stage to transmit the signal to the RX.
The elements of the transmit array transmit simultaneously the
same signal x(t), and each filters it through the time reversed
and phase conjugated version of its respective CIR to the
intended RX. Let the baseband representation of the signal
x(t) to be transmitted be given by
x(t) =

√

P

∞
X

k=−∞

II. S YSTEM D ESCRIPTION
Lower case letters indicate functions in time, whereas upper
case letters are used for their frequency domain representation.
Bold letters indicate vectors, (·) denotes the complex conjugate
of the argument (·), and ⊗ denotes the convolution operator.
E[·] denotes the expectation of the argument (·).
In the following, TX will stand for transmitter while RX
for receiver. We look at the baseband representation of the
signals and therefore consider them to have spectral content
in [−B/2, B/2], where B is the system bandwidth. The actual
communication occupies the spectrum [fc − B/2, fc + B/2]
around the carrier frequency fc . In the following we denote
as h(t; rT X , rRX ) the channel impulse response (CIR) from
a transmitter at location rT X to a receiver at location rRX .

gm (t) = A · h(−t; rT Xm , rRX )

•

(2)

rT Xm is the location of the m-th transmit antenna. The scaling
factor A is determined so that the TR filters do not introduce
any signal amplification. It is irrelevant for our analysis and
we therefore drop it from our notation.
The received signal at the RX is y(t) and can be written as
y(t) =

We describe the operation of a downlink communications
system with NT X transmit antennas as a two-stage process.
The first stage is the channel estimation, and the second stage
is the data transmission.
1) Channel estimation: The first stage is the channel estimation stage, during which each element of the TX array
obtains knowledge of the CIR to the intended RX. There are
several ways in which channel estimation can be implemented
1
. The accuracy of the channel state information (CSI) at the
TX depends on the implementation details, the quantization
noise, the additive noise during the process, the repetition rate
and the rate of change of the channel. In this paper, we are
not concerned with the specifics of the channel estimation and
assume that the transmitter has perfect and instantaneous CSI.

•

(1)

where P is the transmitted power, and Ts is the symbol time.
It denotes the time by which consecutive symbols βk are
separated. It is related to the bandwidth B of the system and
the pulse shaping function φ(t) that is used. The quantity βk
denotes the mapping of the data stream bk that is destined
for the user at rRX for the modulation scheme used. The
constellation points are selected so that E[|βk |2 ] = 1, in order
for the transmit power to be determined by P .
If gm (t) is the filter at the m-th transmit antenna, then

A. Fundamentals of TR Systems

1 Two

βk φ(t − kTs )

possible ways in which channel estimation can be implemented are:

Uplink channel estimation: The intended RX sends a pilot signal, and
each element in the transmitting array records the convolution of this
pilot signal with the CIR. Based on this, the CIR is estimated. Due to
the reciprocity of the channel, this is also the CIR from that transmit
array element to the intended RX. This approach can be used in time
division duplex (TDD) systems, where the ends of the communication
link take turns in sending data.
Downlink channel estimation: The TXs send training sequences or pilot
symbols, and the intended RX estimates the CIR from each transmitting
element. It then feeds back this information to the TX array. This
approach is more suitable for frequency division duplex (FDD) systems
where uplink and downlink communications occupy different parts of
the radio spectrum.

N
TX
X

m=1

!

h(t; rT Xm , rRX ) ⊗ h(−t; rT Xm , rRX ) ⊗ x(t) + n(t),

(3)
where n(t) is the receiver noise, assumed to be additive white
Gaussian noise.
We define the equivalent CIR heq (t) as
heq (t) =

N
TX
X

m=1

h(t; rT Xm , rRX ) ⊗ h(−t; rT Xm , rRX ).

(4)

The equivalent CIR is given as the sum of the autocorrelations of the CIRs to the individual array elements. Therefore
it is symmetric around t = 0, and achieves its maximum at
t = 0. This determines the synchronization between TX and
RX, as well as the sampling time at the RX.
The inherent assumption in the formulation above is that
the channel transfer functions have not changed in the data
transmission stage relative to the channel estimation stage.
This simplification is valid in slowly varying environments, or
when the channel estimation is repeated and the channel state
information is updated frequently. The effect of time-varying
channels is beyond the scope of this paper.
By the properties of TR in richly scattering media, the signal
y(t) is expected to focus spatially at the RX and compress
temporally.
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B. Temporal focusing
The common measure for the temporal extent of the CIR is
the root mean square delay spread (DS), which is defined as
the second central moment of the channel power delay profile
pdp(τ ):

DS =

R +∞
−∞

where

1
pdp(τ )dτ

Z

+∞

−∞

2

(τ − τmean ) pdp(τ )dτ

τmean = R +∞
−∞

1

pdp(τ )dτ

heq (t; r′ ) =

! 12

Z

(6)

+∞

τ pdp(τ )dτ

N
TX
X

m=1

(5)

h
i
2
pdp(τ ) = E |h(τ )|

ongoing research with respect to information security,
but is however beyond the scope of this paper.
We are interested in the spatial distribution of the interference, and therefore consider the equivalent CIR heq (t; r′ ) at
location r′ :

(7)

IF (r′ ) = heq (0; r′ ).

Let us assume that the system performs TR with a view to
communicating with an intended RX that is located at rRX .
We are interested in the amount of interference this operation
causes at a location r′ = rRX + d away from the intended
RX.
The reason for this is two-fold:
1) Low interference power at location r′ would mean that
it would be possible to simultaneously send data to both
locations r and r′ , without impairing each individual
communication link. Therefore it impacts the system
capacity.
2) The received power away from the intended RX is a
measure of the system’s probability of intercept. Other
information theoretic measures can be used to measure
exactly the ability of a system to conceal information
from an eavesdropper (e.g. secrecy capacity). However,
low power at a distance d away from the intended RX
is an indication that an eavesdropper at that location
would not be able to successfully intercept the content
of the communication. The problem of an eavesdropper
with more sensors than the intended user is an area of

(9)

Clearly this is not necessarily the maximum of heq (t; r′ ).
It has the advantage though that it lends itself to tractable
analytical calculations. For our analysis we will study how
the interference decays as the distance from the intended RX
grows.
III. C HANNEL MODEL
In the following, we give a brief description of the principles that underlie the IEEE802.11n channel model, so as to
smoothly introduce it.
A. Tap delay line model
The CIR of a wideband system can be expressed as a tap
delay line model with L taps of the form
h(τ ) =

L−1
X
l=0

C. Spatial Focusing

(8)

where h(t; rT Xm , r′ ) indicates the CIR from the m-th TX to
r′ .
Assuming a perfectly synchronous system, and keeping in
mind that the equivalent CIR on the intended RX achieves
its maximum at t = 0, we concentrate on the value of the
interference at that sampling instant, i.e. we are interested in:

−∞

The power delay profile is calculated as the expected value of
the power of the CIR within the local area of the transmitter/
receiver.
In wideband channels, symbol-by-symbol detection is impaired by intersymbol interference (ISI), which is caused by
the delayed copies of the signal arriving at the receiver with
delays larger than the symbol period. In order to combat
ISI, several techniques have been proposed. For example,
CDMA systems exploit the delayed channel taps with a rake
receiver, and OFDM systems separate the bandwidth into
several narrow bands over which there is no ISI. Although
ISI is the measure of interest with respect to signal detection,
DS is a more commonly used channel related parameter as the
system bandwidth increases. Large ISI is commonly associated
with high delay spread, and it has been shown that large DS
leads to irreducible bit error rate (BER), [17].Therefore in
this paper we use the DS as an indication of the temporal
compression properties of TR.

h(t; rT Xm , r′ ) ⊗ h(−t; rT Xm , rRX )

hl δ(τ − τl )

(10)

The l-th tap has complex amplitude hl and arrives at delay
τl , and taps that arrive at different delays are assumed to be
uncorrelated. For simplicity, we assume that the delays τl =
lTu are the integer multiples of the same time unit Tu for
l = 0, . . . , L − 1, i.e. τl = lTu . The minimum tap spacing
relates to the system bandwidth B that the model characterizes.
Namely it cannot be above 1/B. Commonly the tap spacing
is taken to be equal to the symbol time, Tu = Ts .
The tap amplitudes follow a known power delay profile
(pdp)
E[|hl |2 ] = pdp(τl ) = Pl
(11)
Using this description, it is possible to have Pl = 0 for some
values of l.
The statistical distribution of the tap amplitudes depends
on the propagation conditions. In this paper we investigate the
case where the amplitudes hl are Rayleigh distributed [18]: let
hl,I , hl,Q denote the in-phase and quadrature components of hl
respectively. The Rayleigh distribution reflects the case where
each tap is the sum of several irresolvable paths, and therefore
hl,I , hl,Q are independent, identically distributed zero-mean

Gaussian random variables with variance E [| hl 2 /2 =
Pl /2.
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B. Correlation and power azimuth spectrum
We define the random variables
x = xI + j · xQ = hl (r)
y = yI + j · yQ = hl (r + d)

(12)

x, y denote the complex amplitude of the l-th tap at locations
r and r′ = r + d respectively. xI , yI denote the in phase components of x, y respectively, and xQ , yQ denote the quadrature
components of x, y respectively.
For Rayleigh channels, it can easily be shown that the
following properties hold for the correlations of xR , yI , xQ , yQ
[19]:
(13)
RxI yI = RxQ yQ
RxI yQ = −RxQ yI
IQ

The complex correlation ρ

(14)

of x, y is given by

ρIQ = RxI yI + jRxI yQ

(x̂, ŷ are the unitary vectors along the x and y directions
respectively). This means that the two elements are separated
by distance d and they have an arbitrary azimuth orientation
θ relative to the axis system.
Under these assumptions, the correlations can be calculated
according to the following equations [19]:
Z −π
cos (kd cos(φ − θ)) P AS (φ) dφ (17)
RxI yI (d) =
+π

RxQ yI (d) =

−π

+π

sin (kd sin(φ − θ)) P AS (φ) dφ

(18)

The incidence vector k is defined for a wave impinging from
the azimuth direction φ, as
k=

2π
(cosφ · x̂ + sinφ · ŷ)
λ

C. Kronecker model
Let hl (rT Xm , rRXp ) denote the complex amplitude of the
l-th tap of h(τ ; rT Xm , rRXp ). Also let hl (rT Xn , rRXq ) denote
the complex amplitude of the l-th tap of h(τ ; rT Xn , rRXq ).
The Kronecker property states that the correlation on the
transmitting and the receiving sides are separable. Mathematically this is expressed as:

(15)

The cross-correlation between the waves impinging on two
antenna elements has been studied in various references, and
it has been shown to be a function of the Power Azimuth
Spectrum (PAS) and the radiation pattern of the antenna
elements. The PAS is often given as a function only of the
azimuthal direction φ and describes the angular distribution of
the received power, i.e. P AS(φ) describes how much power is
arriving from the azimuth direction φ. Antenna elements will
be assumed to be omnidirectional in the following.
Commonly the correlations are calculated for elements that
are arranged along the y-axis of the coordinate system. In the
general case, the locations of the two elements are separated
by d where
d = d (cosθx̂ + sinθŷ)
(16)

Z

that have been shown to fit different sets of experimental data.
It has also been experimentally observed that radio waves
gather in clusters distributed over the azimuth domain [20].
Each cluster has different mean angle of incidence and a
different spread around it. Commonly it is assumed that each
individual cluster follows the same inner type of distribution.
The spread of each cluster around its mean angle of incidence
might vary from cluster to cluster.

(19)

and
In the limiting case of uniform PAS over [0, 2π], the
correlation is the well-known zero-th order Bessel function of
the first kind. In the general case, the PAS is characterized by
its shape and clustering characteristics. Several distributions
have been used to describe the shape of the angular spread
around the mean angle of incidence. Some of the most popular
such distributions are the uniform, the truncated
√ |φ| Gaussian and
the truncated Laplacian (P AS(φ) = Ce− 2 σ , |φ| ≤ ∆φ
2 ),

ρIQ (hl (rT Xm , rRXp ), hl (rT Xn , rRXq )) =
ρRX (rRXp − rRXq ) · ρT X (rT Xm − rT Xn )

(20)

The correlation of hl (rT Xm , rRXp ) and hl (rT Xn , rRXq ) can
be factored into two terms: The first term is the receive correlation ρRX (rRXp − rRXq ), which involves only the locations of
the receivers p, q. The second term is the transmit correlation
ρT X (rT Xm − rT Xn ) which involves only the locations of the
transmitters m, n.
The receive correlations can be intuitively calculated from
the PAS around the receiver location (distribution of the angles
of arrival (AoA)) as in the previous section. The calculation
of the transmit correlations can be done in a similar fashion
from the distribution of angles of departure (AoD).
D. The IEEE 802.11n channel model
The IEEE802.11n channel model incorporates the features
described in the previous subsections [21]. It consists of a set
of 2-dimensional channel models applicable to indoor multiple
input- multiple output (MIMO) wireless local area network
(WLAN) systems. The models can be used for both the 2.4
GHz and the 5 GHz frequency bands, since experimental data
and published results for both bands were used in its development (average, rather than frequency dependent model).
The minimum tap spacing in all the models is Tu =
10 ns. Although the IEEE802.11 systems have a bandwidth
B802.11n = 20 MHz, we can use the models to characterize
bandwidths up to 1/Tu = 100 MHz.
These channel models are an extension of the single inputsingle output (SISO) WLAN channel models ( [22], [23]) to
the multiple antenna case, and therefore have known power
delay profiles and delay spreads. The original SISO pdp’s
are consistent with the cluster model developed by Saleh and
Valenzuela [24], i.e. channel taps arrive clustered in time. The
generalization to the MIMO case is based on the assumption
that the PAS displays clustering in angle as well as in time,
and each temporal cluster is associated with a unique angular
cluster. The entries of the MIMO channel transfer matrix are
assumed to satisfy the Kronecker property.
The models were developed in a step-wise fashion:
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In each of the three SISO models (A-C) in [22], distinct
clusters are first identified. The number of clusters varies
from 2 to 6, depending on the model.
• Each channel tap contains power arriving from the direction of one or more clusters, and can therefore be
considered as the sum of several independent sub-taps,
each corresponding to a different angular cluster. The
amount of power of each sub-tap is determined so that the
sum of their powers equals the power of the composite
tap in the original power delay profile.
• The AoA/ AoD follow the truncated Laplacian distribution. Angular spread (AS), AoA, and AoD values
are assigned to each tap and cluster so as to agree
with experimentally determined values reported in the
literature. The cluster AS was experimentally found to be
in the 20o to 40o range, and the mean AoA was found
to be random with a uniform distribution.
• Given the angular properties of each cluster, the number
of subtaps that compose each tap and the power that each
one of them contributes, the PAS is defined for each tap.
• The knowledge of the PAS allows as to calculate the
correlation of any pair of transmit-receive links, for a
given antenna configuration.
At the end of this procedure, 6 channel models were
established that differ in delay spread and angular spread and
correspond to different types of propagation scenarios. A brief
description is shown in Table I. The channel models provide
for the case of Ricean fading, by assigning a specific K-factor
2
to the first channel tap in the case of line-of-sight scenarios
(assumed to occur up to a break point distance dBP , also
specified by the model). The values of the K-factors have
been selected so as to match experimental observations and
are higher for channels with larger delay spreads.
•

the path-loss model. Moreover, we concentrate on channels
that Rayleigh distributed, i.e. the taps do not contain a Ricean
component (K=0).
Model B corresponds to the environment of a residential
building or a small office. The delay spread is 15 ns, and we
can clearly distinguish two clusters by visual inspection of the
tap delay line. The cluster parameters are summarized in Table
II. Fig. 1a shows the tap delay line model for this scenario (not
normalized to unit total power).
Model C also corresponds to the environment of a residential building or a small office. Fig. 1b shows the tap delay line
model for this scenario (not normalized to unit total power). In
contrast to Model B, the delay spread is 30 ns. We can again
clearly distinguish two clusters by visual inspection of the tap
delay line. The original cluster parameters are summarized in
Table III.
Model C has not only longer DS, but also wider angular
spread than model B. In order to study the effect of the
DS and the angular spread independently, we introduce a
modified model C, that has the same pdp as model C, but
the same angular parameters as model B. The tap delay line
for this model is going to be like the one shown in Fig. 1b,
and the angular parameters will be the ones shown in Table
II. The comparison of Model B and the modified Model C
allows for the illustration of the effect of different DSs. The
comparison of Model C and the modified Model C allows for
the illustration of the effect of different angular spreads.
Cluster
Mean AoA
AS (Rx)
Mean AoD
AS (Tx)

1
4.3o
14.4o
225.1o
14.4o

2
118.4o
25.2o
106.5o
25.4o

TABLE II
Model
A
B
C
D
E
F

Delay Spread (ns)
0
15
30
50
100
150

Environment
Reference
Residential home/ Office
Residential home/ Office
Typical office environment
Typical large open space
Large open space

K-factor (dB)
0/-∞
0/-∞
0/-∞
3/-∞
6/-∞
6/-∞

A NGULAR PARAMETERS FOR M ODEL B

Cluster
Mean AoA
AS (Rx)
Mean AoD
AS (Tx)

TABLE I
802.11 N C HANNEL MODELS

1
290.3o
24.6o
13.5o
24.7o

2
332.3o
22.4o
56.4o
22.5o

TABLE III
A NGULAR PARAMETERS FOR M ODEL C

The simulation code was developed based on the software
that accompanies the channel model (details can be found
in [25]).
E. Models under study

IV. T HEORETICAL RESULTS

The channel models that we are going to use for our
comparison correspond to Models B and C of the IEEE
802.11n specification. In our case, we are interested in local
performance around the intended RX. Therefore we are not
interested in the absolute power level, and do not incorporate
2 The K factor is defined as the ratio of the power of the non-fading
component over the power of the diffuse signal, the sum of which comprises
the Ricean distributed signal.

In the following we will denote as ρRX,l (d) the complex
correlation of the l-th tap as observed at two locations separated by a distance d. It is a function of the PAS around
the receiver of this particular tap, as described in the previous
section. Moreover ρT X,l (dnm ) is the transmit correlation of
the l-th tap as observed at two transmitters separated by dnm .
It is a function of the PAS of the AoD for this particular tap,
as described in the previous section.
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Tap delay line for Model B

TR pre-filtering.
After the application of TR at the transmitter, the equivalent
CIR can be written as

25

heq (t; rRX ) = h(t; rT X , rRX ) ⊗ h(−t); rT X , rRX =

Average tap power

20

L−1
X
X L−1

15

l=0 k=0

hl (rT X , rRX ) · hk (rT X , rRX ) · δ(t − τl + τk ) (21)

By symmetry
10

heq (t; rRX ) = heq (−t; rRX )

and from (21) and the assumption that τl = lTu for m ≥ 0
we have:

5

heq (mTu ; rRX ) =
0
0

10

20

30

40
50
Delay in ns

60

70

80

(a) Tap delay line for Model B
Tap delay line for Model C
25

20

Average tap power (dB)

(22)

15

L−1
X

l=m

hl (rT X , rRX ) · hl−m (rT X , rRX ).

(23)
The equivalent CIR after TR has double the temporal extent
of the initial CIR. It is an autocorrelation function, that is
symmetric around t = 0, and achieves its maximum at t = 0.
By exploiting the properties of complex Gaussian random
variables (see Appendix), we can calculate the power delay
profile for the equivalent CIR.
!2 L−1
L−1
i
h
X
X
2
Pl2
(24)
+
E |heq (0; rRX )| =
Pl
l=0

l=0

i
h
2
E |heq (mTu ; rRX )| =

10

L−1
X

l=|m|

Pl · Pl−|m|

(25)

We observe that
L−1
X

5

m=−(L−1)
0

0

20

40

60

80

100
Delay in ns

120

140

160

180

200

X

(b) Tap delay line for Model C
Fig. 1.

m6=0

Power delay profiles for (a) Model B, (b) Model C

A. Baseline scenario
Our baseline scenario is single antenna communication over
the wireless link without any form of preprocessing at the TX.
The CIR from a TX located at rT X to any receiver location
rRX is given as a tap delay line as in equation (10). The l-th
tap has complex amplitude hl (rT X , rRX ) and arrives at delay
τl . The tap amplitudes follow a known power delay profile
pdp(τl ) = E[|hl (rT X , rRX )|2 ] = Pl .
In our baseline case, the DS for the tap delay line model
of the channel without TR DSnoT R can be calculated from
equation (5). We do not expect any special focusing since the
assumption of the channel model is that all points around the
intended receiver receive the same average power.
B. Single input- Single output (SISO) systems
We first study the case of a single input-single output TR
communications system, i.e. NT X = 1 and the TX performs

h

h

E |heq (mTu ; rRX )|

E |heq (mTu ; rRX )|

2

i

=

2

i

=2

L−1
X
l=0

L−1
X
l=0

Pl

!2

−

Pl

!2

L−1
X

Pl2

(26)

(27)

l=0

Therefore in the limit of large channel length L, the equivalent
channel impulse response has as much power in its peak as it
does in its tails 3 .
Due to the symmetry, we have τmean = 0. The DS after
SISO TR DST R,NT X =1 is

 21
L−1
L−1
X
X
1


DST R,NT X =1 =  P
m2
Pl Pl−m  .
2
L−1
m=1
l=m
l=0 Pl
(28)
Through simple manipulations, it can be shown that
DSnoT R = DST R,NT X =1

(29)

This is a surprising result that indicates that the application of
TR from a single transmit antenna does not reduce the perceived DS of the channel. Despite the fact that the equivalent
3 A similar result was shown in [26] for the case of a pdp that stays constant
over all delays. Our result shows that this holds in general for any kind of
pdp.
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CIR appears to have more energy concentrated around τ = 0,
the DS as a 2-norm measure of its temporal extent is unaltered.
However, the response is now symmetric, a property that can
be exploited to simplify the design of equalizers at the receiver.
We now look at the spatial focusing properties of SISO TR.
Using the fact that different taps are uncorrelated and that
for complex Gaussian random variables the complex and the
power correlation are related (see Appendix), it can be shown
that the expected value of the interference power at a location
d away from the intended receiver is given by
L−1
X L−1
X
X

 L−1
Pl2 +
E |IF (d)|2 =
Pl Pk ρRX,l (d)ρRX,k (d)
l=0 k=0

l=0

(30)
The amount of interference depends on the power delay
profile and the correlation properties of the taps. As the
correlation decreases, we expect this to decrease as well. The
expected peak power on the intended receiver (d = 0) is given
by
N
TX N
TX
i L−1
h
X
X
X
2
Pl2 +
E |IF (0)| =
Pl Pk
(31)
l=0

By substituting this new power delay profile in equation (5),
we can find the perceived DS after TR. If the signals are fully
correlated (ρT X,l (dn,p ) = 1, ∀ l, n, p), then the delay spread
stays the same as in the SISO/ baseline case.
If the signals are fully decorrelated (ρT X,l (dn,p ) =
0, ∀ l, n, p), then
DST R,NT X >1 = √

L−1
X

NT2 X

L−1
X
l=0

hl (rT Xm , rRX ) hk (rT Xm , rRX )δ(t−τl +τk ) (32)

L−1
X

Pl

l=0

N
T X L−1
TX N
X
X
X

!2

N
T X L−1
TX N
X
X
X

2

(33)

Pl Pl−|m| ρT X,l (dnp )ρT X,l−|m| (dnp )

(34)

+

n=1 p=1 l=0

Pl2 |ρT X,l (dnp )|

h
i
2
E |heq (mTu ; rRX )| =

n=1 p=1 l=|m|

where dnp = rT Xn − rT Xp .

n=1 m=1

"L−1 L−1
XX

2

|ρT X,l (dnm )| +

Pl Pk ρRX,l (d)ρRX,k (d)

#

(36)

The amount of interference depends on the pdp and the
correlation properties of the taps, at both the TX and RX sides.
As the correlation decreases, we expect this to decrease as
well. The expected peak power on the intended RX (d = 0)
is given by
E[|IF (0)|2 ] =

m=1 k,l=0

NT2 X

N
TX
TX N
X
X

k=0 l=0

heq (t; rRX ) =

Again, by symmetry heq (t; rRX ) = heq (−t; rRX ). The equivalent CIR after TR is the sum of autocorrelation functions,
and is therefore symmetric around t = 0. It also achieves its
maximum at t = 0. It has double the temporal extent of the
initial CIRs, however we expect the autocorrelations to add
coherently at t = 0, and incoherently off the peak. Therefore
we expect the delay spread to be lower than in the baseline
case and the SISO TR case.
It can be shown that
h
i
2
E |heq (0; rRX )| =

Pl2

l=0

C. Multiple input- Single output (MISO) systems

N
T X L−1
X
X

(35)

Therefore
MISO TR can reduce the DS by a factor of up to
√
NT X relative to the baseline case.
Let us now concentrate on the amount of achievable spatial
focusing in the case of a MISO system. Under the assumption
of Rayleigh fading and the separability of the transmit and
receive correlations, it can be shown that the expected value of
the interference power at a location d away from the intended
RX is given by
E[|IF (d)|2 ] =

k=0 l=0

We now study the case of a multiple input-single output
(MISO) communications system, i.e. when NT X > 1. Again
the receiver samples the received signal without performing
any advanced signal processing, and the transmitter performs
TR prefiltering.
After the application of TR at the elements of the Tx array,
the equivalent CIR can be written as

1
DSnoT R
NT X

Pl2

N
TX
TX N
X
X

n=1 m=1

NT2 X

2

|ρT X,l (dnm )| +

L−1
X
X L−1

Pl Pk

(37)

k=0 l=0

In contrast to the SISO case, the power on the intended
receiver depends on the transmit correlation as well.
V. I LLUSTRATION OF T HEORETICAL R ESULTS
Our purpose is to illustrate graphically the theoretical results
of the previous section, and investigate how the various parameters affect the system performance, using the IEEE802.11n
channel model.
We are going to compare the following transmission scenarios, namely:
1) Baseline communication, where the TX does not do any
pre-processing,
2) SISO TR, where a single TX applies a TR filter and the
RX does not perform any equalization, and
3) MISO TR, where NT X TXs apply a TR filters and the
RX does not perform any equalization.
The channel models that we are going to investigate are the
models presented in Section IIIE, namely: (a) Model B, (b)
Model C, and (c) Modified Model C.
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The system performance is evaluated in terms of the DS
reduction and the achievable spatial focusing.
We want to investigate how these performance measures are
affected by:
• Number of transmitters: To illustrate this effect we compare the performance cases of NT X = 1 or NT X = 2 in
an environment described by model B.
• Transmit correlation: To illustrate this effect we compare
the performance of a system with two TX antennas
(NT X = 2), separated by either 0.5λ or 2λ, in an
environment that follows the description of model B.
• DS of the original channel model: To illustrate this effect
we compare the performance of a single TX system
(NT X = 1) in two environments described by model B
and the modified model C respectively. These have the
same angular characteristics but different DS characteristics.
• Angular spread at the receiver: To illustrate this effect we
compare the performance of a single TX system (NT X =
1) in two environments described by model C and the
modified model C respectively. These have the same DS
characteristics but different angular characteristics.

around the intended RX. Therefore we do not show the result
for the baseline scenario.
Fig. 2 shows the expected value of the interference power
around the intended RX, assuming that the intended RX is
located at the point (0, 0) of our axis system. The results shown
have been generated for a channel that follows the description
of Model B under the assumption of a single TX antenna
and all distances are shown in terms of the wavelength λ. The
average received power at any location has been normalized by
the average received power on the intended RX, as calculated
from the theoretical formulas developed in Section IV. Clearly,
the application of TR results in spatial focusing of the power
on the intended RX only.

A. Delay spread analysis
Table IV shows the delay spread for the three communication scenarios under investigation, and for the three channel
models (Model B, Model C, and Modified Model C). The
theoretical results have been derived using the definition of
the DS (see eq. (5)) and the expected tap powers calculated
analytically (see eq. (25) and (33),(34)).
Our first observation is that indeed SISO TR does not reduce
the DS of the channel. The larger the TX separation, the lower
the transmit correlation, and therefore the greater the reduction
in delay spread. Model C has wider angular spread (angle of
departure or angle of arrival) than the Modified Model C, and
therefore the transmit correlations are lower for the same TX
separation. This leads to more significant reduction of the DS
by the application of MISO TR.
TABLE IV
RMS DELAY SPREAD COMPARISON

Model B

Model C

Mod. Model C

No TR
TR (NT X = 1)
TR (NT X = 2, sep = 0.5λ)
TR (NT X = 2, sep = 2λ)
No TR
TR (NT X = 1)
TR (NT X = 2, sep = 0.5λ)
TR (NT X = 2, sep = 2λ)
No TR
TR (NT X = 1)
TR (NT X = 2, sep = 0.5λ)
TR (NT X = 2, sep = 2λ)

Theory
15.65 ns
15.65 ns
14.20 ns
12.58 ns
33.43 ns
33.43 ns
27.88 ns
27.30 ns
33.43 ns
33.43 ns
30.34 ns
26.93 ns

B. Spatial focusing analysis
In the absence of TR, no spatial focusing can be achieved
and the average received power is the same at all the locations

Fig. 2.

Spatial focusing in dB for SISO TR

We now look at the effect of transmit correlation. Fig. 3
shows the expected received power around the intended receiver (assumed to be located at (0, 0) of our axis systems)
when NT X = 2, and the two transmitting antenna elements
are separated by either sep = 0.5λ or sep = 2λ (in the latter
situation the transmit correlation is significantly reduced).
Again all distances are shown in terms of the wavelength λ.
The comparison of Fig. 3 with Fig. 2 shows that indeed
spatial focusing improves with the introduction of more TX
elements. It does so more dramatically when the TX elements
are less correlated.
The next parameter to investigate is the DS of the channel.
For that we compare Model B and the modified Model C that
have the same angular characteristics, but different DSs. Fig. 4
shows the expected received power around the intended RX
(assumed to be located at (0, 0) of our axis systems) in a
channel that follows the description of the modified Model C,
assuming that there is a single TX antenna. All distances are
shown in terms of the wavelength λ. The comparison of Fig.
4 and Fig. 2 clearly illustrates that increasing the DS of the
channel improves the achievable spatial focusing.
Finally, we look at how the angular spread of the channel affects the quality of the spatial focusing. For that we
compare Model C and the modified Model C that have the
same temporal characteristics, but different angular spreads
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(a) MISO TR (NT x = 2, sep = 0.5λ)

Fig. 4.

Spatial focusing in SISO TR for the modified model C

Fig. 5.

Spatial focusing in dB for SISO TR with Model C

(b) MISO TR (NT X = 2, sep = 2λ)
Fig. 3. Spatial focusing in dB for MISO TR (NT X = 2) (a) sep = 0.5λ,
(a) sep = 2λ

(Model C has larger angular spread and therefore higher spatial
decorrelation). Fig. 5 shows the expected received power
around the intended RX (assumed to be located at (0, 0) of
our axis systems) in a channel that follows the description
of the Model C, assuming that there is a single transmit
antenna. All distances are shown in terms of the wavelength
λ. The comparison of Fig. 4 and Fig. 5 clearly illustrates
that increasing the angular spread of the channel improves
the achievable spatial focusing. The two plots decorrelate
differently along the x- and y- axes because the clusters in
the two models have different mean angles of arrival.
VI. C ONCLUSIONS
In this paper, we investigated analytically the spatiotemporal focusing potential of the time-reversal technique and
how it relates to the channel properties. The theoretical results
were illustrated using the channel properties reflected in the
IEEE802.11n channel model, that describes typical situations
in wireless local area network (WLAN) scenarios.

The application of TR does not reduce the perceived DS
of the channel in the SISO situation. In that case, additional
signal processing at the RX and/ or the TX is required. The
addition of more transmit antennas can reduce the delay spread
of the channel. The effectiveness of this technique depends on
the channel correlation around the transmitters.
The spatial focusing properties of TR depend on the channel
correlation around the intended RX in both the SISO and
MISO TR situations.
In summary, increased DS, increased angular spread, more
transmit elements and low transmit correlations contribute
to increased temporal and spatial focusing. Under sufficient
conditions, the received signal is lower by 10dB relative to
the intended receiver at distances as short as 1 wavelength
away.
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A PPENDIX
The following properties of Gaussian random variables are
useful for the derivation of the analytical properties in this
paper.
• Higher order moments
If x is a real, zero-mean, Gaussian random variable with
variance σ 2 , then
E[x2 ] = σ 2
E[x4 ] = 3σ 4

(38)

If u is a complex, circularly symmetric, zero-mean,
Gaussian random variable with variance σ 2 , then
E[|x|2 ] = σ 2
E[|x|4 ] = 2σ 4
•

(39)

Power and complex correlations
Let x, y be two complex Gaussian random variables.
Their complex correlation is defined as
ρIQ (x, y) =
E [xy] − E [x] E [y]
r h
i
 h
i

2
2
2
2
E |x| − |E [x]|
E |y| − |E [y]|

(40)

and their power correlation is defined as
ρP W R (x, y) =
r

E [Px Py ] − E [Px ] E [Py ]

  
2
2
E Py2 − E [Py ]
E [Px2 ] − E [Px ]
2

(41)

2

where Px = |x| , Py = |y| .
The power and complex correlations are related by
ρP W R (x, y) = ρIQ (x, y)
•

2

(42)

Product of Gaussians
Let x1 , x2 , x3 , x4 be zero-mean, real Gaussian random
variables, with covariance matrix C. This means that
Cij = E [xi xj ]

(43)

The expectation of the product x1 x2 x3 x4 is given by
E [x1 x2 x3 x4 ] = C12 C34 + C13 C24 + C14 C23

(44)
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Improving the QoS of Wireless Video Transmissions via
Packet-Level FEC
Ghaida A. AL-Suhail, Liansheng Tan

Abstract — Wireless video transmission suffers errors from the
dynamic wireless environment. Due to errors, the discarded link
layer packets impose a serious limitation on the maximum
achievable throughput over wireless channel. To face this
challenge and to enhance the overall TCP-Friendly video
throughput, this paper proposes an MPEG packet loss model
which is based on Forward Error Correction (FEC) over
wired-to-wireless channel. Within this model, a FEC packet level
scheme is used to act as an inter-protection control, which is
based on Reed-Solomon (RS) code with the aim of bringing a
robust transmission against frequent packet loss. Further, a
BPSK scheme is applied for an Additive White Gaussian Noise
(AWGN) wireless channel. By using this model, the predicted
frame rate for MPEG video streaming can be estimated.
Quality of Service (QoS) in terms of frame rate and the quality
factor are evaluated for the predicted quantizer scale. The
numerical results demonstrate that the proposed scheme
improves the QoS of video transmissions in the presence of high
wireless channel bit errors.
Keywords— Wireless video, Video quality, TCP-Friendly, Quality of
Service (QoS), Forward Error Correction (FEC), Reed-Solomon
(RS) code.

1. INTRODUCTION
In practice, the major challenges of video transmission over
wireless links are to deal with low bandwidth and high error
rates due to the noise, interference, fading and shadowing. The
bit stream video over noisy channel introduces symbol or bit
errors causing packets corruption, which leads to degradation
in the quality of reconstructed video sequence. A robust error
protection, hence, for video traffic is required in order to
achieve an acceptable video quality [1-7].
To provide a high quality of service (QoS) for video
applications, i.e. high video play-out quality, at high loss rates
over wireless links, it is important to use error-control
techniques [9]. The physical layer mainly introduces a quick
estimate of the performance over wireless link e.g. symbol or
bit error rate (BER) versus Signal-to-Noise ratio (SNR) due to
an Additive White Gaussian Noise (AWGN) over wireless
channel. To facilitate efficient support of QoS for video
applications, measurements of physical layer; such as a
radio-link BER, channel SNR, Doppler spectrum and channel
Ghaida A. AL-Suhail is with the College of Engineering, Computer
Engineering Department, Basrah University, Basrah, Iraq
(Email:
gaida_alsuhail@yahoo.com). Liansheng Tan is with The Research School of
Information Sciences and Engineering, The Australian National University,
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capacity; are reported to the upper-layer for channel state
estimation. TCP flow or TCP-Friendly flow at transport layer
varies in a consequence to channel state estimation by
controlling the sending rate in highly reliable transmission.
Both are connection-oriented protocols and avoiding network
congestion collapses comparing with UDP protocol [4].
While multimedia applications can tolerate some data loss,
excessive packet loss during congestion over wired link and/or
high bit errors over wireless channel yields unacceptable
media quality. Since video coding involves interframe
dependencies to achieve high compression rates, the random
dropping of packets by routers and/or random bit errors due to
a highly additive Whit Gaussian noise over wireless can both
seriously degrade video quality. Hence in wired MPEG
transmission [8], for example, dropping packets from an
independently encoded I frame causes the following dependent
P and B frames to be fully undecodable. In practice, interframe
dependencies have been shown to cause a 3% packet loss rate
to result in a 30 % frame loss rate.
To address the above interaction, we should provide a high
quality of service (QoS) for video applications, by meaning
high video play-out quality, at high loss rates over wireless
link; whilst several studies [3-12] have pursued both
error-control techniques of media adaptation, as well as
network-adaptation. The network-adaptation can be efficiently
employed by adapting the end-system to the changing network
conditions, whereas adaptation in general meaning represents
the ability of network protocols and applications to observe
and respond to the channel variations. Thus there are three
error control techniques widely used in various settings:
Retransmission, Redundancy and Interleaving [1-5, 14-20].
These approaches are used either separately and/or jointly by
cross-layer scheme in order to combat the overall packet loss
over Internet network.
In this paper, BPSK (Bi-Phase-Shift-Keying) scheme is
used over AWGN wireless channel to express the exponential
packet loss over the channel [4] when the state condition is
poor. Furthermore, to avoid the latency (delay) and variance in
latency caused by re-transmission of lost packets over a hybrid
network, MPEG packet loss model based packet-level FEC is
considered as in [21] including Reed Solomon (R-S) code [15]
in the application layer in order to reconstruct the overall lost
video packets. A FEC adds a redundant repair data to the
original video stream. Many current approaches [2, 14-17] use
either a priori, static FEC choices or FEC that adapts to
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perceived packet loss on the network; meanwhile Wu and
Claypool [8, 21] have dealt with adaptive FEC schemes which
accounts for the additional FEC overhead against a capacity
constraint. In fact, by adding FEC the capacity constraint
means a significant reduction in the effective transmission rate
of the original video content.

decoded block becomes poor. It means this scale leads to
degrade image SNR values [9]. On the other hand, the timely
resolution is related to the number of frames per second [fps].
This rate can be regulated by means of a frame dropping
technique. The required bandwidth BW ( R, Q, F ) in [bps]

We therefore estimate the predicted frame rate for MPEG
video streaming by using a Variable Frame Rate based on
TCP-Friendly Rate Control model in [21] over a combined
network of wired link and AWGN wireless channel for under
utilized bandwidth. Meanwhile, the improvement in the
effective range of channel SNR can be achieved when FEC
based packet level is setting at a fixed certain value. As a
result, Quality of Service (QoS) in term of SNR scalability is
exploited for the predicted quantizer scale (Q) if the network
throughput is assumed to be equal the available bandwidth.
The remainder of the paper is arranged as follows: Section 2
describes a brief background for the work in this paper;
Section 3 presents the analytical MPEG packet loss model
over combined wired/wireless channel. Through the
illustrative results in Section 4, the video quality is depicted
for the predicted frame rate as well as the QoS in terms of
SNR scalability. Finally, Section 5 summarizes the paper and
introduces possible future work.

2. BACKGROUND
2.1 MPEG Video
MPEG is a popular standard for video compression.
Figure 1 illustrates a typical GoP (Group of Pictures) structure
of an MPEG stream. Each GoP consists of three types of
frames: I-, P- and B-frames. An I-frame (Intra coded) located
at the head of a GoP is coded as a still image and serves as a
reference for P and B frames. P-frames (Predictive coded)
depend on the preceding I or P-frame in compression. Finally,
B-frames (Bi-directionally predictive coded) depend on the
surrounding reference frames, that are, the closest two I and P
or P and P frames. The loss of one P frame can make some of
other P and B frames undecodable, and the loss of one I frame
can result in the loss of the whole GoP. This implies that I
frames are more important than P frames, and P frames are
more important than B frames [8-9]. A GoP structure is
expressed as ( N , M ), where M corresponds to the
number of P frames in a GoP and M corresponds to the
number of B frames between I and P frames. In Fig. 1, N =3
and M =2.
2.2 Video Quality
Traditionally video quality is measured by distortion given
by Peak Signal-to-Noise Ratio (PSNR) [18]. It has been
noticed that PSNR is proportional to the video goodput
defined by useful data bits per second received by the end
clients after adding FEC, which gives the residual packet error
rate is below a certain low value ( p ≤ 3%) [19]. In MPEG
coding, specific quantizer scale against each block of 16x16
pixels is performed. For a large quantizer scale, the quality of

Figure 1.

A typical MPEG Group of Pictures

can be estimated in terms of spatial resolution ( R [pixels]),
PSNR resolution ( Q ) and the timely resolution ( F [fps])
as
log4 (

BWR,Q,F

⎛1⎞
≅⎜ ⎟
⎝ 3.1⎠

R
)
640x480

⎛
9.707 4.314⎞ F
⎜⎜0.151+
− 2 ⎟⎟ BWBase,
Q
Q ⎠ 30
⎝

(1)

where BWbase indicates the peak bit rate of the reference stream
[9].

2.3 Forward Error Correction (FEC)
To improve the video quality under transmission errors,
error-control schemes can be performed at the source or
channel coding stage. Studies [2-5, 7, 9] introduce source
coding schemes, like reversible variable-length coding (RVLC)
and multiple description coding (MDC). Another approach by
using channel coding schemes protects the integrity of bit
stream, such as Forward Error Correction (FEC) codes or
Automatic Repeat Request (ARQ). The choice of a particular
scheme depends on channel characteristics, statistics of
channel errors, delay constraint, and type of services at the end
users. Since the network conditions generally cause errors on
network packets, hence correction of these errors is in the
subject of “Forward Error Correction” (FEC). A FEC is
mainly divided into two categories: bit-level FEC and
Packet-level FEC. These two categories are unfamiliar [14].
Recently, for example Demir and et al. [17] have studied two
techniques: a Reed-Solomon FEC which is found widely on
the wired Internet; and Raptor code which is a commercial and
not used broadly yet unless in few new technologies such as
MBMS, DVB.
More precisely, Reed-Solomon (R-S) code is a
media-independent FEC technique that can be applied at the
packet level for m-bit symbols (maximum m is 8 bits for
byte-oriented computer applications) [15]. As shown in Figure
2, an application level video frame is modeled as being
transmitted in K packets where K varies with frame type,
encoding method, and media content. R-S code adds ( N − K )
redundant packets to the K original packets and sends the N
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packets over the network. Although some packets may be lost,
e.g., packet 2 in Figure 2, the frame still can be completely
reconstructed if any K or more packets are successfully
received. For example, in [14] Lee and et al. investigated
video delivery of optimal allocation FEC based on
packet-level (i.e., the number of packet level FEC parity bits
per second) as well as byte-level (i.e., the number of byte-level
FEC parity bits per second) from the server over hybrid
wired/wireless network in order to serve maximum video
quality for multicasting transmission.

[sec], and t RTO is the TCP retransmit time out value [sec]. By
regarding T as the available bandwidth for video streaming
and adjusting the video traffic, we can expect the high-quality
video play-out at a receiver. However, a source node cannot
distinguish packet losses caused by bit errors on wireless links
from those caused by buffer overflow.

Figure 3.

A typical wired/wireless video streaming model.

A typical model of video streaming over wired and wireless
links can be considered as shown in Figure 3. The wireless
link is characterized by available bandwidth Bw and packet
loss rate pw . Then, a brief scenario in [4] can be applied when

Figure 2. A block diagram of Reed-Solomon code.

In this paper, we present R-S code only on packet level for
video streaming over a combined unicast wired and wireless
network. To analyse the effects of FEC on the application
layer frames, the sending of packets is modelled as a series of
independent Bernoulli trials.
Thus, the probability
q ( N , K , p ) that a K packets video frame is successfully
transmitted with N − K redundant FEC packets along a
network path with overall packet loss probability p is
N ⎡ N
⎤
⎛ ⎞
i
q ( N , K , p ) = ∑ ⎢⎜⎜ ⎟⎟(1 − p ) p N − i ⎥ .
i = K ⎣⎝ i ⎠
⎦

(2)

3. PROBLEM FORMULATION
3.1 Wireless Channel Model
In this paper, we consider using a TCP-Friendly Rate
Control (TFRC) scheme [4, 21] as an underlying rate control
and adjusting video traffic to the channel condition, i.e., the
available bandwidth. The target sending rate T of a TFRC
session is derived as,
S
t RTT

(

2p
27 p
+ t RTO
p 1 + 32 p 2
3
8

3.

)

,

(3)

In consequence t RTT = t RTT min , i.e., the minimum RTT, if

T ≤ Bw [4].
4. Bw and pw are constants. pw is assumed to be random
5.

Hence, Section 3 examines the effective range of channel SNR
when bit error rate is high and FEC-packet level is considered
over the combined wired and wireless network.

T=

there is no cross-traffic at either node 1 or node 2. We make
the following assumptions:
1. The wireless link is assumed to be bottleneck of the
network by meaning no congestion at node 1.
2. Packet loss is assumed only due to wireless channel bit
errors and the buffer at node 2 does not overflow,
as pc = 0 .

and stationary [4, 11].
The backward route from receiver r to server s is
assumed to be congestion-free but not error-free due to bit
errors.

Here, the video sending rate is smaller than the bottleneck
bandwidth and should not cause any network instability, i.e.,
congestion collapse. Additionally, the optimal control should
result in the highest possible throughput and the lowest packet
loss rate. To derive the target sending rate which satisfies them
by using (3), packet loss rate p is now defined by two
independent

loss

rate, S is the packet size [byte], t RTT is the round-trip time

pc

and

as,

p = pw + (1 − pw ) pc . Since pw gives the lower-bound
for p for pc = 0 , the upper-bound of the network throughput
becomes

S

T≤

where p stands for the packet loss probability, i.e., loss event

pw

rates

tRTTmin

(

2 pw
27pw
2
+ tRTO
pw 1 + 32pw
3
8

)

= Tb .

(4)

Hence, for an under-utilized channel, Tb < Bw holds when
only one TFRC connection exists.
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F = GSGOPsize (1 − φR ).

To obtain pw , we have to consider frequent bit errors of a

φR

(7)

wireless channel with AWGN ignoring fading effect where
BPSK scheme is applied. With an ideal assumption that any bit
error in a packet leads to a loss of the whole packet, we can
estimate the packet loss probability pw as the channel bit

The frame drop rate

error rate pe . BER performance of uncoded BPSK scheme is

where X R is assumed to run over the playable frame

given by [1, 5] as

rates f i ’s of the i-frame type in GOP, i.e., I-, P- and B- frames.

( )

⎛ 2 Eb ⎞
⎟,
pe = Q γ = Q⎜⎜
(5)
⎟
N
o ⎠
⎝
where Eb stands for the bit energy, N o is the noise power,
and γ = 2 Eb N o represents the total channel SNR of a
BPSK scheme. The Gaussian cumulative distribution function
is being Q (.) .

φR = 1 −

can be formulated by

XR
SGOPsize

,

(8)

By using Bernoulli trails model for the sending of packets the
probabilities of successful frame transmission q ( N , K , p)
for i-frame types are defined as,

qi = q( Si + SiF , Si , p),

(9)

where qi is defined as in Equation (2) and consequently the
term X R can be expressed in terms of Ri [ X R ] using the

For robust transmission over the hybrid link when a bit
stream are highly corrupted due to AWGN wireless channel
environment and without altering the sending rate it needs to
repair the losses locally using either Forward-Error-Correction
(FEC) or Automatic Repeat-Request (ARQ). In this case,
wireless model considers protected packets using an
inter-packet FEC in application-layer at the video source s .
The protection deals with Reed Solomon (R-S) code to encode
the video packets before transmitting them over the network.

total playable frame rate based TCP-Friendly [21] to obtain

R = ∑ Ri ,

where Ri stands the playable frame rate of i-frame type in
GOP ( N P , N BP ) and in accordance the number of frames in
each GOP is expressed as,

SGOPsize = 1 + N P + N B ,
3.2 MPEG Packet-loss Model
This section considers the details of Wu and Claypool’s
VFR-TCP model in [21] as an algorithm to estimate the
number of playable frames at a receiver behind wired links and
a wireless link, where random and stationary packet losses
occur. In this model, we employed TFRC to control the
sending rate in accordance with loss of packets caused by
packet corruptions for bit errors over a wireless channel. Here,
we adopt the assumption of a frame-dropping mechanism to
compensate the varying TCP-Friendly sending rate. Frames
are also dropped, or lost, by corruption of packets. If the
quality of a frame in terms of PSNR falls below a
pre-determined threshold PSNRthreshold , the frame is considered
lost. The resultant frame rate F can be estimated as follows.
When we consider the Bernoulli packet loss model, the
observed frame rate F can be expressed as,

F = f o (1 − φR ),
where

φR

(6)

stands an effective “frame drop rate”, i.e., the

fraction of frames dropped, and f o [fps] is the frame rate of
the original video stream [6]. If quality scaling is applied, a
constant f o is replaced with a variable f r . The frame rate

f r is further replaced by GSGOPsize , where G corresponds
to the number of GoPs per second and SGOPsize is the
number of frames in a GoP. Therefore,

(10)

i

(11)

In a similar manner as [21], by rewriting Equation (11), the
predicable play-out frame rate can be derived as
N +1
⎡
⎛ q − q p N P +1
q − qp P
+ N BP .q B ⎜ p
+ q I q PN P
R = G .q I ⎢1 + p
⎜
−
−
1
q
1
q
p
P
⎝
⎣⎢

⎞⎤
⎟⎥ .
⎟⎥
⎠⎦
(12)

The GOP parameters are treated as variables for MPEG video
stream as follows:
N P : Number of P-frames in a GOP

N B : Total number of B-frames in GOP, N B = (1 + N P ) × N BP .
N BP : Number of B-frames in a GOP in an interval of Iand P-frames.

Si : Size of i-frame [in packets]
SiF : Size FEC-packet level for i-frame [in packets].
The strategy in this model is to assume that the network is able
to provide an estimate of the current network loss probability
(due to congestion and/or high bit errors) and round-trip-time
while the MPEG application can provide details on the video
characteristics. In consequence, the model can be used to
chose GOP pattern to obtain the reasonable expected playable
frame rate that are compatible with the full video motion [8,
21].
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4. NUMERICAL RESULTS
4.1 Methodology
Based on the above assumptions, we develop the following
illustrative steps to find the optimal playable frame rate for
QoS requirements based on the given scenario of Section 3.1.
1. Obtain a channel SNR per bit γ 2 on wireless link.

1.68 [dB], the optimal number of connections is around 4 or 5
as shown in [4].
TABLE 1
PARAMETER SETTING IN SIMULATION OVER WIRELESS

t RTT = 168 ms t RTO ≅ 4t RTT
Bw = 1Mbps

2. Assess the bit error rate (BER) pe from the channel
SNR by Equation (5) for uncoded BPSK modulation
scheme. Then the packet loss rate over a wireless link is
defined as pw = pe .

S =1 Kbytes
I-Frame=25 packets
P-Frame=8 packets
B-Frame=3 packets

Peak rate =144kps for one user
Channel SNR per bit
Bit error rate (packet level)

6dB to -10dB

pw

0.33% to 22%

3. TFRC rate is evaluated by Equation (3), which must
satisfy the condition of (4) substituted the obtained pw .

4. Determine video quality in terms of the temporal
scalability, i.e., frame dropping, to regulate the sending
rate to the TFRC rate.
5. For all possible GoP structures, one with the maximum
frame rate is chosen.
6. The overall frame drop rate ( φ R ), hence, is estimated
by using Equation (8).
Now if the base rate BWbase is known, quality scaling can be
applied to all of the spatial, temporal, and SNR scalabilities by
using (1). During a video streaming session, a server
regulates R , F and Q to adjust the sending rate to the TCPfriendly rate as in VFR-TFRC model in [11].
As a consequence, a strategy to achieve the optimal
performance for an application is to increase the number of
connections until the total throughput reaches the hard limit
of Bw (1 − Pw ) . With the fixed pw , the total throughput
increases with the number of connections up to a certain point,
after which there is a saturation effect.
4.2 Results Analysis
Simulation results have been obtained for a typical 1xRTT
CDMA wireless network model [4, 11]. On some reasonable
constraints, the results are based on Table 1 for the fact that a
typical maximum frame rate allowed over Internet is 30 [fps]
for full motion video and a recommended typical GoP is 12
frames, such as 'IBBBPBBBPBBB' GoP(2,3), for optimal
performance. Furthermore, a channel capacity is assumed not
exceeding limited bandwidth Bw , which represents a

maximum throughput for wireless link.
By using the given scenario in Section 3.1, node 2 is
assumed within no congestion, i.e. pc =0, hence we changed
SNR of a wireless channel to evaluate the TCP-Friendly
throughput for each video connection. Figure 4 (a) and (b)
show the maximum number of video connections nopt over
the effective channel SNR range and channel error rate. It
should be noticed that with the packet loss rate pw = 4.3%
and without error control, which implies the channel SNR is

In order to evaluate the improvement in playable frame rate
for each video TFRC throughput connection, we applied error
control scheme based fixed FEC for small, medium and large
code. Figure 5 evaluates the total effective channel SNR per
bit for certain FEC. For example, the playable frame rate is
clearly increased at 5.68 [dB] to achieve 20.68 [fps] for small
FEC (1,1,0) and degraded to 16 [fps] for large FEC (8,4,1);
whilst the medium and large FEC values improves
significantly the performance at low values of channel SNR as
compared with no FEC employing. Also, it is noticed that the
frame drop rate is degraded as FEC value increases. However,
the resultant F changes depending on the interaction of GOP
frames. In other words, chosen value of S PF or S BF has a
slightly effect on the resultant F as compared with chosen
values of S IF .
Moreover, a comparison with Wu and Claypool
VFR-TFRC model over Interne [8], depict more improvement
in playable frame rate up to 30 [fps] for total packet loss
rate p ≤ 2% (See Figure 6). This is the highest among all
others frame rates, but the rate is not TCP-friendly over
wireless Internet channel. Specifically, in Fig. 5 (b), the frame
drop rate decreases as the wireless channel state improves
using error control. This leads an increasing in playable frame
rate at the receiver and achieving a reasonable video quality
due to transmission over wireless channel.
Figure 7 depicts the video quality, in term Q , as a
function of the resultant play-out frame rate for a single TFRC
connection. An original video stream has the spatial resolution
of 640x480 [pixels], the temporal resolution of 30 [fps], and
the SNR resolution of 10 as a quantizer scale value. The
coding rate of the original video stream is 144 [kbps]. Using
(1), we derive the SNR scalability Q by substituting the
TFRC
sending
rate
as
the
resultant
required
bandwidth BW (640 x 480, Q,30) . Therefore, X-axis and Y-axis
are indirectly related to each other through the channel error
rate or TFRC rate. In other words, it is noticed that the video
quality Q is independent on the GoP pattern structure. Also,
when error control of FEC-based packet level is used to
evaluate the corresponding improvement, it is found that the
quality scale decreases rapidly to be less than 5 on low SNR
values of channel state.
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One video connection as a function of a channel SNR
(a) Playable frame rate and, (b) The Predicted frame drop rate

Figure 4.
TFRC performance over wireless link. (a) Maximum
number of TFRC connections, (b) Comparison between schemes

Table 2 illustrates optimal video quality performance for
GoP(2,3) over wireless link using the indirect dependence via
the channel error and TFRC rate (throughput) of Fig. 4 (b).
Depending on preferences on the perceived video quality, one
can choose the temporal scalability or the SNR scalability as
quality scaling. When the temporal scalability is applied, video
play-out becomes choppy, intermittent, or like a series of still
images [9]. On the other hand, the low SNR scalability results
in coarse and mosaic appearances in the case of small FEC or
ignoring of FEC.

wireless link using Reed Solomon code as FEC-based packet
level. It is also found that the model based TCP-Friendly rate
control increases tolerance to packet loss due to high bit errors
and achieves a good quality compared with TFRC rate
transmission over wired Internet. Further work can be
extended to involve multicasting video. Also, byte- or bit level
FEC can be applied for physical layer over wireless link when
multi-path fading channel is considered. Furthermore, a study
can involve a number of TFRC connections for full-utilized
bandwidth.

5. CONCLUSIONS
This paper has applied a frame dropping mechanism for
variable frame rate (VFR) model which is based on
TCP-Friendly rate control assuming under utilized bandwidth
over a combined wired/wireless channel. The proposed
scheme has provided QoS estimation for the video streaming
in terms of frame rate and as well as the quality factor
(Quantizer factor Q). Numerical results showed that the
proposed model introduces a good robustness QoS for video
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Abstract- The time variant nature of an Ultra-Wideband
(UWB) radar signal scattered from a radar target is well
described throughout the literature. To study the behaviour of
these transient signals, Joint Time-Frequency (TF) analysis is
considered. Various Time-Frequency Distributions (TFDs) have
been developed in the signal processing area over the last twenty
years but little work has been done in a UWB context. In
particular, the main objective of this paper is to study the
transient electromagnetic scattering phenomena from a metallic
radar target in free space. Numerical examples using a bent wire
target will be presented to demonstrate the feasibility of using
TFDs to study the electromagnetic scattering phenomena
embedded in the target response.

I. INTRODUCTION
Standard Fourier analysis decomposes a time domain signal
into individual frequency components. The Fourier Transform
assumes that all the frequency components occur at the same
time, but this does not provide any information about their
occurrence. As a result, Fourier analysis is only suitable for
analyzing stationary signals. For signals with time-varying
frequency content, one way to study their behaviour is with
Time-Frequency (TF) signal analysis [1-4]. In TF analysis, the
signals (either in time or frequency domain) are transformed to
the Joint Time-Frequency domain, and they are represented in
two dimensional TF space. The development of the frequency
components can be easily observed visually. One of the first
applications using TF analysis applied a moving window to the
signal in the time domain and then Fourier transformed the
result to the frequency domain. The resultant distribution is
known as the Short-Time Fourier Transform (STFT). The
magnitude of the STFT is known as the Spectrogram (SP),
which was first applied to analyzing audio signals in the 1940s
[1].
One of the well-known shortcomings of the STFT is that it is
not able to achieve fine time and frequency resolution
simultaneously due to the constraint of the uncertainty
principle [1-2]. In other words, if one would like to achieve
fine resolution in the time domain, the resolution in the
frequency domain would be correspondingly degraded and vice
versa. One way to handle this resolution issue is to use the
Wigner-Ville Distribution (WVD) [1-4]. The WVD is capable
of producing the best time-frequency resolution compromise of
all the Time-Frequency Distributions (TFDs); however, the

price paid is termed “cross-term interference” [5]. Such cross
terms usually do not provide any physical interpretation of the
signal and extensive work has been carried out to suppressing
these cross terms. For example, one method smoothes the
WVD using particular time and frequency windows thus
resulting in the Pseudo Wigner-Ville Distribution (PWVD) or
the Smooth Pseudo Wigner-Ville Distribution (SPWVD) [5].
The variants of the WVD utilize special kernels that reduce the
cross terms [6-9].
Joint TF analysis has been widely applied to various
engineering applications such as signal processing in
biomedical applications, speech processing, wireless
communication, radar and sonar applications. In radar
applications, in particular for stationary targets, most work has
been carried out on narrow-band applications [10]. For UWB
radar, there has been some work on feature extraction [11-12]
and quite a substantial amount of work done by H. Ling [1315] on TF analysis of backscattered signals as well as range
profiles for stationary targets. The frequency range of operation
is in the quasi-optical region which lies beyond the
fundamental resonant modes and interest is focused rather on
high frequency scattering phenomena such as diffraction from
edges and corners. Such phenomena can be described by the
Geometric Theory of Diffraction (GTD) in the electromagnetic
context [16].
In this paper, instead of high frequency behaviour, the focus
is on studying the scattering phenomena of a radar target in the
resonant region using various TFDs. The excitation frequency
is on the scale of about 3 to 10 wavelength of the fundamental
resonant mode of the target. For Perfectly Electric Conductor
(PEC) targets with a size of few centimetres up to a few
metres, this corresponds to frequencies in the range of few
hundred MHz up to a few GHz, and is classed as UWB. With
such an excitation frequency band, the dominant scattering
phenomena are resonances that correspond to the physical
structure as well as the dielectric properties of the target. These
target resonances appear in the late time of the target response.
It is well known from the literature that these late time target
resonances are theoretically target dependent and aspect
independent [17-18]. Extensive work has been carried out
towards using these complex resonances as a feature set for
target recognition, for example, the E-Pulse and S-Pulse
technique [18-19].
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This paper outline is as follows: In the next section some
background on transient electromagnetic scattering is given,
followed by a review of TFDs. In section IV, a numerical
example of a bent wire target is presented to demonstrate the
feasibility of using TFDs to study transient electromagnetic
scattering and conclusions are reached at the end of the paper.
II. UWB TRANSIENT ELECTROMAGNETIC
SCATTERING
Studies on transient electromagnetic signals scattering from
radar targets have been well studied for the last few decades. In
the late 1960s, Kennaugh [20] first extended the concept of
impulse response from circuit theory to transient
electromagnetic scattering. Later in the 1970s, Baum [16]
extended the concept and formulated the Singularity Expansion
Method (SEM), which mathematically describes the transient
scattering phenomena. In general, the target scattered transient
can generally be divided into two intervals: the early and late
time. The early time response is difficult to model due to the
fact that in the early time the excitation electromagnetic pulse
has not fully excited the target. As a result, the early time
response is dependent on the incident aspect angle and
scattering phenomena in the early time is considered to be
local. In general the early time response is dominated by the
specular returns from the target. Studies have found that the
early time response can either be modelled using the frequency
dependent coupling coefficients associated with the damped
exponential model [21] or a series of entire functions [22].
The SEM describes the late time of the transient target
signature as a sum of damped exponential with Complex
Natural Resonances (CNRs). Mathematically it can be written
as [18]
N

r (t ) =

∑ An e s t + An*e s t , t > Tl
n

*
n

(1)

n=1

where An is the aspect dependent amplitude of the n th mode
and Tl is the onset of the late time period. With the known
target, the late time can be approximated by
Tl = Tb + T p + 2Ttr

(2)

where Tb is the estimated edge when the waves strikes the
leading edge of the target, T p is the effective pulse duration
and Ttr is the maximal transit time of the target [19]. In
equation (1), it is assumed that only N modes are excited by the
incident field. The * sign denotes the complex conjugate. The
CNRs are given by s n = σ n ± jω n , where σ n and ω n are the
damping coefficients and resonant frequencies respectively.
These late time resonances occur when the pulse has been
propagated past the whole target, and as such is fundamentally
a global phenomenon (rather than a collection of local
interactions) Theoretically these complex resonances
correspond purely to the physical properties of the target’s
geometry, dielectric properties and loss mechanisms. They are

also theoretically aspect independent [18] and independent of
the incident wave polarization state [23]. Target recognition
schemes that make use of such target dependent resonances as
a feature set have been widely addressed and may be found in
the literature, for example [18-19].
Equation (1) describes the scattering behaviour in the late
time. A more precise description was given by Heyman [24] in
that each resonant component has its own ‘turn-on’ time [24].
The late time is essentially the time when all of these
resonances have been established. However, each resonance
may commence at a different time. In addition, Heyman [23]
also mentions that the resonance phenomena can be considered
as a consequence of the multiple interactions of the dominant
scattering mechanisms such as edge and corner diffraction and
creeping wave diffractions, and thus a hybrid wavefront SEM
model describing the late time response has been proposed.
The timing for each of these scattering phenomena is also
target and aspect dependent, and could be complicated when
some of these occur concurrently.
Extensions from equation (1) together with the introduction
of a “turn-on” time concept by Heyman, recent efforts by Jang
[22] have resulted in a series of Gaussian functions to model
the early time together with the damped exponential model for
the late time. The search for optimum parameters (“turn-on”
times of each CNR, residues, amplitude and time shift of the
Gaussian pulse) can be achieved using quasi-Newton approach
[22]. As demonstrated, such UWB electromagnetic transients
are therefore highly non-stationary in both early and late time
and thus TF analysis is more applicable compared to standard
Fourier analysis.
III. TIME - FREQUENCY ANALYSIS
The motivation of TF analysis originates from the nature of
non-stationary signals, where the frequency components of the
signals are time variant. In this work, we focus on applying
TFDs to studying the temporal occurrence of frequency, which
corresponds to certain scattering phenomena of the radar target.
Our main objective is to make use of TFDs as a tool to produce
a meaningful image which can clearly reveal all scattering
phenomena. As a result, we will focus on some well-known
TFDs that are suitable for our applications.
One of the most well known TFDs is the STFT. Compared to
standard Fourier analysis which takes the entire duration of the
signal in time and then takes the transform, the signal is first
windowed with a time-limited window and then transformed to
the frequency domain via a Fourier Transform. The STFT is
essentially a windowed version of the Fourier transform, which
considers the frequency spectrum within a short period of time.
One of the drawbacks of the STFT is that time and frequency
resolution cannot be simultaneously achieved, due to the
uncertainty principle [1-4]. This can be handled by using the
Continuous Wavelet Transform (CWT) which results in multiresolution in the TF domain. Previous work by H. Ling et al.
[13-15] on TF analysis of transient electromagnetic scattering
has demonstrated the advantages on using CWT over STFT.
Summaries using TF analysis for electromagnetic scattering
using CWT can be found in [13].
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Another TFD that is capable of handling the limited TF
resolution is known as the Wigner-Ville Distribution (WVD)
[1-4]. Mathematically the WVD of the signal x(t ) can be
written as
W x (t , v ) =

+∞

∫−∞ xa (t + τ

2)x a* (t − τ 2)e − j 2πvτ dτ

(3)

where xa is the analytic signal of x(t ) . One of the strongest
features of the WVD is that it is able to produce the best time
and frequency resolution simultaneously amongst all members
of the Cohen class [1-2] for signals with a single component.
However, for signals with multi-components, the WVD suffers
from so-called cross-term interference [5]. These cross terms
appear only when the signal is made up of more than one
component. Consider the case of two components. Due to the
quadratic superposition principle, the WVD of the signal
x1 (t ) + x2 (t ) is equal to the sum of the WVD of x1 (t ) and
x2 (t ) individually, together with the WVD of the product of
x1 (t ) and x2 (t ) . Mathematically it can be written as

[

]

W x1 + x 2 (t , v ) = W x1 (t , v ) + W x 2 (t , v ) + 2 Re W x1 x 2 (t , v )

(4)

where
W x1 x 2 (t , v ) =

+∞

∫−∞ x1 (t + τ

2)x2* (t − τ 2 )e − j 2πvτ dτ

the smoothing window operation, time and frequency
localization are reduced.
Another common approach to suppressing cross-term
interference is to use a specially designed kernel [6-9]. Such a
kernel is specially designed such that it is capable of
suppressing the cross terms, at the same time maintaining the
desirable properties of the TFDs. The exponential kernel and
the cone-shaped kernel are the most well known kernels for
cross-term suppression, and the corresponding distributions are
well known as the Choi-William Distribution (CWD) [6] and
Zhao-Atlas-Marks Distribution (ZAMD) [7-8]. Details on
CWD and ZAMD are not covered here and they can be found
in corresponding references.
In addition to smoothing the WVD and designing special
kernels, there are various approaches to reducing the crossterm interference at the same time maintaining good TF
resolution. These include using Time-Frequency Distribution
Series on WVD [25], improving TF localization using
reassignment method [26], and improving TF resolution using
time-scaled/affine TFDs [27]. Due to the limited scope of this
paper, these methods will not be covered. A general review for
TFDs can be found in [1-4] and details on particular approach
on improving TFDs can be found in the corresponding
references.

(5)

is the cross WVD of x1 (t ) and x2 (t ) , and is also known as the
cross term [3, 5]. The W x1 (t , v ) and W x 2 (t , v ) are the WVD of

x1 (t ) and x2 (t ) respectively and are known as auto terms. The
cross-term interference is troublesome as it may overlap with
the auto-terms thus making it difficult to visually interpret the
WVD image.
For most engineering and signal analysis applications these
cross terms do not provide any physical meaning. As a result
work has been done to suppress them. These include using the
smooth versions of WVD [5]. If we consider windowing the
WVD using a rectangular window h(t ) in the time domain, or
equivalently writing the resultant distribution as

PWx (t , v ) =

+∞

∫− ∞ h(τ )xa (t + τ

2)

xa*

(t − τ 2)e

− j 2πvτ

dτ

(6)

which is known as the Pseudo Wigner-Ville Distribution
(PWVD). If we add another degree of freedom by considering
a separable smoothing function g (t ) , the Smooth Pseudo
Wigner-Ville Distribution (SPWVD) can be written as
SPW x (t , v ) =

+∞

⎡ +∞

∫− ∞ h(τ )⎢⎣∫− ∞ g (s − t )

]

xa (s + τ 2 )xa* (s − τ 2)ds e − j 2πvτ dτ .

(7)

The SPWVD was first proposed by Flandrin [5] in 1984. It
has been demonstrated that the SPWVD is capable of
suppressing the cross-term interference. However, throughout

(a)

(c)

(b)

(d)

Fig. 1. Electromagnetic Scattering Mechanism manifested in the TimeFrequency domain, (a) wavefront; (b) resonance; (c) material dispersion and
(d) structural dispersion [13]

TF analysis on electromagnetic scattering was first addressed
by H. Ling et al. in a number of works [13-15]. According to
[13], different scattering mechanism will appear differently in
the TF domain. The four main scattering phenomena are shown
in Figure 1 (a) to (d). A vertical line in the TF domain indicates
that the scattering event occurs for a particular time instant but
over all frequencies, which corresponds to a wavefront
phenomena or scattering centre (Figure 1(a)). A horizontal line
in the TF domain indicates that the scattering phenomenon
dominates in a particular frequency over the time frame, which
corresponds to resonance (Figure 1(b)). Dispersive phenomena,

- 539 -

however, will be appeared as slopes in the TF domain. A
positive slope in the TF domain corresponds to surface wave
mechanism due to material coating (Figure 1(c)), and a
negative slope corresponds to structure dispersion (Figure
1(d)). In the numerical examples we will focus on the
scattering wavefront and resonance phenomena in the TF
domain.

(a) Events A to C

(b) Event D

Fig. 2. Bent wire target under plane wave excitation in free space

IV. NUMERICAL EXAMPLES
A numerical example for the bent wire target shown in
Figure 2 will be considered. It is made up of two sections of
PEC wire segments each of length 0.5m and included angle of
140° . The ends of the wire segment on the right and left hand
side are denoted as Point X and Z respectively, and the junction
of the two wire segments is denoted as Point Y. Plane wave
incidence at 45° with the electric field polarized in plane of the
target is considered. The study of scattering for a straight thin
wire in the time domain has been treated in the electromagnetic
context by Shamansky [28] using the Method of Moments
(MoM) and GTD. Instead of a straight wire target, here the
scattering path on the bent wire target is considered as shown
in Figure 3. Figure 3 (a) shows the scattering events A, B and
C, which correspond to the specular reflection from points X,
Y, and Z respectively. Event D corresponds to case which the
electromagnetic pulse strikes at point X, surface wave
propagates on the surface of the wire segment XY and diffracts
off at point Y. Similarly, event E corresponds to the case which
the pulse strikes at point Z, surface wave propagates on the
surface of the wire segment YZ and diffracts off at point Y.
Event F corresponds to the case which the pulse strikes on
point Z, surface wave travels through the entire target and
diffracts off at point X. Event G corresponds to the case which
the pulse strikes on point X, and the surface wave travels one
round trip through the entire target, and event H corresponds to
the case which the electromagnetic pulse strike on point Z,
surface wave propagates through the entire target and diffracts
off at point Y. Lastly, event I corresponds to the case which the
electromagnetic pulse has propagated two round trips.
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(c) Event E

(d) Event F

(e) Event G

TABLE I
TIMING OF THE SCATTERING EVENTS APPEARED ON THE TARGET RESPONSE

Event
A
B
C

t0 + (2 × 0.704ns ) = 11.408ns

t 0 + (2 × 2.2148ns ) = 14.4296ns

D

t 0 + 1.667ns + 0.704ns = 12.371ns

E

t 0 + 2.2148ns + 1.667ns + 0.704ns = 14.585ns

F

(f) Event H

Time when the wave appears on the target response
t0 = 10ns

G
H
I

t 0 + 2.2148ns + (2 × 1.667ns ) = 15.549ns
t 0 + (4 × 1.667ns ) = 16.668ns

t 0 + 2.2148ns + (3 × 1.667ns ) + 0.704 = 17.920ns

t 0 + (4 × 2.2148ns ) = 18.860ns

(g) Event I
Fig. 3. Scattering Path of the Bent Wire target

With the Gaussian pulse striking the target at 10ns together
with an incident angle of 45° , the pulse first hits the right side
of the target at point X, followed by the centre at point Y and
lastly the end of the wire segment on the left hand side at point
Z. The time required for the electromagnetic pulse travelling
from Point X to Point Y and Point X to Point Z are shown in
Figure 4. The occurrence of each scattering events shown in
Figure 3 are calculated and listed in Table 1.

Relative Magnitude

To study the transient scattering behaviour, it is required to
obtain the transient target response either by measurement or
numerical modelling. In this work numerical modelling is
considered. The target response is first computed in the
frequency domain using a commercial MoM solver FEKO [29]
from 976MHz to 9GHz with 2048 equal spaced samples. The
frequency response is then windowed by a Gaussian shaped
window which corresponds to the Gaussian Pulse in time
domain. The Gaussian pulse is used as the time domain
illuminating wave shape in all case and acts an approximation
to the impulse response [30]. The target response in time
domain is then achieved by applying an inverse Fourier
Transform to the frequency response.
0.05

0

-0.05
0

10

20

30
Time (ns)

40

3

4
5
Frequency (GHz)

6

50

60

Relative Magnitude

1

0.5

0

0

1

2

7

8

9

Fig. 5. Target responses in time and frequency domain

Fig. 4. Time required for the electromagnetic pulse travelled from Point X to
Y and Z

The target responses in time and frequency domain are
shown in Figure 5. In time domain, the electromagnetic pulse
strikes on the target at 10ns. As the target is a PEC, electric
current is induced on the surface of the target according to the
boundary conditions of the Maxwell’s equation [16]. The
electric current acts as a source and re-radiates the
electromagnetic field. As a result, the first specular return is
observed at 10ns and a series of scattering events occur
thereafter. In the frequency domain, a number of high-Q
resonant peaks are observed. The first few dominant resonant
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peaks with large magnitudes are located below 1GHz in the
frequency response.
To clearly identify the occurrence of the scattering events
shown in Figure 3 and listed in Table 1 in the time domain
response, a zoom-in version of the target response from 9.5ns
to 20ns is shown in Figure 6 with the scattering events marked.
However, this does not provide any further information or
insight about the scattering behaviour (either time or
frequency) of these events.
0.06
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0.02
Signal in time
0
B
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D

G

E

-0.02

H

Real part

Relative Magnitude

0.04

term suppression. This can be verified by comparing them with
the SP shown in Figure 7 as it is well known that SP does not
suffer from any cross-term interference.
In addition to cross-term suppression, the SPWVD, CWD
and ZAMD results indicate better TF resolution than the SP.
However, the CWD suffers from interference when there are
synchronized components in the TF domain. As shown in
Figure 11, there exists more than one frequency component
when scattering events A to I occurs, and thus eight vertical
lines are clearly observed from DC up to 9GHz (events C and
E appeared as one line). These vertical lines appear up to 6GHz
only for other TFDs. As a result, we can conclude that the
vertical lines from 6GHz and above shown in Figure 11 are the
interference components.
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Fig. 6. Target responses in time domain from 9.5ns to 20ns

To gain further insights into the transient scattering, TF
analysis is considered. The TFDs of the target response from
9.44ns to 20ns is considered and shown in Figure 7 to 12.
According to equation (2), with Tb = 10ns , T p = 0.22 ns and
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Fig. 7. SP of the time target response from 9.44ns to 20ns
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Ttr = 2.2148ns , commencement of the late time period is
calculated to be 14.65ns. As a result, the time frame of 9.44ns
to 20ns covers both the early time period as well as the
commencement of the late time period. As expected, events A
to I are clearly observed as vertical lines in the TF plots. This
indicates that these events correspond to scattering wavefronts.
It is worth noting that some of them interact with each other
resulting in partial resonances in the early time period and
global resonances in the late time period. Such observations are
in accordance with the hybrid wavefront SEM model [24], in
that the resonances can also be considered as the consequence
of multiple interactions between individual wavefronts.
Comparing between various TFDs, poor TF resolution is
observed in the SP shown in Figure 7. The WVD does enhance
the resolution, however, cross-term interference appear as
vertical lines occurs between 12ns to 14ns. These lines only
appear in the WVD but not in other TFDs, which confirm that
they are the cross-term interferences. The cross terms can be
suppressed by smoothing the WVD, resulting the PWVD and
SPWVD shown in Figure 9 and 10. The cross terms can also be
suppressed using special designed kernel such as the
exponential and cone shaped kernel and their corresponding
distributions are also shown in Figure 11 and 12 respectively.
It is worth noting that the SPWVD, CWD and ZAMD shown in
Figure 10, 11 and 12 respectively all demonstrate good cross-
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Fig. 8. WVD of the time target response from 9.44ns to 20ns

Lastly, it is also worth noting that the vertical line
corresponds to scattering events C and E shown at 14.5ns. As
shown in the SP, WVD, PWVD and SPWVD, higher energy
level (red ) is observed up to about 4.5GHz and a relative lower
energy level (yellow) is shown from 4.5GHz up to 6GHz
However, in the ZAMD shown in Figure 12, only the high
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energy level up to 4GHz is shown. This seems to indicate that
the cone-shaped kernel may also suppress some of the low
energy level components in the TF domain.
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Fig. 10. SPWVD of the time target response from 9.44ns to 20ns
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After considering the issues on TF resolution as well as
artefacts (interference) introduced by TFDs, a small conclusion
can be reached that the SPWVD and the ZAMD are suitable
candidates for studying the transient electromagnetic scattering
phenomena in the TF domain in this example. They are both
immune to interference and at the same time maintaining
reasonable TF resolution.

Fig. 9. PWVD of the time target response from 9.44ns to 20ns
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Fig. 12. ZAMD of the time target response from 9.44ns to 20ns
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Fig. 11. CWD of the time target response from 9.44ns to 20ns

V. CONCLUSION
In this paper, Joint TF analysis of UWB radar signals has
been carried out. Numerical examples for a bent wire target
have demonstrated the feasibility of using TFDs to study the
transient electromagnetic scattering phenomena from a PEC
radar target. The electromagnetic scattering mechanisms are
first identified in the time domain and further investigated in
the TF domain. In this example, the focus has been on specular
reflections in early time period and various wavefront
interactions in the late time period. It has also been clearly
observed that some of the wavefront phenomena interact with
each other resulting in partial resonances. Such observations
are in line with the conclusion given by Heyman and Felsen
[24] using a hybrid wavefront SEM model. Studies on transient
electromagnetic scattering using TFDs presented here further
verifies that the hybrid wavefront SEM model provides further
physical insight than the original SEM model.
Comparisons of various TFDs for the same transient signal
have also been carried out. Results demonstrate that the WVD
is not suitable for this particular application as it suffers
severely from cross-term interference. This is due to the fact
that in this example the target itself is a high-Q scatterer and its
target response is made up of a number of resonant and
wavefront components. Various TFDs capable of suppressing
cross-term interference have been considered. It is found that
the SPWVD and ZAMD are preferred for this example which
also maintains a reasonable TF resolution to reveal various
scattering mechanisms in the TF domain.
Lastly, the example presented in this paper is a bent wire
target, which is a two dimensional electromagnetic scattering
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problem. For the electromagnetic researcher, future work will
focus on studying the scattering phenomena using TFDs on
more complicated three dimension PEC targets and dielectric
targets, which may potentially lead to deeper insight of the
scattering physics.
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Abstract—This paper proposes a simple and efficient decision
feedback equalizer (DFE) for Discrete Fourier Transform-Spread
Orthogonal Frequency Division Multiplex (DFT-S OFDM) system
in Evolved-Universal Telecommunication Radio Access (E-UTRA)
[1] uplink transmission. Through cyclic detection and iteration,
the new algorithm obtains a noticeable gain than conventional
DFE, and is almost as effective as the modified UW based methods
but with much higher bandwidth efficiency. Furthermore, it does
not need to change the frame structure of existing protocol.
Keywords-iterative DFE; cyclic detection; DFT-S OFDM;

I.
INTRODUCTION
One of the most challenging problems in high data rate
wireless transmission is to reduce inter-symbol interference (ISI)
resulted from the time dispersion caused by multi-path
propagation. To solve this problem, equalization is introduced.
Blockwise equalization can be implemented both in time
domain and frequency domain, but the later [2] is more
attractive for its reasonable signal processing complexity.
Generally, DFE holds better performance than linear equalizer
for the cancellation of ISI without noise enhancement. However,
its inherent error propagation has some limitation for further
improvement. In fact, as shown later in simulation results,
conventional DFE almost cannot be used in DFT-S OFDM
systems. Unique word (UW) is proposed in the literatures [3-5],
as a known symbol sequence, can make error propagation
beyond one FFT-block impossible since the last symbols of
every block are always decided correctly. But the UW based
scheme is not appropriate for DFT-S OFDM which will be
detailed latter. In this paper, a novel method, named iterative
DFE with cyclic detection, is proposed, which not only holds
the same performance as the UW scheme, but also overcomes
its shortcomings.
II.

CONVENTIONAL EQUALIZATION SCHEMES IN DFT-S
OFDM SYSTEM

For E-UTRAN, the uplink transmission scheme is based on
single-carrier FDMA, more specifically DFT S-OFDM.
DFT

Subcarrier
Mapping

IFFT

CP
insertion

Faculty of Engineering and Surveying
University of Southern Queensland
Toowoomba, Australia

CP
cancelation

DFT

equalization

Subcarrier
Demapping

IFFT

Fig.1.Transmitter and Receiver scheme of DFT-S OFDM

To obtain better performance, a hybrid time-frequency
domain Decision Feedback Equalization is involved. This
approach would be to use frequency domain filtering only for
the forward filter part of the DFE, and conventional transversal
feedback filter for the feedback part.
W and f present the tap-coefficients of Feed Forward
Filter (FFF) and Feed Back Filter (FBF), respectively. FBF
includes B taps with complex coefficients { f k } , k ∈ FB , where
FB is a set of non-zero indices corresponding to the delays (in
symbol periods) of the B feedback coefficients. That is, the time
delay of first path is k1 , the second is k2 , and so on. Through
calculating the feedback coefficients f k1 , f k2 … corresponding

to each path, the interference of these paths will be induced
effectively. Therefore, the symbols that have been equalized are
M
⎛ 2p ⎞
zm = ∑ Wl Rl exp ⎜ j lm ⎟ - ∑ f k* am-k
⎝ M ⎠ k∈FB
l=1

(1)

Where {Rl } is the discrete Fourier transformation (DFT) of
the received information symbols in a LB (long block), and
{am } is the detected symbols. The superscript ‘*’ stands for the
complex conjugate.
A common problem with DFE is the error propagation due
to incorrectly decided symbol values for feedback. The Long
Block (LB) structure which includes 512 sub-carriers in Fig.2 (a)
is for DFT S-OFDM systems. When the data is transmitted in a
channel, the delayed cyclic prefix (CP) will corrupt the head
data bits. Since the CP is the replica of the tail data bits, we can
take the detection of the tail data bits as the detection of the CP.
Thus, the detection of the tail data bits will influence the
detection of the head data bits. On the other hand, the detection
of the tail data bits depends on the head ones for feedback. Thus,
the errors are propagated cyclically.
UW structure is introduced to improve the performance of
DFE as in Fig.2 (b) [3-4]. It replaces some data bits and also
plays a similar role as the CP. Since the decision of UW is
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always correct, the error propagation can be reduced to a large
extent. However, this structure cannot be used in DFT-S OFDM
since it does not abide the LB structure in protocol， thus we
modify it to what is showed as Fig.2 (c). But as the UW carries
no information, the two-UW structure obtains the performance
gain at the cost of lower bandwidth efficiency.
Based on the joint optimization of both the performance and
bandwidth efficiency, we proposed the following iterative DFE
with cyclic detection for DFT-S OFDM system.
LB:512

CP1

LB:512

DATA1

CP1 CP2

DATA2

DATA1

UW

DATA2

UW

UW

DATA1

(2)

DATA2

,k1 } , we

M
⎛ 2p ⎞
zm = ∑Wl Rl exp ⎜ j lm ⎟ - f1* ⎡⎣aM +m-k1 ⎤⎦ - f 2* ⎡⎣aM +m-k2 ⎤⎦ (3a)
old
old
⎝ M ⎠
l=1

LB:512

UW UW

M
⎛ 2p ⎞
sm = ∑ Wl Rl exp ⎜ j lm ⎟
⎝ M ⎠
l=1
Step 4: Initialize [ a ]old = s .

(1) For the k1 head symbols, that is, m = {1,2,
have

(b) Conventional UW structure
LB:512

coefficients {Rl } are multiplied by the complex-valued M
forward equalizer coefficients {Wl } (which compensate for the
frequency selective channel’s variations of amplitude and phase
with frequency).

Step 5: If the maximum iteration number Iter_Max has been
reached, stop the iteration and go to the step 7. Otherwise,
calculate the symbol sequences z = {z1 , z2 , ,z M } after
backward feedback equalization of s. In this process, a harddecision, operated symbol by symbol, is involved and the
feedback method is different due to the locations of symbols
being processed in a data block. There are three cases:

CP2

(a) Frame structure of protocol

UW

Step 3: According to the input signal, calculate the symbol
sequences s = {s1 , s2 , ,sM } . Once per block, the M FFT output

UW

[ am ]new = Q ( zm )
(c) Two UWs structure

Hereafter Q ( • ) denotes the hard-decision.
(2) If the symbols locate between k1 and k2 that is,

Fig.2.Long Block (LB) data structure

III.

m = {k1 +1,k1 + 2,

M
⎛ 2p ⎞
zm = ∑ Wl Rl exp ⎜ j lm ⎟ - f1* ⎡⎣ am-k1 ⎤⎦ - f 2* ⎡⎣ aM +m-k2 ⎤⎦ (4a)
new
old
⎝ M ⎠
l=1

Feedback
equalizer {fk }

{rm }

,k2 }

ITERATIVE DFE WITH CYCLIC DETECTION

In this algorithm, the general frame structure shown in Fig.2
(a) is used. Fig. 3 shows the diagram of the novel equalizer.
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samples
FFT
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[ am ]new = Q ( zm )
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M
⎛ 2p ⎞
zm = ∑ Wl Rl exp ⎜ j lm ⎟ - f1* ⎡⎣ am-k1 ⎤⎦ - f 2* ⎡⎣ am-k2 ⎤⎦
(5a)
new
new
⎝ M ⎠
l=1

Fig.3.Iterative DFE with cyclic detection
Without loss of generality, only the first two interfering
paths are considered for simplification. The first tap coefficient
is corresponding to the first interfering path, so is the second. M
received symbols are equalized simultaneously.
Step 1: Set the maximum iteration number as Iter_Max and
initialize the iteration counter Iter_Counter=0.
Step 2: Calculate the forward equalization coefficients
W and backward equalization coefficients f as in the
conventional DFE equalizer.

[ am ]new = Q ( zm )

(5b)

Step 6: Update Iter_Counter= Iter_Counter+1 and compare
the lattermost k2 information bits of [ a ]old and that of [ a ]new .

If [ am ]old = [ am ]new , m = {k2 +1,k2 + 2, ,M } stop the iteration
and transfer to step 7. Otherwise, go back to step 5.
Step 7: Execute demodulation.
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IV.

ALGORITHM ANALYSIS

A.

Reliability
The gain of the UW based method is exactly derived from
UW, a known sequence, which cuts down the error propagation.
In our novel algorithm, iterative decision makes lattermost k2
bits much more reliable. Therefore, it has similar effects to the
UW method whose length is k2 . So the novel algorithm has
almost the same reliability as the UW method. Moreover, since
the lattermost k2 information bits contain useful information in
the new algorithm, higher bandwidth efficiency can be obtained,
comparing with two-UW method whose UW part is not
occupied by data in DFT-S OFDM system. Last but not least,
our new algorithm does not need to change the frame structure.
B. Complexity
In our new algorithm, before the first detection, the forward
equalization coefficients W and backward equalization
coefficients f as well as the symbol sequences s calculated
through forward equalization process, have been obtained. Then
they can be saved for the subsequent iterations and do not need
to be recalculated. That is, the multiple iterations involve just a
linear computation and a hard-decision. Therefore, it is more
computationally intensive than the traditional DFE equalization
but brings remarkable gain.
C. Convergence
As hard-decision is used in the iteration process, the new
algorithm can converge very quickly. Generally, two iterations
are enough for satisfactory convergence. Therefore, the
algorithm has very little delay.
V.

It is observed that the conventional DFE which uses
frequency domain filtering only for the forward filter part of the
DFE, and conventional transversal feedback filter for the
feedback part basically cannot be used in DFT-S OFDM system
owing to its inherent error propagation. The error floor degrades
the performance even below the linear equalization at high
Eb/N0.
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Fig.4.Performance comparison among several equalization algorithms (300
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SIMULATION RESULTS

Fig.4 and Fig.5 show the probability of Block Error Rate
(BLER) for four algorithms against the ratio of information bit
energy Eb to noise variance. The simulation environments are
based on the 3GPP LTE uplink enhancement DFT-S OFDM
system. The system bandwidth is 5MHz and localized
transmission type is used. The total number of sub-carrier is 512
while 300 are occupied in Fig.4 and 100 are occupied in Fig.5
QPSK modulation is investigated without channel coding. The
channel model is SCM-C, a scenario of SCME (Spatial Channel
Model Extended) [6-7], which extends 3GPP SCM (Spatial
Channel Model) to wider bandwidth. Suppose that the mobile
velocity is 30kmph and, according to reference [1], the length of
CP is 31. Perfect knowledge of the channel is assumed.
The performance curves at the right side show the advantage
of our new algorithm compared with other three algorithms.
The new algorithm hold about 1dB gain compared with
Frequency Domain Equalization algorithm for using ISI
cancellation method. And the advantage will be expanded when
more sub-carriers are occupied, especially at low Eb/N0, since
higher transmission rate when more sub-carriers are occupied
by data symbols leads to higher ISI which can be suppressed
effectively by our new algorithm.

-1

10
et
a
R
r
or
r
E
k
c
ol
B

-2

10

Frequency Domain Equaliaztion
Interative DFE with cyclic detection
DFE with 2 UWs
Conventional DFE

-3

10

4

6

8

10

12
Eb/N0(dB)

14

16

18

20

Fig.5.Performance comparison among several equalization algorithms (100
sub-carriers are occupied)

The iterative DFE with cyclic detection gives almost the
same performance as a DFE using our two-UW method. The
cyclic detection in the iterative DFE makes the estimation of the
CP more accurate, and almost as though it was known, as in the
two-UW structure. But, our iterative DFE offers two main
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advantages. Firstly, the iterative DFE has much higher
bandwidth efficiency than the two-UW structure. Secondly, the
iterative DFE does not need to change the frame structure of
existing protocols, as would be required for the two-UW
structure.
VI.

CONCLUSIONS

We proposed a novel DFE algorithm with low complexity
using iterative decision and cyclic detection for DFT-S OFDM
system in E-UTRA uplink transmission. This DFE algorithm
gives noticeable improvement since the error propagation was
interdicted. And it needs not to change the frame structure of
existing protocol.
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Abstract
We present a comparison of wireless
sensor network performance in a variety
of environments including resting on and
near the surface of a freshwater lake.
The network was required to organize,
establish and maintain itself in or on the
water. Nodes were tested on a solid
ground surface, on the surface of the
water, below the surface of the water
(but not submerged) and fully
submerged. Performance metrics based
on link quality, parent changes and
formation time are presented under a
variety of scenarios. It was observed that
nodes operating on the surface of the
water performed much better than those
on a hard surface, operating at a greater
inter-node spacing and experiencing
fewer parent changes. Submerging one
or both nodes had considerable but not
overwhelming effects on network
performance.

type of technology have been alleviated,
however military applications continue
to present additional challenges that
must be addressed. [1] Much of the
previous work in the field has been
accomplished for dry environments.
Consequently, the focus of this work is
with relation to watery environments.
The objective of this paper is to
evaluate the performance of wireless,
unattended sensor networks in a
freshwater environment. Performance
metrics of interest are network formation
and organization and communication
range and efficiency. These will be
assessed with respect to a variety of
orientations on and in the water.
Tingle
[2]
observed
the
communication and sensor ranges of the
MICA2 mote at a fixed radio
transmission power over four types of
terrain. The four terrain types were open
terrain, outdoor wooded terrain, urban
outdoor terrain and indoor terrain. The
tests were conducted at ground level and
two heights, six and twelve inches off
the ground. The study found that the
radio ranges varied between five to
nineteen meters. It was noted that
communication at ground level was
never greater than six meters and the
longest connectivity recorded was
nineteen meters with the mote at twelve
inches off the ground in the indoor
environment. The study also tested the
characteristics of the different types of
sensors that can be used in wireless
sensor networks and the viability of their

1. Introduction
As technology continues to progress
at a prodigious rate the size, weight, and
cost of the components necessary to
realize these mandates become viable.
The
maturation
of
technologies
involving integrated circuitry, wireless
communications, and data networking
make the systems more autonomous
without sacrificing processing capability.
All of this combines to provide a
practical
mechanism
for
the
implementation of this type of system.
Many of the risks associated with this
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different proximities. After some
baseline results were obtained for motes
on an arbitrary hard surface, they were
tested on the surface of the water and
floating below the water’s surface
without being completely submerged.
Submerged performance was not
specifically evaluated, but is discussed
briefly. Performance metrics were then
evaluated from the data gathered during
these experiments.

use in military applications. This
information is of particular interest in
comparison to similar data obtained in
the experimentation performed for this
work. [2]
A separate study evaluated the
connectivity ranges of motes using the
XMesh routing protocol for multiple
power
settings.
XMesh
proved
adaptable, reliable, and stable under a
variety of stressors at all power levels.
The study also performed an energy
efficiency study to explore various
means of extending network longevity.
[3]
The study in [4] provides a detailed
study of the performance of mote
antennas
and
their
radiation
characteristics.
A new approach for electromagnetic
(EM) wave propagation through
seawater was presented in [5].
Experiments were conducted in a
laboratory as well as real seawater
environments.
Finally, in [6] a small underwater
robot was designed for experiments with
sensor-actuator networks. The MICA2
mote platform, which is used extensively
in the sensor networking community as
an experimental testbed, was the basis
for the robot. Depth regulation and
temperature measurement were reported
and analyzed in preliminary tests.

2.1 Experimental Procedure
All experiments were performed
using MICA2 motes manufactured by
Crossbow Technologies utilizing the
high transmit power level of +5 dBm
(1.64 mW). The specific data gathered
for each of the following sections was
gathered for a variety of different
situational conditions. In order to gather
a baseline of dry performance data, mote
performance was evaluated on a hard
solid surface with little possibility for
multi-path reception. A tennis court was
chosen as these conditions most closely
approach those of the open watery
surface used for the remainder of the
experiments. A number of other dry
implementation
scenarios
were
evaluated in the study by [2]. In [2], the
communication and sensor ranges of the
MICA2 mote at a fixed radio
transmission power over four types of
terrain were tested. The four terrain
types were open terrain, outdoor wooded
terrain, urban outdoor terrain and indoor
terrain, none of which were optimally
suited for comparison to water in this
context. Next, motes were tested floating
completely on the surface of the water.
Following this, tests were completed
with one mote floating completely on the
surface of the water with the others
floating just below the surface of the
water
without
being
completely

2. Background
This
section
discusses
the
experiments undertaken and the results
that they produced. The experiments
were performed under a variety of
conditions with several parameters of
interest. Mote performance in the areas
of radio reception range, signal quality,
network stability, and network formation
times were evaluated on the water at
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parent. The final mote, node two, was
positioned to establish node one as its
parent.
This
configuration
was
established due to difficulties involved
in attempting to float the base station
and its associated connections to the PC
in the water while maintaining the
appropriate antenna orientation. At times
it was noted that node two’s parent
would switch to node zero, but only at
shorter ranges which had no real bearing
on the range testing. Once confirmation
of network communication between the
nodes was verified, the motes were
moved apart incrementally until the link
was lost. Node two was then moved
back toward node one until the link was
reestablished. This process was repeated
no less than four times to ensure
consistent results.

submerged. Maintaining an area above
the mote open to the air was the critical
element of this and the following
segment of testing to prevent the futility
of trying to actually transmit through the
water, which will be discussed later.
Finally, tests were performed with all
motes floating just below the water’s
surface. Figure 1 depicts the difference
between floating on the water and
floating in the water. The easiest way to
achieve neutral buoyancy was to be able
to control the volume of the container.
This was accomplished using Zip-lock™
sandwich bags. The bags were inflated
slightly to provide positive buoyancy
and weighted down with two rolls of
fifty pennies each along with the mote
until neutrality was achieved. Floating
on the water the bags were completely
inflated with no additional weighting
added. [2]
A consistent antenna orientation was
used to minimize loss due to polarization
mismatch. Mote antennas were oriented
perpendicular to the sensor ground plane
and parallel to each other.

2.1.2 Link Quality Link quality was
also measured using Mote View
software. Link quality is defined as the
ratio of the number of information
packets received to the total number of
information packets actually sent. This
value was calculated from data provided
by Mote View. Mote View provides
retransmission data in the form of
“retries” expressed as a percentage. This
represents the percentage of the time that
a node had to retransmit a packet due to
the
lack
of
a
link-level
acknowledgement. In order to determine
link quality from this quantity one
hundred percent was added to the
percentage of retries and that result was
divided
by
one
hundred
and
reciprocated. This is shown in Equation
(1) and gives the fraction of sent packets
that were received and acknowledged.
1
(1)
LinkQuality =

Figure 1. Mote Placement “ON” versus “IN” the
Water

2.1.1 Radio Range Radio reception
ranges between communicating motes
was determined using a simple
procedure involving Mote View
software while utilizing three motes. The
first mote, node zero, was established as
the gateway or base station. The second
mote, node one was placed such that
node zero, the base station, became its

[(100% + RetryValue%)

100

]

As an example, if the retry value was
6.5, this means that 6.5% of the time a
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packet is retransmitted due to the lack of
a
link-level
acknowledgement.
Therefore, adding the extra 6.5% that
were retransmitted to the 100% that were
received and acknowledged results in a
ratio of the total number of information
packets sent to the number of
information packets that were received.
This is the inverse of the desired valued
for link quality and reciprocating it will
result in the link quality. Reciprocating
the fractional representation 106.5%,
which is 1.065, results in a fractional
value of 0.939, which would be link
quality of 93.9%. Link quality was
measured incrementally during the
determination of radio reception ranges
at all ranges noted. [7]
2.1.3 Network Formation Network
formation was timed from the initiation
of the network with motes at various
ranges. The network was considered to
be initiated for this portion of the
experiment when the motes were
activated and moved into position as
quickly as possible. This was done to
simulate a mass dispersion of motes into
an inaccessible area where the motes
would be activated en masse and
inserted to perform their function. In this
instance, activated means that power was
applied to the motes or that they were
switched on. The network was
considered formed and time stopped
when all of the nodes set in place and
activated were accounted for by the base
station with their data being received.
This part of the experiment was
performed with nine motes, including
the base station, situated in a relatively
uniform distribution that would allow
great flexibility in parent selection. The
nodes of the network were configured
into rows that layered away from the
base station with three in the first row,

two in the second, and three in the last.
The base station is node zero with all of
the other nodes being one through eight
as they get further away. Figures 2 and 3
depict the formation and give an
example of the parents selected. The
procedure was performed at three ranges
for each situational condition except the
both “IN” the water situation. The first
range is one meter, one half meter for
the both “IN” situation, well within the
most reliable region. The next was at the
far edge of the reliable region, one meter
for the both “IN” situation. The last was
at the maximum radio reception range as
a representative case for the transition
region. The procedure was repeated four
times at each range.

Figure 2.
Communication
Topology
Example for Node Formation and Parent
Selection Experiments
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phase shift is somewhat greater than the
180 degrees caused as a result of the
reflection. The net result near the ground
is a weakening of the direct wave that is
roughly equal to the strength of the
reflected wave. The surface path
component
of
the
ground-wave
component is affected primarily by the
conductivity and the dielectric constant
of the terrain. When both the
transmitting antenna and the receiving
antenna are close to the ground, the
direct path and ground-reflected path
tend to cancel each other. The surface
path is not confined to the earth’s
surface and extends up to considerable
heights. Diminishing in strength with
increased height its intensity becomes
negligible at about one wavelength
above the ground and five to ten
wavelengths above sea water. The
ground absorbs part of the surface path’s
energy attenuating the electric intensity
of the surface wave. This attenuation is
dependent on the conductivity of the
terrain over which the wave travels, sea
water being the best type of surface for
surface-wave transmission. [8]

Figure 3.
Alternate
Communication
Topology Example for Node Formation and
Parent Selection Experiments

3. Experimental Results
3.1 Radio Range
Propagated ground waves take three
separate paths to the receiver, the direct
wave, the ground-reflected wave, and
the surface wave. A ground wave’s
effectiveness of depends on a number of
factors. These factors include the radio
frequency,
transmitter
power,
transmitting antenna characteristics,
electrical characteristics of the terrain,
and electrical noise at the receiver site.
All of these factors remained constant
for the purposes of these experiments
save one, the electrical characteristics of
the terrain. Specifically, these are the
conductivity and dielectric constants of
the terrain. The direct path component of
the ground-wave travels from the
transmitting antenna to the receiving
antenna directly, while the groundreflected path is reflected off the ground
or sea en route to the receiving antenna.
Once reflected off of the terrain’s
surface, the phase of the ground wave
shifts 180 degrees. The ground-reflected
path traveling a longer distance in
reaching its destination, the overall

3.1.1 Hard Surface
In continuing a portion of the
research conducted by [2] study some
expectations were made based on his
results. During his research he observed
radio reception ranges did not exceed
four meters with motes on the ground in
open outdoor terrain that consisted of a
grassy field with little opportunity for
multi-path reception. Moving the
experiment to a hard solid surface with
more favorable conductivity and
dielectric characteristics, still little
opportunity for multi-path reception and
motes on the ground produced radio
ranges out to seven meters. Motes were
moved incrementally one meter at a time
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an RF signal becomes compressed,
slows down, and is attenuated more
rapidly. This is especially true in salt
water. The experiments documented
here were performed using fresh water
which, while not having as great an
effect on signal losses as salt water, still
causes severely detrimental signal
losses. [9]
The fully submerged radio reception
range between two communicating
motes was on the order of centimeters
for which no foreseeable purpose can be
determined. No further experimentation
under these conditions was performed.

beginning at one meter. When moved
beyond seven meters to eight meters
reception was lost and regained when
returned to seven meters. An increase in
radio range was expected, but the
magnitude of the change being 75%
demonstrates the significance of terrain
with respect to mote performance. These
results were consistent over four
repetitions of this cycle and are
graphically depicted in Figure 4 which
follows in the section covering link
quality. [2, 8]
3.1.2 On Water Surface While sea
water possesses the best conductivity
and dielectric characteristics for surface
wave propagation, a fresh water lake
was used for the purposes of these
experiments. Even so, moving the
experiment from a hard solid surface to
fresh water with even more favorable
conductivity
and
dielectric
characteristics, little opportunity for
multi-path reception, and motes on the
surface of the terrain produced radio
ranges out to nine meters. Again motes
were moved incrementally one meter at
a time beginning at one meter. When
moved beyond nine meters to ten meters
reception was lost and regained when
returned to nine meters. While the 29%
increase in radio range is not as dramatic
as the increase from the previous
section, it is nevertheless significant and
further demonstrates the importance of
the terrain and its effects on mote
performance. These results were
consistent over four repetitions of this
cycle and are graphically depicted in
Figure 4 which follows in the section
covering link quality. [8]

3.1.4 Below Water Surface This
portion of the experiment took place in
two stages demonstrating more of the
detrimental aspects of water as part of
the communication environment. In the
first stage, data was collected with one
of the nodes “ON” the water, completely
above the surface of the water as before
while the other node was “IN” the water,
floating completely below the surface,
but not completely submerged, as
discussed above. In the second stage,
data was collected with both of the
nodes “IN” the water, floating just below
the surface. With this geometry the
advantages provided by water with
respect to surface wave propagation are
never fully realized. The water between
the motes acts as a barrier until the
signal radiates clear of it. At this point
only a portion of the signal, which is
weaker in magnitude, is allowed to
propagate along the surface. [4, 8]
(1) One Node “IN” the Water/One
Node “ON” the Water. Once placed in
this configuration, motes were moved
incrementally one meter at a time
beginning at one meter. When moved
beyond four meters to five meters
reception was lost and regained when

3.1.3 Submerged Water is a poor
medium for the propagation of RF
signals. In anything besides free space
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returned to four meters. With the shorter
range the mote was then moved away
only another half meter when again the
link was broken. This decrease of just
over 55% from the open water trial is
very significant. It begins to delineate
the serious shortcomings involved with
using this technology with respect to
water. These results were consistent over
four repetitions of this cycle and are
graphically depicted in Figure 4 which
follows in the section covering link
quality.
(2) Both Nodes “IN” Water. In this
final configuration, motes were again
moved incrementally beginning at one
meter, but this time only one half meter
at a time. When moved beyond one
meter to one and a half meters reception
was lost and regained when returned to
one meter. This result, with another 75%
decrease in radio range from the
previous case, clearly demonstrates that
compelling issues remain for these
systems in this environment. These
results were consistent over four
repetitions of this cycle and are
graphically depicted in Figure 4 which
follows in the section covering link
quality.

3.2 Link Quality
The data measured for link quality
was
recorded
incrementally
in
conjunction with the radio reception
range
data.
The
retransmission
percentage was averaged over a five
minute period at each range increment
and used to calculate the corresponding
link quality as previously described in
the procedure section.
Figure 4 depicts the qualities of the
links at the various ranges. This figure
clearly demonstrates three distinct
performance regions for each situation
except the last which only shows two.
The first three trials have distinct regions
where the performance is very reliable,
averaging in the middle to high nineties
for link quality expressed as a
percentage. This region for the hard
surface, water surface, and one
“ON”/one “IN” trials extends out to
ranges of five meters, seven meters, and
three meters respectively. The trial with
both motes “IN” the water exhibited no
such region as link quality improved
only marginally inside of one half meter
where the chart stops.

Link Quality vs. Reception Range

Link Quality (%)

1
0.8

Hard Surface

0.6

Water Surface

0.4

One Mote Sub-surface
Both Motes Sub-surface

0.2
0
0
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6
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8

9

10 11

Reception Range (m)
Figure 4.

Link Quality versus Radio Reception Range
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All trials displayed attributes that fall
into a transitional region where reception
was possible, but link quality was not as
high. This region for the hard surface,
water surface, one “ON”/one “IN”, and
both “IN” trials extends from the reliable
region, except in the case of the both
“IN” trial, out to the maximum radio
range of seven meters, nine meters, four
meters, and one meter respectively.
Beyond this maximum radio reception
range is the unusable region beyond
which no communication is possible.
This behavior was predictable and
similar from case to case.

Formation Time
(min)

Hard Surface/Both "ON" Water
6

Hard Surface Trial 1

5

Hard Surface Trial 2

4

Hard Surface Trial 3
Hard Surface Trial 4

3

Both "ON" Trial 1

2

Both "ON" Trial 2

1

Both "ON" Trial 3
Both "ON" Trial 4

0
0

5
Range (m)

10

Figure 5.
Hard Surface and Both “ON”
Water Network Formation Times

Formation Time
(min)

One "ON"/One "IN" and Both "IN"

3.3 Network Formation
Network formation times were recorded
as described in the procedure section and
were equally as predictable and similar
across all cases. With motes operating
anywhere in their respective reliable
regions as discussed in the previous
section,
network
formation
was
completed in one to two minutes. With
motes operating at maximum radio
reception range, as a representative case
for the transition region, network
formation was completed on average in
four to five minutes. This was the case
for all situations except for the both “IN”
the water scenario which were on
average a full minute longer than all of
the other situations. This geometry poses
significant problems for mote to operate
in. Figure 5 depicts the specific results of
the hard surface and both “ON” the
water network formation times while
Figure 6 depicts the one “ON”/one “IN”
the water and both “IN” the water
network formation times. These results
made sense as they paralleled the overall
communications
difficulties
demonstrated by the link quality
measurements discussed in the previous
section.

8

One "ON"/One "IN" Trial 1
One "ON"/One "IN" Trial 2

6

One "ON"/One "IN" Trial 3
One "ON"/One "IN" Trial 4

4

Both "IN" Trial 1
Both "IN" Trial 2

2

Both "IN" Trial 3
Both "IN" Trial 4

0
0

2
4
Range (m)

6

Figure 6. One “ON”/One “IN” and Both “IN”
Water Network Formation Times

3.4 Network Stability
Network stability was evaluated as
described in the procedure section and
was similar across all cases except the
both “IN” cases. The hard surface and
both “ON” the water cases were nearly
identical. The one “ON”/one “IN” case
had one minor difference from these
cases due to its configuration. In the one
“ON”/one “IN” case the base station is
“ON” the water with the closest row of
three motes “IN” the water. The next
layer of two motes was also “ON” the
water with the last row “IN” the water.
The both “IN” case in particular further
demonstrated the difficulties associated
with this geometry with its results
standing apart from the other situational
trials completely.
Through all of the experiments the
network exhibited great stability once
network formation was complete. Most
parent changes occurred during network
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cases, the nodes closest to the base
station established and maintained the
most stable links directly with the base
station with the fewest number of parent
changes, if any parent changes were
made at all. However, in this trial the
other nodes that were “ON” the water
established and maintained the most
stable links. This is due to the geometry
of the links that were involved in order
to even make this trial possible. With the
ranges set in order to allow one
“ON”/one “IN” links to be established,
all motes that were “ON” the water were
well within the reliable ranges
established for both being “ON” the
water. It came as no surprise then that
nodes four and five in the second row
away from the base station established
and maintained the most stable and
reliable links directly with the base
station. There was a greater than 500%
increase in parent changes between the
closest nodes and the rest of the nodes in
general.

formation. While operating within their
respective reliable regions established in
the radio range section, each node
underwent a parent change on average
just over once in a thirty minute period.
While operating at maximum radio
reception range, again as a representative
case for the transition region, each node
underwent a parent change on average
less than three times in a thirty minute
period. On only a couple of occasions
did a node change parents a maximum
observed five times in the thirty minute
period while in the reliable range. These
could be attributed in part to the mobility
of the network during the cases in which
the motes were in the water as they
drifted in place. The lone exception to
this was the both “IN” the water
situation which has no reliable region.
On the lone occasion that a node was
lost, all routing was redirected and the
network reorganized in less than one
minute.
3.4.1 One “ON/One “IN” Network
Stability Trial In all of the other trial

Average Parent Changes vs. Distance from Base Station
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Range

Average Parent Changes
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Figure 7.
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Average Parent Changes versus Average Distance from the Base Station

instability throughout its transition
region including the three nodes closest
to the base station. The nodes in general
changed parents on average just fewer

3.4.2 Both “IN” Network Stability
Trial This last case stood apart from the
other trials in that all nodes
demonstrated a higher degree of
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capability by more than half to four
meters. Twice as many motes would be
required to cover the same area. With the
potential for motes to be on opposite
sides of a wave or temporarily
submerged and constantly moving in a
variety of directions additional research
with more dynamic situations will be
necessary and is currently being pursued.

than three times, almost one full parent
change more. A difference between the
nodes closest to the base station and the
rest of the nodes was noted, but to a
lesser degree than in previous situations,
only about a 33% increase in parent
changes.
As a final consolidation of data
Figure 7 is presented to demonstrate the
effect of distance from the base station
on overall network stability.
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4. Conclusions
The wireless, unattended sensor
network performed admirably in
situations where calm surface water
conditions could be assured. With motes
resting atop the surface of the water the
performance even exceeded the dry land
results. Surface path propagation over
water allowed radio reception ranges out
to a distance of nine meters whereas the
radio range on a hard dry surface was
only seven meters. However, this
increase in range was undone by the
very medium that provided it. A problem
not as readily experienced on dry land,
but very commonly associated with
floating on the water is mobility. For the
purposes of all of the experiments that
took place in the water, a certain amount
of herding was necessary to keep the
motes in positions appropriate for the
gathering of data.
Mobility notwithstanding, water
precipitates other difficulties. Any water
between two motes that are attempting to
communicate greatly decreases their
communication range to the point of
futility. Completely submerged, motes
have a communication range of a few
centimeters and limited practical use.
The transmission geometries for
situations where one mote is below the
surface of the water reduce this
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Abstract—In this paper, we focus on the effect of random access
delay of TDMA MAC on the TCP performance over IEEE 802.16
d/e. The random access protocol of IEEE 802.16 d/e is based on
orthogonal frequency-division-multiple-access (OFDMA)-codedivision-multiple-access (CDMA) with time-division-duplexing
(TDD) mode and increases round-trip-time (RTT) of TCP flows
over uplink transmission. And to speed TCP throughput up
without revising existing TCP implementations, RTT of wireless
portion in the wired-cum-wireless environment among many
factors needs to be reduced by the MAC layer. In this paper, we
analyze the delay factor of the random access protocol of IEEE
802.16 d/e considering the implementation complexity and show
that it is closely related to TCP performance. And we propose the
algorithm to minimize that delay factor using the characteristic
of TCP delayed ACK which is generally adopted by most of the
TCP versions.
Keywords-TCP; Random Access; TDMA; 802.16; MAC

I.

INTRODUCTION

IEEE 802.16d wireless metropolitan area network (MAN)
which has been standardized for band from 10 to 66 GHz has
been emerged as a promising solution to provide broadband
data to business and homes and as the alternative of the
expensive wired infrastructures such as T1, DSL (Digital
Subscriber Line) or Cable-modem-based connection BWA
(Broadband Wireless Access) [1]. In particular, IEEE 802.16e
including WiBro (Wireless Broadband Internet) which has
been launched in Korea since 2006 can provide subscribers
with mobility over 60 km/hour [2]. In this paper, we assume
that the physical layer features orthogonal frequency-divisionmultiplexing (OFDM) with TDD mode and the MAC
(Medium Access Control) layer features TDMA (Time
Division Multiple Access) mode among various modes of
IEEE 802.16a/b/c/d/e. OFDM/TDMA (Time-Division
Multiple Access) TDD systems has proved to provide a good
solution for high-speed packet transmission which has the
specific features such as the discontinuous data transmission
and the traffic asymmetry between uplink and downlink [3].

In this paper, we focus on the effect of random access delay
of TDMA MAC on the TCP performance. We developed one
test environment, which is WiBro testbed sponsored by
Samsung and developed by our lab and supporting about total 4
Mbps data rates, and measured three types of real Internet
throughput in the SS. For this measurement, a general lab top
computer and above the mentioned SS are used and connected
with PCMCIA interface and multimedia movie file is
streaming-serviced into a web browser, Microsoft Internet
Explorer, using a media player, Microsoft Media Player, with
each streaming protocol option as UDP or TCP with and
without random access process from wired Internet Server. In
these tests, we can see the definite throughput difference
between UDP and TCP which arises from the protocol
characteristic as UDP does not need congestion control
mechanism. And the throughput gap between with the same
TCP options but with and without random access process is
also significant and certainly related to the uplink random
access delay specified by IEEE 802.16 d/e TDMA MAC.
Therefore, in this paper, we analyze the effect for the random
access protocol to have on the TCP flow and suggest the
algorithm to minimize that effect using the characteristic of
TCP delayed ACK which is generally adopted by most of the
TCP versions.
This paper is organized as followings. In section II, the
random access protocol of 802.16 d/e and TCP delayed ACK
are described. The structure and operation of IEEE 802.16 d/e
SS is discussed in III. The new random access algorithm using
TCP delayed ACK is given in IV. Result and concluding
remarks are given in section V and IV respectively.

II.

TCP THROUGHPUT OVER IEEE 802.16 D/E TDMA
MAC

A. 802.16 Uplink Random Access Protocol
As shown in Figure 1, a frame which can be 2.5, 4, 5, 8, 10,
and 12 ms consists of downlink (DL)- and uplink (UL)subframe with Tx/Rx transmission gap (TTG) and Rx/Tx
transition gap (RTG) (In our tests, 5 ms are assumed).
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binary exponential backoff algorithm. If T3 and the size of
maximum contention window increase, the difference in
access delay is high while the variation of the access
throughput (packets/frame) is insignificant (Assuming the
population size in a cell is under 100). In addition, the effects
of the number of PN codes used for bandwidth request ranging
and the number of slot-subchannels in a UL-frame increase
according that the population size increases with the number
of population of under 100. And T16, scheduling time, by BS
and piggyback probability also have the significant effect on
the access delay and throughput.
Figure 1. The frame structure and backoff algorithm of IEEE 802.16d/e

The horizontal axis shows a series of slots of DL- and ULsubframes while the vertical axis depicts the logical
subchannels which consist of 48 data subcarriers respectively.
In DL-subframe, the preamble representing each BS and frame
control header (FCH) indicating current frame information and
its DL-MAP are broadcasted to every SS in the cell. UL-and
DL-data are transmitted through UL- and DL-burst regions to
each SS. The information about data burst to each SS is
specified by UL- and DL-MAP. For each SS to transmit ULdata, it does contention-based uplink random access procedure
in the ranging channel.
Each SS in the same cell can transmit a bandwidth request
(BW) code on a randomly selected ranging subchannel slot
whenever it gets data sent to BS. This bandwidth code is a
subsequence of a PN code and is selected from a group of PN
code managed by the BS. If the BS receives the code
successfully from the SS, it sends CDMA allocation message
which is included in UL-MAP and assigns the bandwidth for
the SS to send a bandwidth request message. The SS compares
the code value to be sent to BS with the code value indicated
by CDMA allocation message continuously. If the CDMA
allocation message with the same code value is not received in
the specified time which is indicated by T3 timer, the SS
launches a binary exponential backoff algorithm to retransmit a
BW code as shown in the lower part of Figure 1. On the
reception of the CDMA allocation message with the same
value, SS sends the bandwidth request message to include a
number of bytes requested for UL-data transmission in the ULburst region. Then, BS allocates the requested bandwidth to the
SS.
IEEE 802.16 d/e MAC protocol is a class of demandassigned multiple access (DAMA) which means contentionbased random access process. By this characteristic,
significant additional delay for uplink transmission is added in
contrast to WCDMA system in wireless portion of the wiredcum-wireless environment, in particular, for TCP
(Transmission Control Protocol) connections which require
the ACK packets to be transmitted to the server in the Internet
in case of web services. In this paper we define this as random
access delay. In [4], the performance of IEEE 802.16d random
access protocol is analytically studied according to the various
parameters. T3 timer which expires without the CDMA
allocation message plays the role of constant delay in the

B. The impact of TCP delayed ACK and RTT
The shortcoming of acknowledging all segments is to
consume twice the power and bandwidth for transmission of
ACKs compared to that of delayed TCP ACK. It leads to the
increase of data packet drop rate and to frequent network
congestions. So most TCP implementations are using delayed
ACK scheme [5,6,7]. However, delayed TCP ACK can cause
the amount of TCP transfer time to be doubled and RTO
(Retransmission Timeout) for the first segment due to delayed
ACK latency which forces ssThresh to shrink to 2 and leads to
very slow increase of window size afterwards because the
initial timeout is larger than the majority of RTTs one
encounters in the Internet today. This situation has negative
effect especially on the short-lived flows that compete within
the slow start phase to obtain the short response time for good
performance [8]. Statistical studies of Internet traffic show that
most TCP are short-lived flows which can be finished in about
50 packets and are about 99% of the total TCP connections
[9,10].
[11] describes transfer time t for short-lived TCP flows.
The transfer time t is described by a function of RTT (round
trip time), MSS (Maximum Segment Size), w (segment
window size), k (the number of simultaneous TCP
connections) and tdelack (delayed acknowledgement). With
larger w, MSS and k, transfer time can become shorter. Among
these factors, bigger MSS may cause larger number of
retransmission for the small bit errors especially in wireless
environments. And w, r and delayed ACK penalty can be
minimized if the existing TCP implementations is revised to
include the new algorithms such as new delayed ACK
algorithm (e.g., ‘DAASS’ and ‘BADA with SNDA’) to solve
the presented problem in transport layer.
However, it is very difficult to revise all the existing TCP
implementations. In this paper we have interests on the
reduction of RTT by minimizing the UL-random access delay
of TDMA MAC layer in the IEEE 802.16 d/e SS.
C. The analysis of RTTover IEEE 802.16 d/e TDMA MAC
In this paper we focuses on RTT reduction of the wireless
portion, in particular, for the MAC layer of SS side. RTT in
consists of wired portion and wireless portion as following
expression for IEEE 802.16 d/e wired-cum-wireless
environment.
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RTT = Twired + Twireless

(1)

time for decoding and encoding the data, and scheduling data
and bandwidth resources which is equal to 4 frames and may
be different in other implementation is needed. And this
additional delay is related to implementation complexity. the
shorter additional delay becomes, the more complex
implementation becomes generally.
Figure 2. The frame sequences for UL random access procedure considering
implemenation

TABLE I.

Bytes
Workload
Map Parsing
memcpy()
DES
CRC

in which Twired component is ignored in this paper as it is not
controllable throughout the Internet. Then, Twireless is given by

Twireless = Tuplink + Cdownlink + 2Twait
= Trandom_ access_ delay+Ttransmit+ Cdownlink+ 2Twait

(0 ≤ T

wait

< T frame _ duration + Tscheduling _ time )

where Tuplink and Cdownlink are the UL- and the DL-transfer time
between the BS and the SS respectively. And Twait means the
time during that a TCP segment has to wait until the
beginnings of the DL-subframe in the BS and the UL-subframe
in the SS to be transmitted after arriving and Ttransmit is the time
to be transmitted to the BS from the SS. In above expression,
Cdownlink portion can be assumed constant because TCP
segments can be sent without delay except for scheduling time
by BS when the downlink bandwidth is enough. Then the
uplink random access delay can be obtained by
n

Trandom _ access _ delay = ∑ ps (1 − ps )i −1 2i −1T frame +
i =1

2Tassignment + Ttransmit

(2)

In (2), ps is the probability that a SS transmit its PN-codes
on an uplink-subframe in a cell and the BS receives it
successfully when the wireless channel is assumed to follow
Rician distribution. And Tassignment is the time in which the a
bandwidth for the bandwidth request message or TCP segments
can be scheduled for being allocated to the SS by the BS and
Tframe is one frame duration (e.g. 5 ms assumed in this paper). i
means the number of retransmitting PN-code.
According to above (2), Trandom_access_delay may be 4 frames if
ps is 1(Many papers showed the algorithms to minimize this
factor in dynamic wireless channel state which means dynamic
value of ps. However in this paper Trandom_access_delay is assumed
constant.) This results in minimum 8ms to maximum 24 ms as
the IEEE 802.16 d/e specification defines various frame
durations which are 2, 2.5, 4, 5, 8, 10 and 12 ms. This can be
ignored considering benefits from TDMA/TDD mode although
this increase average RTT of TCP connections. However,
considering the implementation of this specification, other
delay factors can be added. Figure 2 depicts this situation in
detail with the example of our WiBro project developed in
2003 with Samsung in which targeting traffic rates of a SS for
uplink and downlink streams are 1 Mb/s and 3 Mb/s
respectively. As shown in this figure, in addition to the above
delay specified by IEEE 802.16 d/e, the additional processing

PROCESSING LATENCY COMPARSIONS(IN MICROSECONDS)
128

1024

2048

22
10
141
26

22
28
162
172

22
50
186
347

For example, such additional delay can occur in this case.
According to our previous analysis [12], if UL-MAP pertains
to the current frame (i.e., the frame in which UL-MAP was
received), only about 1 ms can be given to MAC for the uplink
because MAC can know its own opportunity and allocated
bandwidth length for uplink transmission after it gets the ULMAP. And Table I shows execution time statistics for CPU to
execute presented workloads which are essential for MAC
functionalities or to develop others. This test is done on the
realtime embedded Linux operating system, Montavista Linux,
based on the StrongARM SA-1110 processor. As shown in
statistics, although overloads such as ARQ and scheduling
which are difficult jobs to be analyzed quantitatively are not
assumed, it takes about 600 us for one MAC PDU (Program
Data Unit) to be made in MAC layer. However, in the worst
case 600 us is not enough because of the characteristic of the
burst of the TCP connection and processing delay variations
which depends on the characteristic of the real-time operating
system on the MAC board and increases in proportion to the
processing latency and the traffic loads. This situation can
cause droppings of packets and cause real-time applications
supporting the movie or audio files over 1 Mb/s to experience
the stall whenever an uplink burst such as TCP
acknowledgement packets are dropped. Therefore, additional
delay which is at least about 1.3 ms is required and leads to
frame sequences shown in Figure 2 when the MAC layer is
implemented in Montavista Realtime Linux kernel.
In the result, the Trandom_access_delay can increase to 8 frames
and the total delay for uplink transmission leads to maximum
11 frames which are 55 ms if one frame duration is 5ms
although ps is assumed 1 that means none failure on receiving
PN-code. The longer one frame duration is, the longer RTT
becomes. The method to reduce the uplink random access
delay in IEEE 802.16 d/e is required

III.

LOOK-AHEAD RANDOM ACCESS ALGORITHM USING
DELAYED ACK

In this paper, we have special concerns about the TCP
performance including Web and multimedia streaming services
from point of view of the SS. When we estimated the
throughput of streaming service from a general Internet
multimedia server using media player (e.g., Microsoft windows
media player 9 ) over IEEE 802.16 testbed in our lab, we could
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easily find the difference between with UDP option and with
TCP option as the streaming protocol. The one with TCP
option is about one third of the other with UDP option. As
known widely, this difference occurs because the TCP module
at the far end needs to sends back an acknowledgement for
packets which have been successfully received to handle both
timeouts and retransmission for reliable and in-order delivery
of data.

(e.g. about 8 or 9 frames in our testbed), it can execute the
random access procedure in advance. Therefore, as soon as the
delayed ACK packets arrive, they can be transmitted to BS
without any delay.

We changed the normal testbed in order to check how
much the uplink random access delay has the effect on the TCP
performance with above the same content. In this testbed, we
made the BS allocate bandwidth for the SS to send its TCP
packet without the uplink random access process every frame.
The throughput of the third with TCP options as the streaming
protocol is two third of that with UDP options. So many papers
tried to propose various contention resolution algorithm to
minimize Trandom_access_delay , ps , and n [13]. However, with a best
algorithm, Trandom_access_delay can be minimized but not be
removed. In this paper we propose the method to remove
Trandom_access_delay delay factor from RTT of TCP connections for
a IEEE 802.16 SS in the best although UL-random access
processes are still executed for the UL-transmission.

Figure 4.

Figure 3. Example of delayed ACK packets monitored in SS

Currently most TCP implementations are using delayed
ACK scheme in spite of a few shortcomings introduced in
section II. In previous tests with TCP option as the streaming
protocol, these delayed ACKs are monitored every 200 ms like
in Figure 3 (This value can be changed from system to system).
The left part of Figure 3 shows TCP segments captured at the
NIC (network interface card) in the laptop computer by a kind
of protocol analyzer, e-Watch Pro and the right of Figure 3
shows SDUs monitored at the MAC layer of IEEE 802.16 SS,
which is located at the other processor and interfaced with the
laptop computer by PCMCIA (Personal Computer Memory
Card International Association) interface, by a kind of
debugging tool by developed by our lab. ‘Time’ column in the
right side of figure shows that delayed TCP ACKs indicated by
the green color are delivered to BS every near 200 ms. These
packets’s connection identifier (CID) is 147 and their length
are 60 bytes.
Our basic idea to remove Trandom_access_delay factor from RTT
of long-lived multimedia TCP flows in the IEEE 802.16 SS is
based on using this characteristic. If the delayed ACK timer is
known to the MAC layer before a few number of frames,
Nlook_ahead, within that delayed ACK packets come to this layer

Look-ahead random access algorithm using delayed ACK

The simplest approach to achieve this goal is cross-layer
design between the TCP layer and the MAC layer. However,
the shortcoming of this approach is to require the TCP
implementation, which is already distributed, to be revised.
Another approach is like the snoop module algorithm in which
the snoop module (agent) in BS observes the flows of TCP
packets and TCP ACKs and stores
them
for local
retransmission of the wireless portion in wired-cum-wireless
environment [14].
In our algorithm this snoop agent is located at SS and
observes the flows of TCP packets and TCP ACKs like [14]
but does not store them and bypasses them. The algorithm is
depicted in Figure 4 in detail. This algorithm consists of two
phase. In the first phase of the algorithm corresponding to the
left part of Figure 4, the delayed ACK timer in the MAC layer
is synchronized with the delayed ACK timer in TCP layer,
which goes off at every 200 ms relative to when the kernel was
bootstrapped, using UL-SDU. This synchronization is regarded
as achieved if a few numbers of successive UL-SDUs
including TCP ACKs arrives at every 200 ms . For this one
incrementing counter depicted as Synch Counter is added.
At start, Synch Counter and delayed ACK timer of MAC
layer is initialized as zero. Whenever UL-SDUs with TCP
ACK packets arrive at SS from the laptop computer, the arrival
time is recorded and compared with the delayed ACK timer. If
the time difference is not equal to about 200 ms, Synch
Counter is reset and the new arrival time is saved for the
delayed ACK timer. If the time difference is about 200 ms,
Synch Counter is incremented and the delayed ACK timer is
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updated with new arrival time. Then UL-SDU is transmitted
according to the normal UL-transmission procedure.
If the specified number of successive delayed ACKs which
mean that Synch Counter is over K are observed,
synchronization between the delayed ACK timer of MAC layer
and that of TCP layer is assumed to be achieved. In the second
phase, the delayed ACK timer is set to expire every 200 ms and
before N frames during that UL-random access procedure can
be completed. And the snoop agent looks over all the DL-MAC
PDUs from BS. If a reassembled SDU from multiple PDUs is a
complete TCP packet, the snoop agent notifies the scheduler of
the arrival of the TCP packet and bypasses it without additional
intervention and modification.
Whenever the delayed ACK timer goes off, the scheduler
of SS checks whether there are DL-TCP packets or not. If there
are, the scheduler checks if another random access process is in
progress again. If there is a procedure in progress, the request
for the wireless bandwidth is piggybacked. If not, the scheduler
initiates the new random access procedure before delayed TCP
ACK comes. After UL-random access procedure is completed
and a waiting UL-SDU comes, this packet can be transmitted
without any delay.

long lived streaming services. We will extend this algorithm to
short-lived flows and dynamic channel state which means
dynamic ps and Nlook_ahead proposed in section III in the future.
Figure 5. The throughput of multimedia streaming service over IEEE 802.16
d/e TDMA MAC
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Abstract—Spamming annoys most Internet users and consumes
Internet resource. In the past, most research efforts were
dedicated to the detection and prevention of junk emails by using
content filters on the email recipient server side. Unfortunately,
most studies developed have limited success on blocking the junk
emails. In this paper, we propose a system framework to block
spam on both the sender and the recipient sides. The proposed
framework comprises several components: Email Policy
Controller, Policy Email Service, Security and Exchange
Information Center, and Personal Email Assistant. Compared
with current prevalent content spam filter functioned passively on
email recipient server side, our framework provides several tiers
of reactive spam filter (not limited to content filter), and offers
reactive and proactive junk email prevention to stop spam source
sending them. This framework is transparent to SMTP and
compatible with current email transmission system so that it’s
easy to be deployed. Besides functioning in high speed network,
the system has some special properties in heterogeneous networks
which include low speed networks such as cellular networks. Aim
at most mobile devices with small LCD display and slow
connection such as PDA, the Personal Email Assistant component
in the system can help users read as few emails as they want
without missing important information in the travel by
preprocessing the emails with classification and importance
analysis.
Index Terms—Content filter, Junk email, Spam, SMTP

I. INTRODUCTION
With the advent of Internet, emails have been an essential
communication means for many people every day. The volume
of emails has also increased exponentially day by day. One of
the advantages of emails is that they allow communication
among people in different parts of the world. Unlike telephone
calls, emails also provide a record of message exchanged.
Another advantage is that they are more efficient than other
communication methods. Unfortunately, the convenience has
been abused by sending large quantities of unsolicited emails to
people, which is called spam or junk email.
There are several problems associated with growing volumes
of junk email. One is that people spend more and more time to
read and process junk emails. Another is that junk emails waste

large volumes of Internet resource such as bandwidth, storage
space, etc. In some cases, junk emails even bring the email
servers down. Even the worst is that the stealing of confidential
information such as the account number of credit card and etc.
To prevent all these, some issues including technique and law
suggestion were presented. According to our literature review,
most technique issues were focused on providing spam filter in
the recipient side with limited success. However, some of good
works intended to alleviate junk email have been published in
the reference [1-8] are still valued to review.
Under Simple Mail Transfer Protocol (SMTP) email
environment, it’s not easy for email recipient server to prevent
junk emails. Using filter to eliminate some unsolicited email
before they reach users’ email accounts is a conceivable method.
There are some different types of spam filters discussed and
compared in [1-4]. It is easy to understand that keyword-based
filter is a widely used one, but it is not learning based, and the
keyword pattern is set by hand with low efficiency. However,
Bayesian Email Filter is learning based [1]. This type of filter is
based on probabilistic theory and can be adaptive. In addition to
consider raw text of email message, the Bayesian filter can
increase the filter accuracy by considering domain-specific. Its
performance was analyzed in [2]. It was found that despite its
high spam recall rate and precision, the Naive Bayesian filter is
not viable when blocked messages are deleted. With additional
safety nets, however, like re-sending to private addresses, the
cost of blocking a legitimate message is lower and the filter has
a stable significance. Another type of essential learning method
is the memory-based learning approach [3]. It attempts to
classify messages by finding similar previously received
messages to identify the unifying characteristics of spam
messages. Both the Bayesian filter and memory-based learning
filter have accurate spam filtering, outperforming clearly the
keyword-based filter used in Outlook 2000, a widely used
e-mail reader. Following the junk email genre evolution, the
junk email detectors should also evolve to an intelligent method
in order to keep the detection accuracy and the computation
complex. Based on these considerations, a Spam-Detecting
Artificial Immune System was proposed by using biology
method [4]. It applied the artificial immune system model to
protect users effectively from spam. The resulting system
classifies the messages with similar accuracy to other spam
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filters, but uses fewer detectors, making it an attractive solution
for circumstances where processing time is at a premium. In
reference [5], authors investigated the linguistic features of a
corpus of junk emails, and tried to decide if they constituted a
distinct genre. From the linguistic analysis, people can know
junk email well and adopt more effective methods to prevent
them.
In addition to filter out the junk email, some researches
contributed to provide a quick normal email delivery [6]. The
prioritization scheme ensures that most of the good mail is
transmitted with small delays, at the expense of longer delays
for junk mail. This scheme greatly improves the performance of
current non-prioritized schemes.
Besides filtering out junk email, mail classification is another
important email process. It helps people manage emails and
save time. A self learning based email classification approach
can assist users in filing messages [7]. In this research, they
implemented and compared four different learning approaches:
sender, keyword, TF-IDF (it is an incremental learner
maintaining a table of word frequencies as message arrives) and
DTree (A simple decision tree learner). In all, this work
provides us with some ways to manage emails to decrease the
work load of email archive, filter, etc.
In addition to adopt technique to prevent junk emails, some
people suggested legal and regulatory methods. Pricing is
another approach to dealing with the problem of spam.
Charging a price for sending messages may help discipline
senders from demanding more attention than they are willing to
pay for. Price may also inform recipients about the value of a
message they read it. An economic model and the results of two
laboratory experiments to explore the consequences of a pricing
system for electronic mail were presented in [8]. Charging
postage for email causes senders to be more selective and to
send fewer messages. Regardless of the exact pricing
mechanism, more research is needed to identify appropriate cost
functions so that they reduce the volume of communication and
increase the targeting of messages without reducing
communication to harmful levels.
As indicated above, most spam prevention techniques only
considered to adopt filter action in recipient side. They have
achieved limit success. In our proposal, we consider integrating
network monitor, email sender and email recipient in one
system to provide reactive and proactive spam prevention
actions both in recipient side and sender side. This
comprehensive and systematic solution will provide more
efficient junk email prevention result. Before propose our
approach, reviewing the junk email produce mechanism is
useful to know our following approach.
The structure of the paper is as follows. Section II analyses
current junk email produce mechanism. We introduce the junk
email prevention system framework in Section III and junk
email prevention analysis in Section IV. Finally we conclude
and lay out some future work in Section V.

II. JUNK EMAIL PRODUCE MECHANISM
A brief overview of junk email produce mechanism is
necessary to understand why spammers have had so much
success and how we can block junk emails.
A. SMTP introduction
The SMTP is the accepted Internet standard for transferring
emails. It belongs to application protocol in the network layer
analysis. In a normal email transfer process, four computers do
participate. They consist of a sender computer, an email sender
server, an email recipient server, and a recipient computer.
Firstly, the email is compiled and transferred from sender
computer to email sender server (user email account server).
Most email client software such as Outlook helps you do this.
Secondly, the email sender server transfers the email to email
recipient server. Finally, email client software helps recipients
download the email to his/her computer from email recipient
server. When affecting the transfer, the client email software is
responsible for specifying the source address (‘From’ header)
and domain of origin and the destination address (‘To’ header).
Using the destination email address, the email sender server
locates the appropriate MX (Mail Exchanger) record and
determines which mail server is responsible for handling mail
for that domain. When the destination mail server (or called
email recipient server) is located and the mail is handed over.
The SMTP protocol makes a provision for rejection (besides a
delayed bounce back to sender) of the message if the destination
address is invalid. If the destination is valid, the mail is
delivered locally to the mailbox. The entire route that the email
takes from its originating domain to its final destination is
recorded in the email. After that, recipient can use email client
software to check the email. Of course, email users can use web
to send and receive emails.
In a special case, some email transfer process uses relay. And
in such case, relay server works like email sender server does in
the normal case. Relay server accepts email sending requests
whether from email sender servers or sender client computers
and connects email recipient servers to send emails. The main
difference is that an email sender server incorporates a sender
email account server in the same domain and the relay server
belongs to a different domain which still supports email sending
under SMTP standard.
B. Gather email address
Before sending out the junk email, spammers must do their
research to find email addresses. There are several ways to
gather email address. Spammers can gather the addresses from
web pages, public newsgroups and web services by manual or
using software to increase the efficiency. Email addresses can
also be harvested from deal offer register form, organization
enrollment form, etc. Depending on the region and applicable
legislation, gathering email addresses without the
acknowledgement of the owner of the list, from websites, or
from a private list may be considered as electronic trespassing.
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Some spammers gather email address by invading email
database systems or by spending an acceptable price. Email
active status is important information for spammers.
Spammers can detect if an email addresses is live when you
respond to the received email by clicking a “remove list” link or
some buttons in the email. Spammers can also exploit SMTP to
validate and harvest addresses. First select a target domain with
thousands of email addresses or more. Then identify this
domain SMTP server. Using a mail client software and
randomly selected email addresses, the software fakes the
server to make it believe it is about to send an email. When
asked for the destination address, the client provides the
selected email address. If the address does not exist it is rejected
by the email server. Otherwise, the SMTP server responds OK.
The client software then breaks the connection and records the
validity of the destination. This method is easy to get thousands
of email addresses in short time. Though spammers can get a lot
of email addresses when they invade email database system, it is
not as easy to invade such administrative system. Correlatively
speaking, automatic snatching email addresses software is more
hazardous than other two main methods.
C. Sending out junk emails
After gathering the email addresses, the spammer can send
junk emails. In normal cases, email sender server connects
directly to email recipient server and uses SMTP to transfer
emails. In special cases, there is a relay email server or firewall
between email sender server and email recipient server. The
origin email sender server does not construct the direct
connection to email recipient server. The firewall or relay server
connects email recipient server directly.
From the email transmitting process analysis, we can find
that there are several sending bulk emails methods available.
The first method is that spammers can use client software to
send bulk emails by using their registered email server’s SMTP
service. Most ISP’s do not support bulk mailing. They are not
obliged to block spammers, although it is legal to do so. Certain
Internet service providers ignore bulk mailing and provide
email marketing agencies with high bandwidth lines. The
second method is that spammers can locate a relay email server
and send outgoing junk emails by using this relay server SMTP
service. The third method is to utilize the spammers own SMTP
service to send junk emails. In all, the sender can use SMTP
service from public Internet Service Provider (ISP) email server,
the relay server and independent server to send bulk emails. To
depict easily, we use “email sender server” to designate these
three email sender source computers in the following.
Cloaking or anonymity is also desired when sending junk
emails. Spammers don’t want to handle any undelivered
message reports or complaints from users. The SMTP protocol
does not in anyway prevent the forgery of the source. In order to
malign some other party, it could also be changed to reflect the
victim’s address as the sender email address.

III. PROPOSED JUNK EMAIL PREVENTION FRAMEWORK
As stated earlier, the current infrastructure does not eliminate
abuse. This is because SMTP considers little about email
senders’ wrong activities, sending volumes of junk emails.
Some people have suggested that we can modify SMTP to adapt
security request. Unfortunately, SMTP is such a successful
email transfer protocol that we cannot replace it although it has
some weakness. Then spam filters have been recommended.
These spam filters belong to application layer in nature from
network analysis angle and only work passively on the recipient
side. So the results are not very successful. From network
structure, we can maintain the same higher layer structure and
adopt some measures under this layer. In junk email prevention
approach, we consider to adopt some spam prevention methods
on IP layer and some measures both on recipient side and sender
side. Of course, we can still adopt some current successful
methods into the application layer. Because our proposed
system still support SMTP and compatible with current email
transmission system, it is easy to be deployed in current email
transfer mechanism.
Our proposed solution provides a systematic framework to
stop spam from junk email source to the end user. It consists of
multiple process methods to prevent spam and protect email
account from the IP layer to the application layer. This
framework can record, analyze the email sender’s activities and
prevent junk email. Figure 1 shows the system components of
the framework. The proposed system involves Email Policy
Controller (EPC), Policy Email Service (PES), Security
Information Exchange Center (SIEC) and Personal Email
Assistant (PEA) four main components. Each component will
be defined below:

A. Email Policy Controller (EPC)
For quick process and convenience, each EPC will monitor
one edge router or firewall SMTP activities. Figure 2 shows
EPC structure. It includes Email Communication Monitor,
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SIEC. All of data exchanges are under security environment
such as data encryption, authentication and etc. SIEC can
inform EPC updating its EPC block list and white list based on
periodical or other schedule mechanism.

Spam Analyzer and Secure Communication Interface.

B. Policy Email Service (PES)
Based on standard SMTP, PES enhances some functions and
makes email communication resilient and secure. From this
point, PES is an email server with enhanced junk email
prevention function. Figure 3 shows PES structure. It includes
several main parts: Incoming Spam Protector, Spam Feedback
Evaluation Part, Special Email Utility Part, Spam Sender
Protector and Secure Communication Interface.
1) Email Communication Monitor:
Email Communication Monitor is responsible for monitoring
domain SMTP activities. It examines each email
communication interactive activities when the computer in this
domain works as email sender server (SMTP interactive talk
source). It records each email sender server address, send time,
fails and/or success, etc. and the data is stored in temporary
monitor database. From SMTP protocol analysis, we know the
email recipient server will respond whether the destination
email address is valid or not. So monitoring this type of
interactive activity is feasible. Thus, each SMTP interactive
activity requested from public ISP email server, the relay server
and independent server in this domain will be monitored by this
part. By using this part, we can monitor email source activities
to prevent junk email rampancy. For efficiency consideration, if
email communication monitor finds that email came from a
registered white list computer such as PES, it will omit monitor
activity.
2) Spam Analyzer
Spam analyzer periodically analyzes every monitored email
transmission status by accessing the monitor data. If the email
transmission successful rate is lower than a threshold, analyzer
considers this sender as junk email source. Then analyzer
records this junk email source address information in email
block list database. Usually the block list records the spammers’
IP address and DNS (Domain Name System) name. For high
protection request, the block list even includes MAC (Media
Access Control) address by contacting the DHCP (Dynamic
Host Configuration Protocol) server of the sender. Under this
condition, if the system record the spammer activity, it is not
easy for spammer to evade the trace and block action because
every network card has a unit MAC address. Though the
computer can change IP address (under DHCP protocol), the
MAC address is unique.
3) Secure Communication Interface
Secure Communication Interface is responsible for EPC
communication with other parts in the system. EPC periodically
reports its new block list to SIEC and uses this part to get
updated information of the block list and the white list from

1) Incoming Spam Protector
Incoming spam protector is responsible for processing SMTP
email transfer request when an email sender server constructs a
SMTP connection to this PES. Besides processing SMTP
request, Incoming Spam Protector also provides several layers
of email protection that prevents incoming junk email.
In a SMTP interactive session, when an email sender server
tries to contact PES, incoming spam protector starts to work.
The first spam prevention layer is that the protector checks the
DNS address provided by the email sender server (sender
provides its DNS by SMTP command “Hello”). If the protector
finds that sender provides fake DNS, it will reject the sender
email sending request. Secondly, the protector compares the
email sender server (email sender server is a computer that has
SMTP interactive sessions with an email recipient server)
address with email server block list. If the email sender server
address is in the block list, the protector will reject the sender
email sending request. Thirdly, the protector checks sender
(email user) email address provided by email sender server
(email sender server provides sender email address by SMTP
command “MAIL FROM”). If the sender’s email address or
sender server address is in the recipient email account block list,
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the protector will reject the sender email sending request.
Fourthly, spam protector analyzes the incoming message header
to check whether this email is a spam. PES receives the message
from sender by SMTP “DATA” command if the
communication passes the above three layers protection. Then
incoming spam protector analyzes message header (“received:
from”) lines to see whether they include fake email transfer
routing information or block address. For example, if it finds
the routing path included any unnecessary computer, it will
consider this email as spam. Under email message header
analysis, it can find email disguise activities. Besides message
header’s spam prevention, Incoming Spam Protector also
provides spam content filter. It can adopt current prevalent
content filter algorithm such as keyword filter or Bayesian
Email filter to filter the junk email. This is considered as fifth
layer spam protection.
From first layer to third layer, the protector provides accurate
spam analysis result during SMTP “interactive talk” between
email sender server and the protector. And if the protector finds
the incoming email is a spam, it will stop the SMTP interactive
session immediately and record this information. If the
protector finds the incoming email is a spam in the fourth layer
protection, it will not transfer the email content to the recipient
email user account and delete this email. If the content filter
spam prevention layer considers the incoming email as spam,
this email will be deleted automatically or transferred to
recipient email user account spam folder based on recipient user
previous subscription because content filter cannot guarantee
the spam estimation accuracy is 100%.
To improve performance, Incoming Spam Protector may
omit fourth layer and fifth layer inspection when the incoming
email is from a white list server. Of course, it still considers a
personal email account block list settings. Incoming spam
protector also considers incoming email is not spam when its
source is in the destination email account white list to save
processing time.
In our approach, we try use many types of block lists and
white lists to improve system spam protection accuracy and
performance. Though all the above spam prevention failed and
junk email entered user account in some time, we can use
recipient user’s feedbacks to increase it future estimation
accuracy.
2) Spam Feedback Evaluation Part
Spam Feedback Evaluation Part is responsible for evaluating
senders sending activities under recipient user’s help. If the
email is not in any types of white lists and block lists, spam
evaluation part will record this email related information such
as sender user email address, send server address and etc. It will
also record the recipient’s activities. For example, if the
recipient moves the email to the spam folder of his/her account
storage space, this email sender’s server address and email
address will be added in recipient’s block list and Spam
Feedback Evaluation Part will consider this email as spam and
record it. This Part periodically analyzes system recorded

information. If it finds that the spam rate sent from one sender’s
server is higher than a threshold, it will consider this sender
server as a spam source and add it to its block list. After that this
email server will reject this source’s email sending activities in
the future. Under considering email recipients’ responses, PES
and the system provide higher spam protection accuracy than
current prevalent normal content filter.
Besides providing spam Feedback evaluation, system also
records relay servers’ spam transmission cases and report to
SIEC through Secure Communication Interface.
3) Special Email Utility Part
Special Email Utility Part is responsible for special email use
such as searching people, religion, politics and etc. This part
defines special email use format, analyzes this type of email and
provides analysis result to administrators to let them decide
whether broadcast this special use email.
In current environment, if you want to use email as tool to
search relatives, friends, and etc, you have to send millions of
emails like spammer does. This method wastes users’ time and
Internet resource. Under PES Special Email Utility Part help
and administrator’s control, people can broadcast special use
email easily without sending volumes of emails.
Under PES, it defines special email format for searching
people including published searching email address and content
format. For analysis easier, the searching people email subject
and content are defined by standard XML format. If you wish to
find a friend, you only need to send emails with standard format
to the special email addresses for searching people (suggestion:
this email address name is preferred to be the same in every
domain) in all the domains you want to search. Special Email
Utility Part then analyses this email and transfer its analysis
result to email server administrators. Special Email Utility can
also control the number of this type of email from a specific IP,
email address or etc by using a counter. Of course, PES can let
the same IP send many searching people emails. Based on
Special Email Utility’s analysis results, administrators can
decide whether broadcast this email to the special user groups
or all users in this domain or reject this searching request. When
this request transfers to recipients’ account, Personal Email
Assistant will read this searching people email and give
recipients notices. In the whole process, all people involved in
this process don’t know each other emails. When the domain
user considers that the sender is his/her friend, he/she can
answer Personal Email Assistant with YES and provide other
information. Then Special Email Utility Part automatically
informs him/her the source sender email address.
The whole progress is controlled under security environment.
PES stores and verifies the email source IP. Other types of email
communications utilities use the same progress. Of course, not
all the type of special use emails is transferred to all the users in
the domain. Some types of email use broadcast are under the
users’ subscriptions.
In some distinctive application cases, PES has an accounting
part to calculate some special types of emails from designate
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source. This is for marketing and charging purpose.
4) Spam Sender Protector
Spam Sender Protector authenticates each email transmission
activity when PES works as a SMTP sender server or email
relay server (in some networks have firewalls). It authenticates
the user information such as email address registered in this
mail server, sender IP address under relay transmission
environment or etc. All these actions are to make sure that the
email sending activities are under authentication control.
Besides providing authentication, Spam Sender Protector also
prevents spam by each user email destination block list. If the
users want to send emails in their destination block lists, PES
will reject their requests.
Spam Sender Protector stores and manages each user email
destination block list. Users cannot send email to their own
block destination lists or modify them. These lists are managed
by Spam Sender Protector and are obtained from other PES user
block source list. For example: suppose user Alfred in PES “A”
blocks user Tom in PES “B”. PES “A” will report this to SIEC
and SIEC will inform this to PES “B”. Then user Alfred address
will be added in user Tom’s destination block list. And user
Tom cannot send email to user Alfred any more in the future. If
Alfred blocks all users in PES “B”, then all users in PES “B”
cannot send email to Alfred in the future unless Alfred changes
his mind.
5) Secure Communication Interface
Secure Communication Interface is responsible for PES
communication with other parts in the framework. PES
periodically reports its new produced block list including server
block list and personal block list to SIEC and get new updated
block lists information and white list from SIEC periodically.
All of data exchanges are under security environment.

1) Register Management System
Register Management System is responsible to manage EPC,
PES, white lists and block lists register. Administrators can
modify the block lists.
2) Information Exchange System
Information Exchange System is responsible for exchange
information between EPC and SIEC or PES and SIEC. All the
information exchange is under security control.
3) Global Spam Evaluation System
Global spam evaluation system analyzes every EPC and PES
reported local spam source information and decides whether the
local spam computer is a global spam source. If Global spam
evaluation system considers a source as a global spam source, it
will inform this to every EPC and PES.
4) Secure Communication Interface
Secure Communication Interface is responsible for SIEC
communication with PES or EPC. In some cases, SIEC reports
spam source to ISP intelligent edge routers or ISP
administrators.
D. Personal Email Assistant (PEA)
Personal Email Assistant is an intelligent part. It can be run in
user’s own computer or as one part of email service in email
server. It works between PES and email client reader. PEA helps
user spend little reading time without missing important
message. And at the same time, it provides email management.
Figure 5 shows PEA structure. It includes Email Classification
Analyzer, Email Importance Analyzer, Email Subscription
Management Part, Spam Management Part and Secure
Communication Interface.

C. Security Information Exchange Center (SIEC)
Security Information Exchange Center, a distributed database,
is a higher controlled mechanism in the whole framework.
Figure 4 shows SIEC structure. It includes Register
Management System, Information Exchange System, Global
Spam Evaluation System and Secure Communication Interface.

1) Email Classification Analyzer
Email Classification Analyzer helps users classify emails
according to email communication purpose such as business,
friend, religion, etc., based on user configuration.
2) Email Importance Analyzer
This component analyzes email importance based on user’s
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address book, white list, user’s important list, and other
configurations. It ranks the important list, white list, and content
analysis as different weight to calculate the important values of
the emails and sort the emails according to those values. When
user uses mobile device such as PDA to connect email server to
get emails, PEA transfers emails to the mobile device according
to important weight values and user previous threshold
configuration.
The email classification and important analysis are very
important especially when users can only use small reading
screens and low speed connection mobile devices such as PDA
to read emails in travel time. In such condition, users want to
read few emails. At the same time, they don’t want to miss
important information such as stock information, limit time
offers, important businesses, and etc.
3) Email Subscription Management Part
Email Subscription Management Part is responsible to
manage the email subscription lists from its PES and other
email sources. When users don’t want to receive some email
subscriptions, they only need move their received emails to un
subscribed folder and Email Subscription Management Part
will help them complete unsubscribe.
4) Spam Management Part
Spam Management Part is responsible to report junk emails
to PES and PES will renew their spam evaluation system and
improve its accuracy. When users consider some emails (after
PES spam filter) as junk emails, they only move these emails to
junk email folder and Spam Management Part will do the
following including adding these emails to the block list,
reporting them to PES and etc. Of course, if users made
mistakes to report the normal emails as spam, they only need to
move the emails from junk email folder back to normal received
email folder and Spam Management Part will do the rest.
Spam Management Part can also protect users’ email
addresses. Destination user account active status is an important
marketing factor to spammers. Through prohibiting source
program code embedded in the email content running, Spam
Management Part prevents email source from knowing whether
the destination recipient account is still active. Of course, the
recipient can let these codes to run to get the whole email
content when he/she considers it as a normal email.
5) Secure Communication Interface
Secure Communication Interface provides secure
communication environment between PEA and PES or PEA and
mobile devices.
IV. JUNK EMAIL PREVENTION SYSTEM ANALYSIS
A. Protect email address
Our proposed system can prevent spammers from gathering
email address with automatic snatching email software. This is
done by EPC monitor and PES authentication. In our system,
when the spam software tries the recipient email server, the
sending email successful rate is very low so that EPC can easily

detect this spam source and inform edge router. And PES will
also stop email service for this spammer’s SMTP sending
request in a short time. In our proposed system, spammer has
difficulty to snatching email addresses in the domain. Besides
EPC and PES protection, PEA also provides email account
active status protection by prohibiting source program code
embedded in the email content running.
Prevent user from receiving junk email
If spammer sends junk emails by registered email server,
normally these transmission emails will pass the client
computer, email sending server computer, email receiving
server computer, and recipient client computer. Supposed email
sender server and email recipient server are both installed with
PES. Under this case, there are several layers installed in sender
side and recipient side for email protection. Firstly, PES Spam
Sender Protector prevents sender from sending some types of
junk emails. Secondly, recipient PES Incoming Spam Protector
prevents email users from receiving junk emails. If junk emails
pass above two protections, PEA can help PES increase spam
filter accuracy and the recipient user will not receive spam from
this spam source in the future. And email sender server PES will
block this spam source account sending email activity in a short
time.
When spammer sends junk emails by email relay server, the
email protection methods are very similar to the above case if
email relay server and email recipient server are both installed
PES. The only difference is that PES Spam Sender Protector
will authenticate relaying request computer’s information such
as IP address and etc not the email account information of the
sender in the previous case.
When spammer sends junk emails with independent email
server, our proposed scheme still have some methods to prevent
them from sending junk emails. First, EPC will monitor the
spam source activities and report it to SIEC. Then SIEC will
notify PES shortly. And recipient PES and PEA still work to
prevent junk emails.
In our proposed scheme, EPC, PES can work corporately or
independently under SIEC control. Even though junk emails
pass the layer upon layer spam preventions, PES can still block
this spam source in limited time because the system adopts
recipients’ responses information.
From above analyses, it shows that it is difficult for
spammers to send a large amount of junk emails through our
system.
B. Provides easy way for special email communication use
Compared to current junk email filter, our system provides an
easy way for special email uses. For example, currently, if you
want to search a person by using email, you need try millions of
email address. This method has low efficient, waste Internet
resource and hassle millions of people.
In existing email system mechanism, we face a dilemma to
search people by email without hassling millions of people. In
our proposed system, PES Special Email Utility Part can ease
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this problem by a defined email format and standard process.
V. CONCLUSIONS AND FUTURE WORK
In this paper, we have introduced and discussed junk email
produce mechanism and proposed our junk email prevention
system. Compared to current spam filter passive response to
spam, our proposed system provides both proactive and reactive
junk email preventions with the consideration of recipients’
feedbacks information. And the proposed system provides
email protection covered from application layer to IP layer,
sender side and recipient side. And some prevalent spam filter
can still be incorporated in PES. We specially analyze the
different components of the model and their interactions, which
provide a novel approach to enhance the spam prevention.
Future work will include design of various parts under the
proposed framework. Hence, some important parameters to
help system run more effectively and some analytical models
for the proposed architecture can also be developed.
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Abstract-This paper describes the design and implementation
of DAST, a Distributed Arbitrary Segment Tree structure that
gives support of range query for public Distributed Hash Table
(DHT) services. DAST does not modify the underlying DHT
infrastructure, instead it utilises the scalability and robustness of
DHT while providing simplicity of implementation and deployment for applications. Compared with traditional segment trees,
the arbitrary segment tree used by a DAST reduces the number
of key-space segments that need to be maintained, which in turn
results in fewer query operations and lower overheads. Moreover, considering that range queries often contain redundant
entries that the clients do not need, we introduce the concept of
Accuracy of Results (AoR) for range queries. We demonstrate
that by adjusting AoR, the DHT operational overhead can be
improved. DAST is implemented on a well-known public DHT
service (OpenDHT) and validation through experimentation and
supporting simulation is performed. The results demonstrate the
effectiveness of DAST over exiting methods.

I.
INTRODUCTION
There has been considerable research interest into Distributed Hash Tables (DHTs) in recent years. In addition to offering the advantages of scalability, load balancing and robustness, DHTs allow P2P applications to achieve efficient key
insertion, lookup and retrieval over the underlying P2P network [1-4]. Imperative to the success of DHTs is the hashing
operation. Each DHT node has a unique node identifier represented with a predetermined number of bits, e.g., a Pastry
node has a 128-bit id [2]. The node identifier typically derives
from the hash of the node’s public key or IP address, and the
set of node identifiers is uniformly distributed. Before inserting a key into the P2P overlay, DHT also hashes the key over
the node identifier space so as to locate the node whose node
ID is closest to the hash of the key. Once this mapping is
complete, the hash of the key together with the value is stored
at the target node.
The ID-based hashing effectively balances the load over all
DHT nodes; however, this exact matching mechanism makes
range query inefficient because clients can only search and
retrieve one key at a time. If clients need to search for all
available keys in a certain range, i.e., a range query, this is
difficult to achieve via DHT lookup directly, since the DHT
hashes the keys over the node identifier space before inserting,
and the structural attributes of keys, such as the continuity of
the key space, are erased by the DHT hashing functions. Consider for example that the keys to be inserted are the integers
between 0 and 15. Each key is hashed before it is inserted into
the DHT. If clients want to retrieve all keys in the range [3, 5],

each key (“3”, “4”, “5”) must be separately identified as even
if one key is found, e.g., “4”, it is not possible to conjecture
the locations of its neighbours (“3”, “5”) through the hash
value of “4” since the hashing is purely random and not structured. If the length of the range is very large, e.g. [2, 210], then
clients have to carry out 220-1 retrieval operations to obtain all
keys, which introduces considerable overheads to the DHT [5]
and the efficiency of the query itself.
To enable DHTs to support efficient range queries, we propose a Distributed Arbitrary Segment Tree (DAST), a data
structure that is layered upon a traditional DHT. There exist a
number of approaches to implementing a range query. In
some designs keys are duplicated or the query results contain
unnecessary keys in the interest of query efficiency. Nevertheless, the values associated with the keys are ignored. We
believe that the size and type of the data associated with each
key is crucial in understanding the efficiency of the query
process. It is this data after all which is directly retrieved from
the DHT and thus it is this that causes the storage load on the
DHT. By considering the values associated with each key,
DAST achieves a better balance between load and query performance. Moreover, we use the term data item of the form
{key, value} when we describe DAST operations.
DAST constructs an arbitrary segment tree (AST), which is
an enhanced form of a traditional segment tree [5, 6], to break
down the entire key space into a number of segments (each
segment being a node in the tree). For every insertion request
of a data item {key, value}, DAST first locates all segments
of the tree that contain the key, and then creates new data
items in the form {segmentId, (key, value)}, i.e., DAST encapsulates the key and value in the new data item, with segmentId being the new key. Finally, DAST inserts the new data
items into the underlying DHT instead of the original data
items. To process a range query, DAST looks for a minimum
number of segments on the tree so that the union of the selected segments matches the range of the query. This way, by
retrieving all segmentIds in the union, we obtain the result of
the range query. Since every segment contains a number of
keys, retrieving by segmentIds instead of the original keys can
significantly reduce the number of DHT retrieval operations
and consequently improve the efficiency of the range query.
A novel concept in DAST is the accuracy of the results for
a range query. As mentioned, the efficiency of DAST is determined by the number of segments that constitute the query
range. The use of the arbitrary segment tree guarantees that
the DAST is able to find the union of segments exactly
matching the range. However, if we relax the requirement of
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an exact match, that is, allow the union of segments to exceed
the range of a query for a certain length, then fewer segments may be needed to cover the range, which in turn leads
to fewer “get” operations to the DHT. This said, the query
efficiency may not always be improved since the result of the
query may contain unwanted data items due to the extra span
of segments which may cause more traffic or longer latency.
We thus define the accuracy of results (AoR) as the number of
necessary keys divided by the total number of keys in the
response. We analyse the balance between the efficiency of
DAST and the value of AoR in this paper. To the best of our
knowledge, no existing research has introduced or analysed
the AoR, which makes our contribution unique.
Significantly, our solution does not require modifications to
the core of the DHT; instead, we layer the DAST over a DHT
infrastructure and present it as a middleware component between clients and DHTs. As some DHT systems have already
become public services [7], this layering approach brings
simplicity of implementation and deployment to applications.
Note that DAST is a tree-based data structure, however, it
does not require peers in the network to be organised in any
particular overlay structure, i.e., the DAST tree does not require maintenance as long as the range of the key space is
determined. Section III describes the characteristics of DAST
in more detail.
The rest of the paper is organised as follows. We describe
related work and compare DAST with this work in Section II.
In section III we present the details of the DAST algorithms
and the concept of the AoR. We evaluate the performance of
DAST in Section IV. Finally we conclude in Section V.
II.
RELATED WORK
Range queries are used by many P2P applications, including P2P databases, distributed computing, and file sharing [810]. A variety of solutions have been proposed to address the
range query problem for DHTs. These solutions can be classified into two broad categories: those that need to modify the
core of the DHT, and those solutions that need not.
Mercury [11], SkipGraph [12], SkipNet [13], and PIER [14]
are all representative examples from the first category. They
either modify or redesign the core of the DHT to achieve a
range query. Alternative designs include the Prefix Hash Tree
(PHT) [15] and the Distributed Segment Tree (DST) [5],
which represent examples of the second category, and subsequently do not need to know the internal mechanism of the
DHT. Due to space limitations, we describe two examples,
PHT and DST, and compare these with our own scheme
DAST.
A. Prefix Hash Tree (PHT)
PHT employs a trie-based tree structure encapsulating the
original tuples {key, value} in new data items with the label
of the leaf nodes acting as the new key and inserting it into
the underlying DHT. Each original key is expressed as a binary string of length D. All keys with the same prefix are
stored on the same leaf nodes. The depth of the tree is decided
by the load balancing mechanism in PHT, i.e., if the number

of keys that are stored on a leaf node exceeds a threshold, the
leaf node will split into two child leaf nodes.
Clients are not aware of the structure of the whole PHT. To
determine which leaf node to insert, clients have to first look
up all D possible prefix labels in parallel, e.g., if the binary
string of a key is “00100”, a client has to perform parallel
“get” operations to the DHT for the keys “0”, “00”, “001”,
“0010” and “00100”; if one of the “get” operations returns a
result, then the leaf node is located and the key is stored on it
via the a data item. The authors of PHT also suggests a binary
search solution for locating the leaf node [15]. For the query
of range (L, H), PHT first locates the PHT node corresponding to the longest common prefix of L and H and then performs a parallel traversal of its subtree to retrieve all the desired data items as the result of the query.
DAST differs from PHT in the following ways. First, the
depth of the PHT grows with the increase in inserted keys, i.e.,
the structure of PHT keep changing over time and as a result
it additional “get” operations are required for each insertion
operation. In contrast, the structure of DAST is stable as long
as the entire key space does not change. Clients locate the
destination tree nodes for keys without any additional “get”
operations, which results in lower latency for range queries.
Moreover, as will be described in Section III, the result of a
range query in PHT may contain unnecessary data items,
which may increase the latency. In comparison, DAST gives
criteria for the accuracy of results. We find that with similar
AoR, DAST requires fewer DHT operations and thus achieves
lower latency for range query than PHT.
B. Distributed Segment Tree (DST)
The Distributed Segment Tree approach is the most similar
to our work. Both DST and DAST use the concept of a segment tree [6], nevertheless, DST is a binary tree while DAST
is multi-way. Each non-leaf node in DST has two children
and the segment corresponding to the parent is split into two
equal parts and assigned to the two children, respectively.
Hence the entire key space is split into 2i (i represents the
level in the tree, counting from 0) parts on each tree level and
the depth of the tree is O(log R ) (R is the length of the entire
space range). Therefore, keys need to be inserted to O(log R )
DST nodes and there will thus be O(log R ) duplications for
each key (the number of duplications is not always O(log R )
due to DST’s load balancing mechanism which we describe
in Section III). The nodes in a DAST can have more than two
children and through setting the maximum number (M) of
children that each node can have, there will be arbitrary number of segments on each tree level (this is where the name
“arbitrary segment tree” derives) and the depth of the tree is
log R
O( log
) . Consequently, each data items in a DAST will have
M
log R
O( log
) duplications, which leads to lower DHT storage load
M

and operational overheads. DAST also adopts a load balancing algorithm that achieves similar effects to the one in DST,
but with a considerably simpler implementation. Finally,
DAST incorporates the concept of the AoR to further improve
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the range query performance. DAST also provides clients
with the flexibility to adjust the primary properties to suit
their own range query requirements. Such an approach is not
documented in DST or PHT.

Algorithm I
The pseudo code of
the AST construction algorithm
// Parameters:
// ASTNode: the class of AST nodes.
// sf, st: bounds of the interval for the segment on the node.
// level: the tree level of the node
//ASTNode.children[]: an AST node’s children.
//M: the maximum number of children; a global value.
//C: the number of children of a node

III. DESIGN OF DAST
In this section we present the design of DAST. We first introduce the Arbitrary Segment Tree data structure and then
describe how to layer an AST over an existing DHT infrastructure to achieve range query functionality.
A. Arbitrary Segment Tree
The Arbitrary Segment Tree (AST) is based on the traditional segment tree (TST) data structure [6], where a range
(henceforth we use the term segment tree range to distinguish
from the range in a query) of non-negative integers1 is iteratively split at each level into certain number of segments, and
each segment is assigned to one tree node. However, the rule
of splitting the segment tree range on each level in AST is
different from that found in TST. TST is a binary tree where
every internal node has two children. Therefore, starting from
the tree root, the segment that every internal node represents
is evenly split into two parts and allocated to the two children,
respectively, until it has only one number within. In contrast,
AST is a multiway tree in which each internal node can have
an arbitrary number2 of children. We denote M as the maximum number of children that one node can have, i.e., each
AST node can have at most M children. Note that AST is a
superset of TST, i.e., when the value of M is 2, an AST becomes a TST. At each tree level, AST splits the segment tree
range uniformly to up to M segments while maximising the
interval size of each segment. The properties of AST are as
follows:
1. Assuming the length of the segment tree range is R, the
log R
height of an AST is O( log
).
M

2. The root node has the entire segment tree range. Every
other node represents a segment. The union of all segments
on the same tree level is the segment tree range.
3. Every non-leaf node has Ci children, where Ci ≤ M and
Ci ≠ 1 . The segment of each non-leaf node is split into Ci
parts and distributed to the children. The value of Ci and the
intervals of the segments for the children are decided by the
tree construction algorithm (Algorithm I).
4. Every leaf node has an atom segment, i.e., a segment that
contains only one key. The union of all leaf nodes covers the
segment tree range.
5. Every node has a segmentId. DAST produces the segmentId by hashing its interval over the underlying DHT node
ID space. Through the hash, the segmentId can be mapped to
the DHT node ID space and then used in the DAST operations.
1

The range that a segment tree represents can in fact include
real numbers. In this paper, we only give examples of nonnegative integers for practical purposes.
2
The number cannot be “1” because splitting a segment cannot be performed if a node has only one child.

ASTNode(sf, st, level)
C←0
children ← new ASTNode[M]
if sf ≠ st then
from ← sf
length ← (st - sf) / M
to ← from + length
while true do
children[C] ← new ASTNode(from, to, level+1)
C←C+1
if to = st then
break
else
from ← to + 1
if st > from + length then
to ← st
else
to ← from + length

Unlike PHT, an AST will not change its structure once it
has been constructed, as long as the segment tree range does
not change. This property ensures the consistency of the positions for keys, i.e., the destination node that holds the (key,
value) items. Fig. 1 depicts an example AST where the segment tree range is [0, 16] and the value of M is four. Note that
the numbers of children of internal nodes vary between two
and four through the tree and are purely determined by the
segment tree range and the choice of the value of M.
B. DAST operations
The DAST data structure provides an interface between the
client applications and the underlying DHT. Clients insert,
delete or retrieve data items to or from DAST instead of DHT.
We describe the DAST operations needed to achieve range
query functionality for clients.
1) Insert/Delete: The insertion and deletion of a data item
with a key in DAST is straightforward. When an insert request arrives, DAST looks for all nodes whose segments
cover the key of the item (there must be one and only one
such node on each tree level). For each of these nodes, DAST
creates a new data item in which the key is the segmentId of
the node and the value is the original data item. Finally,
DAST inserts the new data items to DHT. The insert operalog R
tion for one key in DAST needs O( log
) DHT insertions and
M
log R
) copies of the key inside the DHT.
there will be O( log
M

When a data item is deleted, DAST finds all segments that
cover the key and removes the data items accordingly.
2) Range query: DAST first divides the range of the query
into a union of segments that the AST contains, and then retrieves all segmentIds with associated data items from the
DHT. The dividing algorithm is shown in Algorithm II. Since
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[7, 7]

[9, 9]

[8, 8]

[10, 11]

[12,13]

[15, 16]

[14, 14] [15, 15] [16, 16]

[10, 10] [11, 11] [12, 12] [13, 13]

Figure 1: An example AST with the segment tree range [0, 16] and M = 4. We choose the segment tree range such
hat each node can have an arbitrary number of children and the segments are uniformly split in each level while maintaining appropriate span length. An exemplar query for range [6, 13] is also illustrated here. The query union can be
{[6, 6], [7, 8], [9, 9], [10, 11], [12, 13]} with AoR 100% or be {[5, 9], [10, 14]} with AoR 71.4%.

the AST ensures leaf nodes have atom segments, the union of
the segments is guaranteed to be found for the range. There
may exist alternative ways to divide the range; however, our
algorithm is dedicated to building a union containing a minimum number of segments, i.e., the intervals of the segments
should be as wide as possible, so as to reduce the number of
DHT retrievals.
3) Single key query: DAST performs single key queries by
simply retrieving the corresponding atom segment from the
DHT.

Algorithm II
The pseudo code of the dividing algorithm
for the range of the query
// Parameters:
// rf, rt: bounds of the interval of query range
// cdt: the candidate segment for the union of range segments.
// newCdt: new candidate segment.
// cdtClt: the collection of candidates (cdt).
// cf, ct: bounds of the interval for the candidate segment.
// nf, nt: bounds of the interval for the current AST node.
//nri: number of redundant data items allowed in query results.
// results: the union of segments that match the range.

C. The value of M
The value M controls the maximum number of children an
AST node can have. The key advantage that AST has over
TST is that it provides more flexibility for clients to improve
the performance of a range query. As previously described,
log R
) and hence a greater value of
the height of an AST is O( log
M
M leads to lower numbers of DHT insertions (improving performance of the DAST insertion) and less duplications of data
items (reducing the DHT storage load). However, if M is too
large, the segment of one node will be split into more parts
and consequently the segments in the AST will be shorter.
Therefore, when fulfilling a range query, the average number
of segments in the union that covers the range will be greater.
In other words, DAST has to perform more DHT retrievals to
obtain the result. Due to this tradeoff, clients have to carefully
choose the value of M depending on their definition of the
key space and their expectations for the lengths of the ranges
that the queries may have. We investigate the impact of M on
the performance of DAST in section IV.
D. Accuracy of Result for a range query
We consider the Accuracy of Result (AoR) for a range
query in DAST. This investigation is motivated by the fact
that when using PHT we found that the responses of range
queries may contain unnecessary data items, since one prefix
tree node stands for a prefix of keys and consequently keys
that do not belong to the same range may fall into one prefix
node. This causes higher latency to the query responses and
cannot be rectified because PHT does not modify the DHT
layer and so cannot filter the query results before feeding
them back to the clients. By default, DAST always returns

divideRange(rf, rt, AoR)
cdtClt.add(interval(rf, rt))
for each level on the tree do
for each AST node on the level do
if candidates is empty then
return results
else
for each cdt in cdtClt do
nri ← (cdt.to ← cdt.from) × (1-AoR)
newCdt ← interval(cdt.from-nri, cdt.to + nri)
if newCdt covers the current node then
results.add(the segment of current node)
if cf < nf then
cdtClt.add(interval(cf, nf-1))
if ct>nt then
cdtClt.add(interval(nt+1, ct))
cdtClt.remove(cdt)
break
return results

the query results to clients with 100% accuracy, i.e., the responses of the query do not contain any unwanted data items.
However, we found that if we relax the segment union for the
query (to be larger than the range of the query), i.e., the span
of the union covers the range but has extra intervals on either
end or both ends, the number of segments in the union may be
reduced. Consequently, a number of unnecessary data items
will exist in the results, however, the number of DHT retrievals needed for range queries will also drop. An exemplar
range query [6, 13] is illustrated in Fig. 1. DAST builds a
union {(6, 6), (7, 8), (9, 9), (10, 11), (12, 13)} for the query [6,
13] by default and has to perform five DHT retrievals for the
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result. If we relax the union construction to be {(5, 9), (10,
14)}, the result may contain only two extra items (5 and 14)
but the number of retrievals drops down from five to two,
which is 2.5 times lower than before.
Achieving a range query in DAST usually requires a number of DHT retrievals and these DHT retrievals are executed
in parallel which significantly reduces the response latency.
However, if clients submit range query requests to DAST
simultaneously with high frequency, DAST has to in turn
submit the retrieval operations for those range queries to the
underlying DHT in parallel and the DHT may suffer high
overheads in a short period of time (PHT also considers the
overhead for a DHT when choosing a binary search or parallel search for a lookup, although there is no detailed analysis
in the associated paper). To help the DAST clients reduce the
overhead imposed on the DHT, we present the concept of the
accuracy of result (AoR) for a range query. We will show that
by adjusting the value of AoR, the number of DHT retrievals
for range queries can be much reduced and the overhead on
DHT can therefore be lowered. The AoR is defined as the
number of necessary data items divided by the total number
of data items in the result of a query. In the example above,
the value of AoR is

5
5+ 2

= 71.4% after tolerating unnecessary

items in the result. The implementation of AoR is demonstrated in Algorithm II.
The AoR in a DAST range query is 100% by default since
DAST builds a segment union that can precisely match the
range of the query and the resulting response consists of only
necessary data items. Clients can choose the desired AoR
value to be less than 100% to suite their application environments. Note that the desired AoR acts as a threshold in DAST,
i.e., the actual AoR of range query may not precisely equal the
desired one but it is guaranteed not to be lower. This is because we assume every key in the key space as having a data
item in Algorithm II, and calculate the AoR by the number of
key slots not the number of actual items. In real range query
cases, since some key slots may be empty, the actual AoR
must be equal to or greater than the desired one. We demonstrate the relationship between AoR and the number of DHT
retrievals in section IV.
E.

Load Balancing
Approaches based on segment trees have potential problems on load balancing. There are fewer nodes at the higher
tree levels; however, these nodes are responsible for more
data items, as each data item has to be inserted into every tree
level. The extreme case occurs at the root node. Since the root
node has the entire key space, it will have to maintain a copy
of every data item. The actual DHT node thus experiences a
heavy storage load.
DST [5] employs a load balancing mechanism, called
downward load stripping. Each node maintains two counters
for its children, the left one and the right one. If, when a key
is inserted into a node, it can also be covered by one of its
children, the corresponding counter is increased by one.
When either counter reaches a threshold, the node stops receiving keys. What this mechanism actually does is to limit

the high level nodes from having more data items than the
threshold. However, it brings to the implementation the problem of how do clients locate the values of two counters for
each DST node in such a distributed environment? The obvious solution is to put the counters into the underlying DHT as
data items and let clients access them through specified keys.
However, this solution will occupy extra DHT storage and the
insertions or retrievals of the counters themselves take time.
Consequently, concurrency or synchronisation problem may
occur, e.g., one node may not stop receiving data items when
it should, because the counters are not updated on time.
Load balancing is nontrivial in DHTs [16] and cannot be
perfect since even if the keys are uniformly distributed onto
the DHT nodes, some nodes will be responsible for a logarithmic factor more of the key space than others [3]. In other
words, some nodes in the DHT will assume much higher storage and routing load than others. Due to inheritance, PHT,
DST and DAST also suffer from the same problem. Even
though data items are inserted at leaf nodes in PHT and it is
easier to distribute leaf nodes uniformly unto DHT nodes,
some data items within a certain range may still gain high
popularity and become responsible nodes and hence will have
uncharacteristically heavy load; this is also true for the DST.
Therefore, we propose to reduce the effects of load in
DAST but not to perfectly eliminate it. We ignore the nodes
in the levels N - 1 and above in the AST and start to insert
data items at level N. The value of N depends on how large
the entire segment tree range is and how many nodes there are
in the underlying DHT. We encourage applications or clients
to carry out experiments to test their values of N before deployment. Our evaluation in Section IV provides suggestions
as to how to choose a good value for N.
F. Tree Maintenance and Fault Tolerance
As previously described, DAST is a data-structure layer between the peer-to-peer overlay and the DHT infrastructure.
When a peer carries out range query operations, it passes the
command to DAST and its associated algorithms, and subsequently obtains the results from the DAST layer. Thus, the
DAST data structure exists only within the application functions with which peers carry out range query operations; it
does not influence the peer-to-peer overlay structure or the
DHT infrastructure. Moreover, algorithms I and II show that
the DAST structure will remain constant as long as the range
of the key space does not change. Thus, DAST does not require additional maintenance which significantly simplifies
the supported applications.
Since DAST is built upon a DHT service layer, it inherits
all the resilience and failure recovery properties of the underlying DHT. Although the DHT has methods to guarantee a
certain level of data availability and fault tolerance [7], the
DAST can still lose data if all replicas in the DHT fail. To
avoid this catastrophic failure, DAST employs a soft state
refreshing mechanism. Each data item that is inserted to the
DHT through the DAST layer has a time-to-live (TTL) associated. Peers have to regularly update the data items against a
TTL of seconds, otherwise, the data items are automatically
deleted from the DHT. Hence, even if all replicas for a data

- 575 -

35

Average number of DHT insertions

Average number of DHT retrievals

60

30

DAST implementation

25
20
15
10
5
0
0

2

4

6

8

10

12

14

16

M
M
M
M
M

50

=
=
=
=
=

2
4
8
16
32

40
30
20
10
512

18

1024

2048

4096

8192

Span of query range

Maximum number of childre for each node (M)

(a) The average number of DHT insertions for one DAST insertion

(b) The average numbers of DHT retrievals for one DAST
range query

Figure 2: Plots of DHT operations for different values of M (Maximum number of children): (a) the plot of the average number
of DHT insertions for one DAST insert request; (b) the plot of the average number of DHT retrievals for one DAST range query
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item in the DHT are lost, the item will eventually be restored
by the supporting refresh mechanism.
IV. EVALUATION
In this section, we evaluate the performance of DAST. First
we investigate the internal structural properties of DAST. We
then compare the range query operations of DAST, DST and
PHT. Finally we compare their range query efficiencies in an
OpenDHT deployment.
A. Implementation
We implement two versions of DAST, the first as a simulation and the second as a full-scale deployment. In both versions, the source codes for the mechanisms of DAST are exactly the same. The only difference is that the simulation version of DAST utilises a Java Hashtable object to simulate the
underlying DHT, while the deployed version is layered on top
of OpenDHT.
To shorten the time to conduct the experiments, we use the
simulation version to investigate the structural properties of
DAST and compare the range query operations of DAST,
DST and PHT. For comparisons of the real range query effi-

ciencies, we use our deployed version of DAST that accesses
OpenDHT service on the Internet.
B. Setup
In the simulations, we assumed the segment tree range to
be [0, 216-1] and generated 214 keys for insertions. The keys
are uniformly distributed over the segment tree range space.
The values associated with the keys are empty, i.e., the sizes
of the values are zero. This is because the sizes of the data
items do not affect the investigation of the internal mechanisms of DAST, DST or PHT - such a configuration also improves the simulation efficiency. We also randomly generate
five sets of range queries, each of which has 1000 queries
with span lengths of 512, 1024, 2048, 4096 and 8192, respectively.
In the deployment, the segment tree range remains the
same but we generate only 210 random keys. We chose a relatively small number of insertions because 210 insertions are
enough to demonstrate the insertion efficiency of all three
approaches. Every key has 1KB of data associated with the
value (the maximum size of a value in OpenDHT is 1KB). All
the experiments were prototyped on a single PC to guarantee
the correctness of the comparison of results. The range query
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Figure 5: Comparison of DAST (with different AoR) against DST
and PHT on average number of DHT retrievals for one range query.

setup is similar to that in the simulation except that each
query set consists of 100 queries.
Each of the simulation experiments were conducted 100
times and the experiments on the OpenDHT deployment were
repeated 30 times.

22
Average range query latency (sec)

C. Structural Properties of DAST
We study the number of children allowed in AST, the load
balancing mechanism and the performance impacts from different values of AoR. Clients can choose their own settings to
suit the demands or adapt to the different computing environments.
Maximum number of children (the value of M): As described in section III, the value of M controls both the number
of DHT insertions and the number of DHT retrievals for
log R
range queries. Recall that the height of AST is O( log
) , if M
M

is too large, AST may have only a very small number of levels (the extreme case is that the whole AST has only the root
node when M = R). Thus to maintain the AST we choose the
candidate M to be 2, 4, 8, 16 and 32. For each of the DAST
examples with those M candidates, we insert the preloaded
keys (for now we do not consider the load balancing problem
and AoR) and plot the average number of DHT insertions involved. As depicted in Fig. 2(a), the number of DHT insertions drops sharply when M increases from 2 to 4 and this
trend slows as M increases. When M reaches 16, the number
of DHT insertions remains constant. To see how the value of
M affects the range query, we send the five sets of predefined
range queries to DAST and plot the results in Fig. 2(b). We
can see that the higher the value of M leads to a larger number
of DHT retrievals. The distance between the curves for M = 8
and M = 16 is large, indicating a sudden increase of DHT
retrievals. Comparing Fig. 2(a) and (b), we thus suggest that
M = 4is the optimal in our experiments.
Load balancing (the value of N): Our load balancing
mechanism is simply that we start to insert data items from
tree level N (if the root node is on level 1). The top N levels
therefore contain no items. Using the result of M = 4 from the
previous experiments, and testing N values from 1 to 6, the
insertion and query range results are plotted in Fig. 3(a) and
3(b) respectively. The number of DHT insertions is reduced
by one if N increases by one, which is apparent in Fig. 3(a). In
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Figure 6: Comparison of DAST (with different AoR) against DST
and PHT on query latency.
Table I
The experimental results for N = 4 and N = 5
N

# of nodes

4
5

64
256

512
12.8
12.8

1024
13.7
13.7

Query span
2048
14.4
15.4

4096
15.35
18.4

8192
16.7
23.3

Fig. 3(b), it is not easy to see the plots where N = 1, 2, 3 because they are overridden by N = 4, which implies the results
for these three values of N are similar. When N = 5, the number of DHT retrievals starts to rise as the nodes on levels 1 to
4 do not have data items and cannot contribute to the range
query. The increment is more pronounced when the value of
N reaches 6. The results in Fig. 3(b) narrow our choice of N
down to 4 or 5. We do not consider N ≤ 3 because N = 4
gives better load balancing while providing a similar number
of DHT retrievals. We present the detailed experimental results for N = 4 and N = 5 in Table I to illustrate choosing the
optimal N. As we can see, the differences between the numbers of DHT retrievals of the two cases become larger when
the span of the query increases. However, we should also note
that the number of nodes on tree level 5 is 256, which is four
times more than that on level 4. Considering that lowering
AoR in DAST can further reduce the number of DHT retrievals, we thus chose 5 as the optimal value for N. This conclusion is validated in the next experiments considering AoR.
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Table II
The experimental results for AoR
AoR
100%
95%
90%
85%
80%
75%
70%

Average # of
retrievals
16.84
13.26
11.54
9.76
8.32
7.72
7.5

Dropping percentiles for AoR
N/A
5%
10%
15%
20%
25%
30%

Dropping percentiles
for # of retrievals
N/A
21.62%
31.78%
43.19%
51.94%
55.98%
57.43%

Table III
The comparison of AoR between PHT and DAST
PHT
AoR

DAST

79%

86%

92%

96%

98%

70%

95%

100%

10.7

17.9

32.3

58.6

111.9

7.5

12.0

16.5

# of
DHT
retrievals
Table IV
The experimental results for the average latencies of insert and range
query in DAST, DST and PHT
DAST (M = 4, N = 5)
AoR =100% AoR=95% AoR=70%

DST

PHT

4.5

6.7

9.6

8.32

15.88

Insert (sec)
Query (sec)

7.9

8.37

9.606

Note, N = 5 is not universally optimal and clients should test
for their own value of N.
The accuracy of the result for range query (AoR): To
provide an analysis from the point of view of the AoR, we
queried DAST for the same range sets seven times and each
time we tested a different value of AoR. The value set of AoR
are shown in Fig. 4. We do not present the results when AoR
< 70% because these plots are masked by the plot for AoR =
70%, which means the value of AoR stops affecting DAST
when it is below 70%. As we can see in Fig. 4, the number of
DHT retrievals needed for the range query drops along with
the reduction of AoR. We confirm the precise percentile of the
drop (compared to that when AoR = 100%) with the corresponding value of AoR in table II. Through comparisons, we
can see that if we reduce the value of AoR by even 5%, the
number of DHT retrievals drops significantly (by 21.62%). If
we allow 30% of the result to be unnecessary (AoR = 70%),
the number of retrievals drops further to 57.43%.
Clients should be aware that lowering the value of AoR can
also affect the response latency of the query depending on the
sizes of the data items. If the size of the data item is small in
the client application and the frequency of the range query
request is high, having AoR of 70% can result in an approximate 50% lower overhead to the underlying DHT and may
not negatively affect the response latency. Even if the size of
the data items is large and the frequency of the request is high,
allowing AoR to be 95% is worth considering since it still
results in over 20% lower overhead to the DHT. A detailed

analysis of the tradeoffs among the data size, overhead and
AoR is required; this is precluded in this study as the implementation and evaluation of DAST is done entirely on a third
party DHT layer. The results here provide suggestions rather
than quantitative conclusions for reducing the potential DHT
overhead through adjusting AoR in DAST.
D. Range query operations in DAST, DST and PHT
We compare the number of DHT operations (insertions and
retrievals) that are needed for range queries in DAST, DST
and PHT. The parameter settings M = 4 and N = 5 are selected for DAST and a block size of 60 is chosen for DST and
PHT, which means that on each of the DST and PHT nodes
they can have at most 60 data items stored (these settings replicate those found in related literature [5]). We insert the same
set of data items to DAST, DST and PHT, and execute range
queries using the same query sets in each of the three approaches. In DAST however, we also conduct range query
experiments for three different values (100%, 95%, and 70%)
of AoR; these results can be found in Fig. 5.
For an insertion request of one data item, PHT always requires only one DHT insertion, however, it requires a number
of DHT retrievals for the lookup of the leaf node. For PHT,
we hence add the number of DHT retrievals for the lookup to
the one DHT insertion and treat the sum as the number of
DHT operations needed for one data item insert request. The
simulation results indicate that the average numbers of DHT
operations for one data item insert request are 5, 13, and 8,
respectively for DAST, DST and PHT. DST requires on average 13 DHT insertions for one data item insert request and
duplicates the data item 13 times in the DHT storage. DAST
requires less than half the DHT insertions and one data item
requires only 5 copies in DHT, which significantly reduces
the storage load in DHT. PHT on the other hand needs only
one DHT insertion and requires only one copy of a data item.
However, it requires on average 7 DHT retrievals, which imposes a higher operational overhead than DAST. To conclude,
DAST is demonstrably superior to DST for insert requests
and trades extra storage for insertion performance when compared to PHT.
Fig. 5 depicts the simulation results for the range queries.
For one range query, PHT performs many more DHT retrievals than DAST and DST, which represents potentially high
DHT overheads. When DAST is configured with AoR set to
100% it requires more DHT operations than DST. This is
because each DST node has fewer children and the splitting
of segments is slower than in DAST; DST therefore has
longer segment spans, leading to fewer query unions of segments and fewer DHT retrievals. Nevertheless, when the AoR
of DAST is set to 95%, DAST achieves approximately the
same number of DHT retrievals as DST. When AoR is configured to 70%, DAST surpasses DST.
PHT does not always achieve 100% AoR in the results of
the range queries. We calculate the AoR and the average
number of DHT retrievals for PHT and DAST responses, and
present the results in Table III. Through comparing the values
of AoR in PHT and DAST together with the average number

- 578 -

of DHT retrievals, we can see that DAST performs fewer
retrievals while maintaining higher AoR.
E. Comparison of the latencies for insertions and range queries in
DAST, DST and PHT
In this experiment, we deploy our DAST implementation
on OpenDHT together with DST and PHT. We insert the preloaded data items into OpenDHT through DAST, DST and
PHT, respectively. The latency of every insertion is recorded
and the average of these values is presented in Table IV. The
results clearly indicate one DAST insertion takes on average
only 67% of the time that DST insertion requires. The advantage of DAST over PHT is more pronounced in that PHT insertions take twice as long as DAST insertions.
For the range query experiment, we deploy three versions
of DAST, each of which is configured with AoR as 100%,
95% and 70%, respectively. With different values of AoR, we
investigate the impact of AoR on the query latency. These
results are presented in Fig. 6; the average latencies of the
range queries can be found in Table IV. We can see that the
average latency in DAST with AoR as 100% is very close to
the one in DST. When AoR is reduced, the latency grows due
to extra unwanted items in the results. PHT requires more
time for range queries because it needs several sequential
steps to lookup the leaf key, and the response contains unnecessary items. DAST does not have sequential operations and
thus performs better.

CONCLUSIONS
V.
In this paper, we proposed a Distributed Arbitrary Segment
Tree (DAST), a structure built on top of public DHT services
to achieve enhanced range query functionality for clients.
DAST incorporates the Arbitrary Segment Tree (AST), yet is
designed so that the query union contains a smaller number of
segments leading to fewer DHT operations and a lower overhead. In addition, the duplications of data items are significantly reduced in DAST as compared with DST. Moreover
DAST introduces the concept of AoR (Accuracy of Result).
By adjusting the value of AoR, we demonstrate that DAST
can further reduce the number of DHT operations and therefore further reduce the overhead.
An advantage of this scheme is that DAST does not modify
the underlying DHT and instead acts as a middle layer between DHT and the applications that require range query
functionality. The approach is also designed to provide DAST
users with the flexibility to modify DAST to their application
environments for best range query efficiency. Furthermore,
the DAST structure is deterministic once the range of the key
space is decided. This is significant in terms of lack of maintenance, which itself simplifies and reduces the overhead to
the supported client applications.
Validations are undertaken through both simulation and extensive real-world experimentation and the results demonstrate the effectiveness of DAST across a range of metrics.
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Abstract— The integration of existing and emerging technologies in Next Generation Mobile Networks (NGMN) exposes
the interworked infrastructure to malicious security threats
arising from individual networks and heightens the possibility
of their migration across network boundaries. Owing to their
autonomous characteristics, the proprietary security solutions of
legacy networks cannot be extended to address such multi-faceted
security threats affecting NGMN functionality. In this paper,
we propose a generic hierarchical security architecture that
identifies and eliminates/isolates the dominant security threats
in NGMN. While the architecture utilizes an anomaly-based
security detection mechanism, elimination/isolation is carried out
through a cooperative approach between the node under attack
and its corresponding higher tier nodes. Performance evaluation
indicates that the architecture is capable of isolating threats such
as denial-of-service (DoS) and worm attacks in a timely manner.

I. I NTRODUCTION
The explosive growth in mobile computing has inspired the
rapid emergence of new technologies with diverse data rates
and quality of service (QoS) requirements. The homogeneity
of these technologies and the existing legacy networks is likely
to disappear in the foreseeable future due to the introduction of
Next Generation Mobile Networks (NGMN). With the aim to
offer “always good connectivity” anytime anywhere, NGMN
has emerged as a promising platform to offer inter-connectivity
among disparate networks through a common framework. This
framework not only provides seamless mobility across network
boundaries, but also offers guaranteed QoS.
Unfortunately, such inter-connectivity has exposed NGMN
(including the roaming user) to security threats stemming
from individual legacy networks. In addition to these threats,
NGMN is also affected by the migration of security threats
across the network boundaries via infected terminals. While
access-specific terminals usually incorporate network-specific
security measures for homogeneous service access, no such
approach is available in a heterogeneous environment like
NGMN. In that sense, security has become a major research
issue, perhaps the greatest obstacle to the growth and reliability
of NGMN.
This work is partly supported by the the Australian Research Council. The
corresponding author: 1 Fazirulhisyam Hashim {fhisyam@ee.usyd.edu.au}, is
sponsored by the Malaysian Ministry of Higher Education.

In this paper we propose a generic security architecture
design with a potential hostile heterogeneous environment in
mind. To the best of our knowledge, no such work exists
in current literature. The proposed system is structured in
a hierarchical manner in order to reduce the burden of the
attacked node (e.g., mobile terminal (MT), base station (BS)
etc.) and to provide a fair load distribution among the NGMN
network entities. This architecture considers the detection of
two dominant security threats namely denial-of-service (DoS)
and worm attack due to their high severity level and their
potential for leading to other types of security attacks. Since
in a multi-tier system (as in the proposed NGMN architecture [1]) any layer can come under malicious attacks, the
proposed security architecture employs a distributive mechanism with cooperation between the node under attack and its
corresponding upper-tier nodes. The architecture comprises of
three security elements namely Detection Unit (DU), Decision
Maker Unit (DMU) and Security Database Unit (SDU), which
are responsible for detection and containment of the security
threats, and database storage of the corresponding solutions
(in the form of an algorithm or a software patch). Every node
in the NGMN hierarchy is capable of carrying the DU and
the DMU responsibilities, while the SDU is stored at the
Mobility Anchor Point (MAP) (the highest node in a domain,
responsible for mobility, resource and QoS management).
Once a suspicious threat is detected by a network entity
(representing DU) at tier n (the tier of the attacked entity),
it triggers an alarm message and sends it to the tier n + 1
network entity (the corresponding upper-tier node: DMU) to
halt the attack from propagating to other peer networks. The
tier n + 1 entity then retrieves a specific solution for the attack
from the SDU located at the MAP. In that sense, the proposed
security architecture is lightweight and feasible, and can be
applied to attacks at all tiers, subject to the availability of a
higher tier node to perform the DMU functionality.
The remainder of this paper is structured as follows. The
following section gives a brief overview of the interworked
NGMN architecture and the security issues arising from
NGMN interconnectivity. The proposed hierarchical security
architecture is presented in Section III while the performance
evaluation is discussed in Section IV, followed by some
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Fig. 1.

access control mechanism, it is very difficult for a malicious
attacker to infiltrate the cellular system. The only practical
way to breach the security profile of cellular network is via
the internal network infrastructure (through rogue software)
as recently reported in [5]. In addition, the vulnerability
of cellular network to DoS and DDoS have been reported
in [6][7]. With the advent of all-IP features the situation
will become further compounded and is likely to make these
attacks along with worm and virus as the dominant threats.
As per the above discussion, considering the homogeneity
of current radio access technology it is reasonable for each
network to implement proprietary solutions in combating
their specific dominant security threats. Unfortunately, such
an individualistic approach cannot mitigate the propagation
of security threats across network boundaries via roaming
terminals. As such, an open security architecture is required
that can adequately identify and subsequently eliminate/isolate
a malicious node from inflicting further damage to the NGMN.
Since in NGMN each network entity can become the subject
of an attack which eventually affects the whole radio network
(e.g., AP or BS is under attack), a more cooperative approach
is necessary between the node under attack and the corresponding higher tier nodes. The following section presents a
detailed description of this cooperative mechanism.

NGMN hierarchical architecture.

concluding remarks.
II. OVERVIEW OF NGMN A RCHITECTURE
Fig. 1 shows a distributed and hierarchical NGMN architecture [1] inter-connecting disparate access technologies such
as wired, cellular, Wireless Local Area Networks (WLAN),
Worldwide Interoperability for Microwave Access (WiMAX),
Wireless Mesh Networks (WMN) and emerging access technologies, through an IP based packet network. Besides providing a platform for the inter-connection of different radio access
networks, the hierarchical structure also improves roaming
capabilities of mobile users by localizing the handoff and thus
reducing the signaling overhead. Interested readers may refer
to [1] for a detailed description of the architecture.
Based on the NGMN architecture, it becomes evident that
the success of NGMN design relies heavily on its ability to
provide seamless mobility across network boundaries and service reachability anytime anywhere with guaranteed QoS. Any
discontinuity stemming from unpredictable network dynamics
(e.g., link failure, congestion and so on) and security threats
from malicious nodes, can be termed as a violation of the
NGMN service profile (or service level agreement (SLA)).
While a mountain of literature is available for combating
disruptions caused by network dynamics [2][3][4], security
measures investigated so far has largely been confined to
individual legacy networks and their access-specific security
threats (e.g., denial-of-service (DoS), distributed DoS (DDoS),
worms, viruses, and so on). Based on our literature review,
we found that each network is susceptible to different kind
of security threats. As an example, while most of the wired
(e.g., Ethernet) and wireless networks (e.g., WLAN, WiMAX
and WMN) are vulnerable to worm attack, man-in-the-middle
(MITM), eavesdropping, hijack, replay and so on, the aforementioned threats are not considered as dominant threats
in cellular network. With relatively good authentication and

III. T HE P ROPOSED S ECURITY A RCHITECTURE
A. Key Components of the Proposed Architecture
A multi-tier security architecture, as shown in Fig. 2, is
proposed to provide distributed security functions, as well as
correlation with the proposed hierarchical NGMN architecture.
It enables the formulation of a framework where any node in
the NGMN hierarchy, when under attack, either through the
network infrastructure (i.e., BS/AP, AR and MAP) or directly
(e.g., Personal Area Network (PAN) using Bluetooth) can be
supported by a higher tier node in mitigating the threats. The
architecture consists of three main security elements namely
the Detection Unit (DU), Decision Maker Unit (DMU) and
Security Database Unit (SDU). The DU is responsible for
detecting any anomaly which is based on predefined threshold
values. This implies that when the threshold is exceeded for a
particular class of traffic, the traffic is defined as a suspicious
flow. The DU then generates a trigger message to update
the information (e.g., information regarding previous attacks,
types of attacks etc.) in the upper-tier DMU. Upon receiving
the trigger message, the DMU determines the area that is
affected by the attacks (i.e., the location area) and updates its
information. Using a client-server method, the DMU informs
the MAP of the trigger event and requests for solutions
related to the particular attack. This information is stored in
the repository (i.e., SDU) located at the MAP, and usually
available in the form of an algorithm/program/software patch,
that the terminal can deploy to prevent harmful attacks from
causing damages. In reply to this request, the MAP responds
with the required solution for the requesting DMU. The MAP
also transmits alert messages to other network elements within
its domain that are most likely to be affected by the attacks.
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Fig. 3. Bounce diagram of the signaling transmission during the detection
process

Fig. 2.

General layout of NGMN security architecture

This mechanism improves the security level significantly as
malicious attacks especially worms and DoS can be detected
and contained at an early stage before they are propagated to
other elements. A bounce diagram of the signaling process
required to trigger/detect and mitigate an attack (for a MT)
is shown in Fig. 3. Although the bounce diagram depicts
signaling for MT under attack, it can be easily extended to
other nodes in the NGMN hierarchy.
B. Working Principle of the Security Elements
The working principle of individual elements in the security
architecture is described below:
1) Detection Unit (DU): The DU analyzes the incoming
traffic and generates a trigger message when it exceeds the
predefined threshold. In hierarchical NGMN, it is assumed that
every node (i.e., MT, BS, AP and AR) is capable of handling
the detection operation. Although for network entities such as
BS/AP and AR, the processing capability is not a major issue,
the inclusion of DU in the MT is based on the assumption
that with technological advancement more powerful terminals
will become available in the future. Therefore, when a MT is
under attack (subject to threshold crossing which is described
in the next section), the DU in the terminal generates a trigger
message, attaches the attacker’s IP address, and sends it to the
corresponding BS (i.e., DMU in this case) which determines
the type of attack. In an identical fashion, if the BS is attacked,
then the trigger message is generated by the BS itself and sent
to the corresponding AR (which now functions as the DMU).
Note that the extension of this mechanism is limited to the
hierarchical structure only whereas the core network security
is separately administrated and is not considered for service
access purposes.

2) Decision Maker Unit (DMU): The main function of the
DMU is to provide additional security measurements in terms
of malicious attack containment. This unit is designed to halt
the spread of worm and DoS attacks in a network domain
by isolating the infected terminals and preventing them from
contacting other domains. It does so by maintaining lists of
suspicious IP addresses and confirmed attacker’s IP addresses
namely in the form of Attacker List and Attacker Blacklist
respectively. When the DMU receives a trigger message from
its lower-tier element (the affected node), it carries out a
look-up operation in the lists to ascertain earlier instance of
the attacker. For a new attack, it appends the attacker’s IP
address to the Attacker List. The DMU transfers the suspicious
IP address into the Attacker Blacklist only if the same IP
address causes message triggers several times (exceeding a
predefined threshold value). Additionally a time-out period
is also implemented in both the lists to prevent them from
going beyond limit. The DMU also possesses a list of worm
signatures [8] that have either already been detected in the
domain or have been defined for the system.
3) Security Database Unit (SDU): The SDU is responsible for maintaining a database of security solutions as well
as a list of worm signatures and Attacker Blacklist. Since
reconfigurable MT is considered for global service access,
the solutions can be regarded as access-specific. The SDU is
placed at the MAP in conformance to the other repositories
i.e., HSS and AAA.
C. Anomaly Detection
Two main security threats i.e., worm and DoS are considered in this paper due to their severity and their potential for
leading to other security attacks.
1) DoS Detection: DoS attacks have gained enormous
attention in recent years because of the progressive sophistication and organization of the attackers. In general, there are two
types of DoS attacks namely the direct attack and the reflection
attack. Both of these attacks generate enormous number of
User Datagram Protocol (UDP) packets, Transport Control
Protocol (TCP) packets, Internet Control Message Protocol
(ICMP) packets, and even data packets, and consequently send
them to a large number of targeted machines. In a typical
DoS attack where an attacker sends a huge amount of DoS
packets (fdos ) to a victim node directly, the attack can be easily
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(a) Packet format of trigger message.

(b) Detection bits format.
Fig. 4.

General packet format of UDP-based trigger message.

detected when the number of packets surpasses the predefined
threshold value (T Hdos ). In that sense, for this scenario an
attack is qualified as DoS when fdos > T Hdos . Note that the
threshold values are operator-defined and can be customized
as per the QoS requirements. Nevertheless, since NGMN architecture enables the interconnection among different access
networks, it is crucial to highlight the possibility of attack
via the network infrastructure (e.g., BS/AP, AR and MAP).
For example, consider a malicious MT initiating a DoS attack
through its upper tier node (e.g., AP). In order to find the
weakest point in the network, it scans the targeted network
through the AP. In this case, the AP functions as the victim
node and subsequently carries out the detection process.
2) Worm Detection: Accurate detection and quick defense
are always difficult tasks for unprecedented worm attacks. For
the purpose of simplicity, we exploit some common characteristics of worms in order to mitigate the attacks. Many worms
utilize random scanning to search for vulnerable machines before infecting them. In addition, worms generate a substantial
volume of identical or similar traffic targeting different destinations. By monitoring both intrinsic characteristics which
we refer to in this paper as scanning-based detection [9] and
payload-based detection [10], we can decrease the possibilities
of the false positives and false negatives. In scanning-based
detection, any packet destined to inactive and unused addresses
is considered as a suspicious traffic flow from worms. The

monitoring technique (i.e., DMU) in the security architecture
collects these addresses and monitors them on the individual
networks. Conversely, in payload-based detection mechanism,
each suspicious traffic flow is examined by inspecting the
payload of the suspicious packet. For each packet in the traffic
flow, addressed to the same IP destination, the DU examines
the existence of similar substring and bit sequence (referred
to as worm traffic) within the payload of successive packets.
Suppose that F represents the total traffic flow through
the DU and fi is the scanning traffic destined for inactive
addresses where
P fi ∈ F . The suspicious flow fs is then
identified if
fi > T Hscan , where T Hscan represents the
threshold value of the scanning detection. The suspicious fs is
then examined for the same and repetitive substring fw ∈ fs ,
where the occurrence frequency of fw is increased by one
whenever the same substring appears in fs . As flows with high
occurrence frequencies of similar substrings are considered to
be
P part of worm payloads, a trigger message is generated if
fw > T Hstring which indicates the threshold crossing of
the occurrence frequencies (for similar substrings). Note that,
as before, the threshold values are operator-defined.
D. Signaling Packet Format
Fig. 4(a) depicts the packet format of the signaling transmission during the detection process. In order to simplify and
reduce the signaling overhead, we utilize the data field of
the 32-bits UDP packet. The choice of UDP is influenced
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by its widespread use as a connectionless protocol in both
wired and wireless networks which translates into reduced
data transmission time - a key requirement of our proposed
architecture. As can be seen from Fig. 4(a), the proposed
frame structure is divided into multiple 8-bit fields where the
first field represents the types of attacks while the subsequent
fields carry distinct information about the individual attack.
Additional 32 bits and 48 bits are reserved for the attacker’s IP
and MAC address respectively. Since we utilize the data field
of UDP packet, the trigger message is therefore expandable
and can be utilized to detect a number of security threats.
However, in this paper we only consider two types of security
attacks (i.e., worm and DOS), denoted as the Type 1 and
Type 2 fields in Fig. 4(a). Both DoS detection and worm
detection use a total of eight bits where four bits each are
reserved for the Threshold field and the Application Type
field. In principle, the Threshold field is used to determine the
status of the attacked terminal (instead of the actual value),
thus indicating whether the threshold value is exceeded or not
while the Application Type field is used for QoS purposes.
Note that the QoS is guaranteed in the NGMN. Therefore
the Application Type field enables the attacked domain and
the upper-tier network elements to initiate necessary measures
(e.g., reduce transmission rate, reduce data coding rate etc.)
so as to improve the degraded QoS resulting from security
attacks. The details of the frame format, together with the
detection bits for both types of attacks, are shown in Fig. 4(b).
IV. P ERFORMANCE E VALUATION
In this section, we demonstrate the effectiveness of the
proposed security architecture against the DoS and worm
attacks. In order to evaluate and validate the proposed architecture, we have conducted extensive simulations using the NS2
simulator [11]. It is important to highlight that the effectiveness
of our architecture is influenced by the implemented detection
mechanism. Since we implement the threshold-based anomaly
detection for the attacks, the results may vary depending on
the selected threshold value. Moreover, since the detection
mechanism relies on a counter exceeding a threshold before
it issues an alert, higher value of the DoS attacking rates and
larger packet size lead to faster and easier detection of the
attacks. Note that due to the inherent characteristics of the
NS2 simulator, a maximum achievable throughput of 700kbps
at a constant bit rate (CBR) of 1Mbps is considered.
A. Simulation Model
In the DoS attack, we model a direct attack from a MT
to the target AP. In this attack, the attacker generates and
sends a large number of TCP SYN packets (packet size
set to 512 bytes) to the target node (i.e., AP) to initiate a
connection/session. This creates enormous number of halfopen connections at the AP which saturate the connection
table and consequently drops any connection attempt from
legitimate nodes. On the other hand, worm attack is simulated
as worm propagation between two MTs located at different
access networks. Therefore, the worm generated packets need

to propagate through the corresponding AP at the target
network. Since every node in the NGMN possess the DU
capabilities, we assume that the detection process will be
executed at the respective AP. The simulation runtime is 250
seconds while attacks are initiated at t=100 seconds, for both
DoS and worm simulations.
B. Simulation Results
Fig. 5 and Fig. 6 show the throughput of the victim node as
a function of time, with and without the security architecture
for DoS attack respectively. Note that the victim’s throughput
in both figures represents the incoming packets from legitimate
node(s) (i.e., non-attacker) only. From Fig. 5, it can be seen
that the throughput of the AP is heavily affected by the large
amount of incoming DoS packets. However, when the security
architecture is implemented into the network (refer to Fig. 6),
the AP is able to detect a rapid increase of suspicious packets
from the malicious MT, thus indicating a deviation from a
normal traffic pattern. Given that in DoS attack, the main
intention of the attacker is to halt the operation of the victim
node by congesting its buffer, it is crucial for the AP to
detect the attack in a short period of time. With the security
architecture, once the AP detects any abnormality from the
incoming traffic, it subsequently sends a trigger message to
its corresponding upper tier AR and waits for the solution. It
is evident from Fig. 6 that the proposed architecture is effective
in detecting and defeating the DoS attack.
On the other hand, Fig. 7 and Fig. 8 illustrate the impact
of the worm attack on the victim node’s throughput, with
and without the security architecture respectively. Similar to
DoS simulation, the victim’s throughput represents incoming
packets from legitimate node(s) (i.e., non-attacker) only. As
stated earlier, since every incoming packet from the infected
MT has to travel through the AP, we consider the respective
AP as the victim node (i.e., in which the DU functionality is
executed). Similar to DoS attack, the throughput of the AP is
also affected by the worm attack (refer to Fig. 7). However,
in comparison to the rapid DoS traffic, during the initial stage
of worm attack (i.e., scanning port), the infected MT scans
for victims by sending scan packets at constant time interval
which describes the less stormy effect of the worm attack.
Since the worm attack can be detected at the early stage
through the scanning port activities and through the matching
of similar packet substring [8], the process of worm detection
and containment can be accomplished at the scanning port
stage. Therefore, as shown in Fig. 8, the worm propagation is
restricted before it can send the actual worm generated packets.
V. C ONCLUSIONS
In this paper, we proposed a generic security architecture for
NGMN which considers anomaly-based detection technique
for two dominant security threats (i.e., DoS and worm), which
have been identified from our extensive literature survey. The
proposed architecture facilitates cooperation between NGMN
network entities in carrying out the detection and mitigation
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Fig. 6. Throughput at AP for DoS attack - with NGMN security architecture.

Fig. 8. Throughput at AP for worm attack - with NGMN security architecture.

of security threats. The preliminary simulation results show
that the architecture is effective and capable of detecting
and isolating the threats within an acceptable period of time.
Given the promising results of the proposed architecture, we
intend to extend the simulation to provide more comprehensive
results in various situations and further adjust the proposed
architecture and its parameters.
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ABSTRACT- This paper provides both the theoretical and
practical results for Geo-stationary satellites orbit
determination using both dual Ranging from Two (2)
separate earth station locations and Classical orbit
determination from an earth station.
Orbit determination is performed through a generated
Matlab program and is compared with a flight proven
software tool.
The program takes into account the dynamic model [1,5,6]
of the satellite which takes orbit perturbations due to non_
spherical earth shape, the gravitational forces of the sun and
moon, and the atmospheric drag.
Acceptable results where foreseen in comparison to the
flight proven software tool.
1. INTRODUCTION
To determine a spacecraft’s orbit, measurements such as range,
angles are needed which can be obtained by a number of Earth-based
systems tracking systems.
These measurements are the means for calculating the trajectory of
a satellite with the help of filtering algorithms and models of orbit
evolution which always compare the real measurements with a
theoretical quantity calculated from a pre-assumed trajectory. (Fig 1) [2].

Fig (1): Orbit Determination problem

Orbit determination could be determined by the utilization of both
ranging and angular measurements or ranging measurements only, but
using angular measurements have varies types of problems as:
1.
The mechanical precession which is required for the large
equipments leads to very high operational costs.
2.
Azimuth-Elevation accuracy depends on the mechanical antenna
system not on the electrical system as the ranging.
3.
The errors on the measurements are often biases, that are slowly
evolving, like the alignment of the mechanical axes, or cyclic (due
to day-night temperature fluctuations) or variable like the deviation
between the targeted radio- frequency direction and the mechanical
direction, which may be due to wind or to the dynamics of the
displacement (servo control).
Thus, due to these problems and due to the need for higher
precession method, the paper provides a method for orbit determination
based only on the ranging measurements.
The paper is divided into several sections. The first section
contains some basic definitions. The second section contains the orbit
determination algorithm and dual ranging algorithm. The third section
contains the simulation results performed. Fourth section contains the
conclusion of this paper. The last section contains the future work and
reference for this work.
2. BASIC DEFINITIONS
2.1 Orbital parameters
The elements of an orbit [1,3] are the parameters needed to specify
that orbit uniquely. Traditionally used set of orbital elements is called
the set of Keplerian elements. The Keplerian elements are six: Semimajor axis (a), eccentricity of the ellipse (e), inclination angle (i) , Right
ascension of ascending node (Ω) , argument of perigee (ω), True
anomaly (ϑ).

Fig (2): Orbital angles
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For geostationary satellite orbit the inclination angle (i) nearly
equal to zero, so the values of ω and ϑ can not be given with sufficient
accuracy, as the position of the ascending node is not determined
accurately. The parameters in the kepelerian set are slightly modified to
include implicitly the parameters (i, ω, ϑ). The new sets of modified
orbital parameters are given by definition as:

2.4 Reference Frames
Co-ordinate transformation systems are needed in order to
determine the computed measurement (Range, Azimuth and Elevation)
from the given orbital parameters. Thus, three co-ordinate systems[1,2]
are introduced in this paper to define the satellite position relative to the
ground tracking earth station taking into account the attraction effect of
the motion of the sun and the moon. These coordinate systems are the
following:
The Perifocal coordinate (p,q,w).
The Geocentric coordinate (I,J,K) , and
The Satellite in rotating frame coordinate (X,Y,Z),

Semi-major axis:
a

(1)

Eccentricity vector in the x , y directions :
⎯ex = ⎯e cos(ω+Ω)
⎯ey = ⎯e sin(ω+Ω)

(2)

Inclination vector in the x , y directions :
⎯ix = sin(i) cos(Ω)
⎯iy = sin(i) sin(Ω)

(3)

Longitude :
l = ω + ϑ + Ω - GAST

(4)

Where; GAST = Grinitch apparent sidereal time
2.2 Orbit Perturbations
The Keplerian orbit is ideal since it assumes that the earth is a
uniform spherical mass.
The dynamic model is introduced for a more realistic orbit. Thus
we take into account orbit perturbations [2,3] which are due to:
1.
The forces due to the contribution of the non- spherical
components of terrestrial attraction.
2.
The attraction of the sun and the moon (Third-Body
Perturbations)
3.
Solar radiation pressure
4.
Aerodynamic drag , which is negligible for altitudes
above 3000 Km
Where items 1 and 2 are gravitational forces from perturbing
potentials, and items 3, 4 are non conservative forces, they do not
depend on the satellite mass, they depend on the satellite shape and
geometry.

Fig (3): Coordinate systems transformations
i.e. (1) Perifocal coordinate (2) Geocentric coordinate (3) Rotating frame
coordinate
Each of these reference frames are presented in details;
2.4.1 Perifocal coordinate (p , q ,w)
The position of a geostationary satellite as measured from the
Earth station. The observer's horizon becomes the reference plane and
his position, the origin.

2.3 State Vector
Another way to determine the orbit rather than the set of orbital
parameters is the state vector (position, velocity), where the orbit is
determined through the definition of the position and velocity in
cartesian coordinate system (X, Y and Z – directions).
The state vector is shown in this section as the MATLAB program
compute the optimum increment in the state vector – equation (25) – and
add it to the initial state vector to produce a new state vector which is
more precise. This new state vector is transferred back to the orbital
parameters.
Transformation from the orbital parameters to the state vector[2]
position (X, Y, Z) and velocity (dX, dY , dZ) is done as shown:
X=
Y=
Z=
dX =
dY =
dZ =

r*[cos(ω+ϑ)*cos(Ω) - sin(ω+ϑ)*sin(Ω)*cos(i)]
r*[cos(ω + ϑ)*sin(Ω) + sin(ω + ϑ)*cos(Ω)*cos(i)]
r*[sin(ω + ϑ)* sin(i)]
-μ/H * [cos(Ω)*(sin(ω + ϑ) + e*sin(ω)) +
sin(Ω)*(cos(ω + ϑ)+ e*cos(ω))*cos(i)]
-μ/H * [sin(Ω)*(sin(ω + ϑ) + e*sin(ω)) cos(Ω)*(cos(ω + ϑ)+ e*cos(ω))*cos(i)]
μ/H * [cos(ω + ϑ) + e*cos(ω)]*sin(i)

(5)
(6)
(7)
(8)
(9)
(10)

Where;
r = Magnitude of the position vector (r) in the P-Q frame plane as shown
in equation (11)
μ = Earth Gravitational constant = 3.986005e5 km3 / sec2
H = Magnitude of the angular momentum.

Fig (4): Perifocal coordinates
From this coordinate system the magnitude of the position vector r
in the P-Q frame plane is computed;
r = a *(1-e*cos(E);
rp = r*cos(ϑ); rq = r*sin(ϑ);
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(11)
(12)

Computing the rotating system coordinates:

2.4.2 Geocentric coordinate (I, J, K)
The general Geocentric Equatorial Coordinate System (IJK) is also
known as the Earth-Centered Inertial (ECI) system. ECI’s origin is at
Earth’s center, and its fundamental plane is the equator.

Xr = cos(GAST)*ri+ sin(GAST)*rj

(16)

Yr = -sin(GAST)*ri+ cos(GAST)*rj

(17)

Zr = 1*rk

(18)

From this point, we calculate the sub-satellite points (sub-satellite
longitude and latitude) as shown in equations (19) and (20) respectively:
Ls =

ls =

π/2 – cos-1[Zr/(Xr2+Yr2+Zr2)0.5]
-tan-1 (Yr / Xr )
π - tan-1 (Yr / І Xr І)
π/2 + tan-1 (І Xr І / І Yr І)
-tan-1 (І Yr І / Xr )

(19)
Yr > 0 and Xr > 0
Yr > 0 and Xr < 0
Yr < 0 and Xr < 0
Yr < 0 and Xr > 0

(20)

And finally, computing the Azimuth, Elevation (Look angles) and
ranging data from the satellite coordinates (Xr, Yr, Zr) using the
geographical coordinates of the sub-satellite point as intermediaries;
As, distance from center of earth to the satellite (orbital radius) is;
Fig (5): Geocentric coordinate

rs = (Xr2+Yr2+Zr2)0.5

The I-axis (or +X-axis) points towards the vernal equinox; the Jaxis (or +Y-axis) is 90ο to the east in the equatorial plane; and the K-axis
(or +Z-axis) points towards the North Pole.
Computing the position components X, Y, Z,

(21)

Thus, Azimuth (Az), Elevation (El) and Ranging (Rg) equations are:
EL = cos-1 [ sin(δ) / (1+(Re/rs)2 - 2*(Re/rs)*cos(δ))0.5]
2

ri= [cos(Ω)*cos(ω)-sin(Ω)*cos(i)*sin(ω))*rp + (-cos(Ω)*sin(ω)sin(Ω)*cos(i)*cos(ω)]*rq;

(13)

rj=[sin(Ω)*cos(ω)+ cos(Ω)*cos(i)*sin(ω) )*rp +(-sin(Ω)*sin(ω) +
cos(Ω)*cos(i)*cos(ω)]*rq;

(14)

rk= [sin(i)*sin(ω) )*rp + (sin(i)*cos(ω) ]*rq;

(15)

0.5

Rg = rs*[1+(Re/rs) - 2*(Re/rs)*cos(δ)]

(23)

Where; Le , , le are Earth station latitude and longitude
respectively, & Re = Earth radius = 6378.13649 Km.
δ = cos-1 [cos(Le)*cos(Ls)*cos((ls-le))+sin(Le)*sin(Ls)]

This coordinate system is considered inertial, but the equinox and
plane of the equator move over time. Thus in order to take into account
the relative motion of the satellite with respect to the earth, introduce the
following coordinate system;

(22)

(24)

And the Azimuth is computed depending on position of the earth
station latitude with respect to the satellite latitude.
Thus, it is clear from the above equations that there exists a need
for co-ordinate transformations in order to obtain the computed Azimuth
and Elevation angles.
3. DUAL RANGING ALGORITHM

2.4.3 Satellite in rotating frame coordinate (X,Y,Z)
Known as Satellite Radial coordinate system (RSW) , moves with
the satellite. The radial, R-axis points from Earth’s center along the
radius vector to the satellite as it moves through an orbit. The alongtrack S-axis points in the direction of the velocity vector, and is
perpendicular to the radius vector. The cross-track, W-axis is fixed along
the direction normal to the orbital plane.

3.1 Orbit Determination Algorithm
The algorithm presented in this paper is based on statistical orbit
determination method - least squares (LS) method [9].
Based on the Goodyear relations [2,3,6,8] the best estimate increment
in the state vector is given by:
Δxk = (HT H)-1HTy

(25)

Where; y = difference between actual and computed
measurements, and (HTH)-1 = Covariance matrix. The observation
sensitivity matrix (H) equals:
H = H″*Φ

(26)

Where; Φ = state transition matrix (linear transformation of the
state vector) [1] = d(state vector)/d(orbital parameter) | at t0 * [d(state
vector)/d(orbital parameter)]-1 | at t
And, H″ (Observation-state mapping matrix) [1] is the relation
between variation of the measurements and the state vector.
3.2 Dual Ranging
Orbit determination using only ranging measurements[10,11]
approach is established to be independent from the Angular
measurements
Fig (6): Rotating frame coordinate
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Introducing in this work the precession and accuracy of Two (2)
Station ranging as seen in the fig (7)[1] , and compare it with the standard
single station configuration (range, Angular measurements).

4. SIMULATION
In this section we will provide two simulation results, which
utilized two earth stations one located in Cairo with coordinates 29.5 N
latitude, 31.2 E longitudes, and the other is located in Alexandria with
coordinates 31.4 N latitude, 29.46 E longitudes. The implemented
system for orbit calculations utilizes modern statistical method, using
least square approach for minimizing the error.
First: A comparison study for two (2) spacecraft between both
nominal and dual ranging orbit determinations methods performed using
a flight proven orbitoagraphy tool and using suggested program
generated by MATLAB software.
Varies orbit determinations have been performed for around three
(3) years, each determination was based on two (2) complete days of
tracking data.
The shown results provide the final modified orbital parameters
(semi-major axis, eccentricity vector in the x and y directions,
inclination vector in the x and y directions and longitude) for varies
methods used, and show comparable results with each others.

S/L1 - a - Semi-major axis (Km)
Fig (7): Dual ranging
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Km 42165
42164
42163
42162
9/12/2004
12:53

The next flow chart [1] shows the orbit determination algorithm for
dual ranging measurement method;
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Fig(8) : Dual ranging Algorithm
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S/L2 - ey - Eccentricity in y-axis

S/L2 - l - Satellite Longituide
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Second: Case study of one orbit (Date: 09/12/2004 12:53:17) to
show the evolution of the state vector and the perturbation model.

S/L2 - ix - Inclination in x-axis

First the final State vector (Position and Velocity) propagation
model

0.0006
0.0004
0.0002
rad

0
6/12/2004
-0.0002 1:53

12/2/2006
21:23

4/5/2006
13:53

31/08/06
20:23:17

7/12/2006
22:23

25/03/07
18:53:17

-0.0004
-0.0006
Date
Flight Proven Nominal OD
Flight Proven OD using dual ranging
Suggested program using dual raning
Suggested program using nominal measurment

S/L2 - iy - Inclination in the y-axis

i.e. the X-axis represent number of measurements, Y-axis represent the
position and velocity propagation
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Second the propagation of the perturbation model during one
complete day (12 measurements)
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i.e. the X-axis represent number of measurements, Y-axis represent
perturbation model propagation
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And finally, the propagation of the orbital parameters due to the
orbit propagation with time taking into account the effect of varies
orbital perturbations.
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Branch Lab EAS, Dresden/Germany - SpaceOps Conference 2004.

i.e. the X-axis represent number of measurements, Y-axis represent
orbital elements model propagation

5. CONCLUSION
From the above complete Three (3) year analysis study, it appears
that an Orbit determination using ranging data from two stations apart
by around 250 Km and located within different longitudes from the
tracking satellite, is feasible and produce acceptable results.
This conclusion lead to accepting the orbit computed from only the
ranging data using two stations, thus in case of problems in the limited
motion antenna campaign could be performed only using the fixed
motion antenna and provide accurate and acceptable results.
6. FUTURE WORK
Next we will try to introduce different approach for the orbit
determination by using spread spectrum technique instead of the normal
Pseudo-range technique, discussing its capabilities and potentials.
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Abstract—The use of polarization antenna diversity techniques
in mobile communications can improve system robustness against
multipath fading. However, when used in asynchronous CDMA
transmission, an increase in the carrier to noise ratio (CNR)
does not automatically imply an increase in the received signal to
noise ratio (SNR), due to the possibility of an increase in multiple
access interference (MAI). We present a derivation of the signal
to interference plus noise ratio (SINR) and calculate the average
bit error rate (BER) of an uplink MC-CDMA system using
polarization diversity reception at the base station. The results
show that even though the use of polarization diversity introduces
additional MAI, the resulting increase in the signal power was
able to give an overall improvement in the performance of the
SNR and average BER.

I. I NTRODUCTION
A microwave radio signal in a mobile communications
channel typically exhibits extreme amplitude variations as a
result of multipath propagation [1]. Fades which are 40dB
below the mean signal level are common and makes this type
of communications difficult [2]. The use of antenna diversity
schemes directly mitigates the effects of the mobile channel
without the consumption of additional spectra, at the expense
of additional RF equipment [3].
Antenna diversity introduces signal redundancy across multiple antennas to improve system robustness against multipath
fading by increasing the carrier to noise ratio (CNR) [4]. For
asynchronous CDMA systems, an improvement in the CNR
post recombination does not automatically imply an increase
in system performance. Antenna diversity does not compensate
for asynchronous transmission, which causes user codes to
lose orthogonality and introduce multiple access interference
(MAI).
In this paper, we analyze the additional MAI introduced as a
result of using antenna polarization diversity in a multi carrier
(MC) CDMA system. The resulting expressions for the signal
to interference plus noise ratio (SINR) and average bit error
rate (BER) are derived.
Signaling and antenna based diversity techniques have been
well documented in the literature [1]. In typical systems using
spatial diversity, an antenna separation in the order of 30
wavelengths is required to achieve sufficient decorrelation for
diversity action at the base station [5]. Due to space availability, this type of diversity may be difficult to implement.

The use of antenna polarization diversity is seen as a better
alternative because it allows antenna elements to be co-located
[5], [6].
In polarization diversity, signal redundancy is achieved by
the reception of orthogonally polarized electromagnetic waves
that have uncorrelated signal envelopes [5], [6], [7]. Results
in the published literature have shown that the envelope
correlation of polarization diversity branches are close to zero,
and the performance is comparable to that of space diversity
[4].
Polarization diversity has traditionally utilized linear vertically (Vpol) and horizontally (Hpol) polarized antennas. One
limitation of this configuration is the intrinsic power imbalance
between diversity branches [8]. Asymmetric attenuation in
the Vpol and Hpol may lead to significant power imbalance
and degrade diversity performance [5], [7]. To overcome this,
linear polarized antenna elements which are aligned at an angle
± α relative to the vertical, have been proposed to equalize the
power imbalance [6]. This diversity antenna configuration is
used in our discussion.
MC-CDMA has been proposed as one of the candidate
multiple access schemes in 4G systems. The main idea of
MC-CDMA is to transmit a single data stream over a number
of lower rate subcarriers that have been uniquely coded
by a spreading sequence across the frequency domain [9].
Advantages of MC-CDMA include the ability to counter
the frequency selective nature of the channel, which was a
problem for Direct Sequence (DS) CDMA. Extended symbol durations allow for quasi synchronization, giving more
robustness against inter symbol interference (ISI) and inter
chip interference (ICI) [10]. Further, if orthogonal subcarriers
with overlapping sidebands are used, spectral efficiency is
facilitated [11]. However, because spreading is done in the
frequency domain, MC-CDMA does not inherently introduce
frequency diversity [12], calling the need to use other forms of
diversity. One of the motivations of this paper is to introduce
antenna polarization diversity in MC-CDMA.
Our development considers an uplink MC-CDMA system
using a ±α receiver antenna configuration. MAI analysis is
central to this investigation since synchronous transmission is
not guaranteed in the uplink. The effect of the additional MAI
from diversity is incorporated into the study and we show that
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this case, the power is assumed to be the same across all N
subcarriers.
B. Receiver
At the base station receiver, the modeling of polarization
diversity reception is based on the ±α configuration outlined
in [6]. The transmitted signal is assumed to be principally vertically polarized. Due to multipath signal propagation within
the transmission medium, rotation of the polarization states
are induced [6], [8], and causes the signal received at the
base station to have both vertical and horizontally polarized
components, rk,v (t) and rk,h (t) respectively.
rk,v (t) =

N
X
√
2P βk,v,i bk ck,i
i=1

· cos [2πfi (t − τk ) + φk,i (t) + θk,v,i ]
Fig. 1.

rk,h (t) =

Block Diagram of the MC-CDMA transmitter

N √
X
2P βk,h,i bk ck,i

(2)

i=1

despite an increase in MAI, the increase in signal power due to
polarization diversity was able to give an overall improvement
in system performance.
II. S YSTEM M ODEL
This section presents a mathematical model of the uplink
MC-CDMA using polarization diversity at the receiver.
A. Transmitter
Fig. 1 illustrates the block diagram of a MC-CDMA transmitter. The data bits of the kth user, bk , is assumed to be a
BPSK modulated waveform and is first replicated in parallel
over N subcarriers. The number of subcarriers is dictated
by the spreading gain of the pseudo-random (PN) spreading
sequence ck,i . The PN code is applied in the frequency
domain across the N orthogonal subcarriers, with the ith
chip being assigned to the ith subcarrier. In other words,
given a spreading sequence of length N {c[1], c[2], . . . , c[N ]},
subcarrier branch fk,1 is assigned c[1], while subcarrier branch
fk,2 assigned with c[2] and so forth for the N subcarriers. It
is important to note that in MC-CDMA, the resulting symbol
duration Ts is equal to the chip duration, and thus, given
the appropriate choice in the number of carriers occupying
the available bandwidth, it is reasonable to assume that each
subcarrier signal is experiencing frequency flat fading [9]. It is
also assumed that channel conditions remain unchanged over
two consecutive symbols. After spreading is done across the
frequency domain, each carrier is modulated to its assigned
subcarrier frequency, fk,i , combined, and transmitted through
the transmission medium.
The transmitted signal of user k, sk , is written as follows:
sk (t) =

N √
X
2P bk ck,i cos (2πfk,i t + φk,i (t)) ,

(1)

i=1

where P is the power transmitted in each subcarrier and
φk,i (t) is the random phase introduced by the modulator. In

· cos [2πfi (t − τk ) + φk,i (t) + θk,h,i ]

(3)

θk,v,i and θk,h,i represent the random phase induced by the
channel in the vertical and horizontal polarizations, and are
assumed to be uniformly distributed between [0, 2π). βk,v,i
and βk,h,i are the channel attenuation coefficients in the
Vpol and Hpol, respectively. They are modeled as Rayleigh
random variables, and are assumed to be independent between
polarizations [6], [7], and independent between users [13].
The relationship between βk,v,i and βk,h,i is defined by the
cross polarization discrimination (XPD), Γ , which is the ratio
between the received power in the Vpol and the received power
in the Hpol [6],
 2 
E βr,v,i
h
i,
(4)
Γ=
2
E βr,h,i

where E [·] is the expectation operator. These assumptions are
verified with the experimental results presented in [5] and [6].
Due to the asynchronous nature in uplink transmission, a
time delay τk is introduced and is assumed to be uniformly
distributed between [0, Ts ). The time delay for the reference
user, τr is defined to be zero.
A polarization diversity antenna composed of two elements
V1 and V2 which form an angle of ±α relative to the vertical
axis is used. Azimuthal dependence of the kth mobile user is
introduced by the ϑk parameter. The geometry of the system
is illustrated in Fig. 2. Upon reception, signals of the vertical
and horizontal polarizations are projected onto the V1 and V2
antenna components [6].
V1 =rk,h (t) sin α cos ϑk + rk,v (t) cos α
V2 = − rk,h (t) sin α cos ϑk + rk,v (t) cos α

(5)
(6)

The receiver structure takes advantage of the two diversity
branches provided through the ±α antenna elements, and uses
post detection combining. The general MC-CDMA receiver
block diagram is illustrated in Fig. 3. The received signal
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The test statistics Z1 and Z2 can be written as the sum of the
desired signal, D; the MAI component; and the additive white
Gaussian noise (AWGN), η. The desired signal in V1 and V2
are calculated as follows:
r
N
X
P
µi [βr,h,i Ar + βr,v,i Ψ]
(9)
br,0
D1 =
2
i=1
r
N
X
P
D2 =
µi [−βr,h,i Ar + βr,v,i Ψ] .
(10)
br,0
2
i=1

Fig. 2.

We define Ak = sin α cos ϑk and Ψ = cos α. Because we are
dealing with the reference user, k = r, Ar = sin α cos ϑr . We
also define br,0 as the current data bit of the reference user.
The noise interference terms, η1 and η2 are the result of the
AWGN channel with a noise power spectral density of N0 .
In general, the statistics of η1 and η2 will not be the same,
and depends on the combining gains µ1,i and µ2,i . Since EGC
is used across the subcarriers, the statistics of η1 and η2 are
assumed to be the same and have zero mean with a variance
of:

Goemetry of the ±α antenna configuration

var (η1 ) =var (η2 ) =

Fig. 3. Block diagram of the MC-CDMA receiver with polarization diversity

in each of the subcarriers of both antennas are despread,
demodulated, weighted and combined, before being passed
into the correlation receivers. The two correlator test statistics
are then weighted, combined and input through a decision
device to determine the transmitted bit.
The output test statistics of the correlation receivers Z1 and
Z2 for antenna branches V1 and V2 respectively are calculated
as:
Z Ts X
N
cr,i cos (2πfr,i t) µ1,i dt
V1
Z1 =
0

0

k=1
k6=r

·

I2 =

ck,i cr,i µi [βk,v,i cos ζk,v,i Ψ + βk,h,i cos ζk,h,i Ak ]

i=1

r

·

(7)

N
X

(12)
K

X
P
Ts
[bk,−1 τk + bk,0 (Ts − τk )]
2
k=1
k6=r

N
X
i=1

ck,i cr,i µi [βk,v,i cos ζk,v,i Ψ − βk,h,i cos ζk,h,i Ak ] ,
(13)

and,

i=1

=D2 + MAI2 + η2 .

(11)

The MAI term is the undesired term as a result of multiple access interference. The MAI term can be separated
and analyzed in two parts, I and J [13]. I represents the
contribution of MAI from the other K − 1 users using the
same subcarrier frequencies, while J is the contribution of
MAI from other users with different subcarrier frequencies. I
and J for antennas V1 and V2 are calculated as:
r
K
X
P
I1 =
Ts
[bk,−1 τk + bk,0 (Ts − τk )]
2

i=1

=D1 + MAI1 + η1
Z Ts X
N
cr,i cos (2πfr,i t) µ2,i dt
V2
Z2 =

N
N0 T s X 2
µ .
4 i=1 i

(8)

J1 =

µ1,i and µ2,i are the combining gain parameters used to
weight each of the individual subcarriers in antenna V1 and
V2 respectively. Equal gain combining (EGC) is used across
the subcarriers such that µ1,i = µ2,i = µi for i = 1 . . . N .

(
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·

N
N
K
X
X
√ X
ck,j cr,i
µi
(bk,−1 − bk,0 )
2P
2∆i,j
j=1
i=1
k=1
k6=r

j6=i

βk,v,j Ψ [sin (∆i,j τk + ζk,v,j ) − sin ζk,v,j ]

+βk,h,j Ak [sin (∆i,j τk + ζk,h,j ) − sin ζk,h,j ]

)

(14)



2
where, A = E cos2 ϑk sin2 α and

N
N
K
X
X
√ X
ck,j cr,i
µi
(bk,−1 − bk,0 )
J2 = 2P
2∆i,j
j=1
i=1

·

(

k=1
k6=r

j6=i

)
βk,v,j Ψ [sin (∆i,j τk + ζk,v,j ) − sin ζk,v,j ]
. (15)
−βk,h,j Ak [sin (∆i,j τk + ζk,h,j ) − sin ζk,h,j ]

bk,−1 and bk,0 are used to represent the previous and current
data bits of user k respectively. The ζ parameters have been
introduced to account for the total combined phase, where
ζk,v,i = φk,i (t) + θk,v,i (t) − 2πfk,i τk . Further, the spectral
distance between the ith and jth subcarrier is defined to be:
2π (i − j)
.
(16)
∆i,j =
Ts
Maximal ratio combining (MRC) is employed to combine
the signals across the two antennas. The combining gain
parameters εr,1 and εr,2 are used to weight the two branches
according to their signal to noise power ratios and then
summed [1].
εr,1 =Br,h Ar + Br,v Ψ

(17)

εr,2 = − Br,h Ar + Br,v Ψ
(18)
PN
PN
For ease in representation, i=1 βr,h,i and i=1 βr,v,i have
been replaced by Br,h and Br,v respectively.
In the derivation for the expression of the SINR, we start
with the power of the desired signal, post MRC, calculated as:

C=

r

i

r,v

i=1

r,1

2




 .


r,2 )

2
The calculation of the SINR, γp1
, incorporates the additional
MAI from polarization diversity as a source of interference.
The SINR is derived by taking the ratio between the desired
signal and the sum of all interference terms.
2
γp1
=

The total MAI power ρMAI is calculated by the summation
of the power from I and J. We represent these as ρI and ρJ
respectively.
ρMAI =ρI + ρJ

(20)

ρI and ρJ are calculated by taking the second order moment
of I and J. The central limit theorem allows the treatment of
I and J as independent Gaussian random variables with zero
mean and variance σ 2 [13].
 
ρI =E I 2
P Ts2 σ 2
= (K − 1)
3
# N
" 2
X
A
2
2
µ2i (21)
(εr,1 − εr,2 ) + Ψ2 (εr,1 + εr,2 )
·
Γ
i=1
 
ρJ =E J 2

P Ts2 σ 2 C
= (K − 1)
2π 2
# N
" 2
X
A
2
2
2
µ2i , (22)
(εr,1 − εr,2 ) + Ψ (εr,1 + εr,2 )
·
Γ
i=1

ρMAI

D2
+ var(η1 )ε2r,1 + var(η2 )ε2r,2

(24)

We assume that channel conditions are known exactly at the
receiver and evaluate the instantaneous BER conditional to
the state of the channel. Because both type of MAI has been
approximated to be independent Gaussian random variables
with zero mean, we evaluate the instantaneous BER as:
pp1
e |Br,h , Br,v = Q (γp1 ) ,

(25)

where Q (·) is one minus the cumulative distribution function
of the standardized normal random variable. For the sake of
simplicity in the calculations to follow, the EGC parameters
µi are all set to be unity.
To calculate the average BER, we have to take the expectation over all of the variables involved, namely Br,h and Br,v .
E

(19)

(23)

j6=i

2

D2 = (D1 εr,1 + D2 εr,2 )

!
N
X
 Ar Br,h
µi (εr,1 − εr,2 )
P 2 

i=1
= br,0 
!
N

2
X
+ Ω B
µ (ε + ε

N N
1
1 XX
.
N i=1 j=1 (i − j)2



pp1
e



=

+∞ Z
+∞
Z

−∞ −∞

Q (γp1 ) · prob (Br,h Br,v ) dBr,h dBr,v
(26)

Since it was assumed that the fading in the Vpol and Hpol are
independent of each other, the joint distribution can be written
as the product of their respective distributions, prob (Br,h ) and
prob (Br,v ).
 
=
E pp1
e
+∞ Z
+∞
Z
Q (γp1 ) · prob (Br,h ) · prob (Br,v ) dBr,h dBr,v
−∞ −∞

(27)
Here, Br,h and Br,v represent a sum of N Rayleigh random
variables. It is of interest to note at this point that the Rayleigh
distribution is a special case of the Nakagami-m distribution,
with m being equal to unity. Thus, an interpretation for Br,h
and Br,v is that we have a sum of m-variables. When the
branches are assumed to have independent fading, the probability density functions of Br,h and Br,v can be approximated
with the Nakagami-m distribution [14],

 m

m
m 2
2
2m−1
Br,h
exp − Br,h
prob (Br,h ) =
Γ (m) Ωh
Ωh
(28)
 m


2
m
m
2
2m−1
prob (Br,v ) =
,
Br,v
exp − Br,v
Γ (m) Ωv
Ωv
(29)
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Fig. 4. BER for asynchronous MC-CDMA using polarization diversity with
different values of the XPD. (N = K = 16, α = π/4 and ϑk = 0)

Fig. 5. BER for asynchronous MC-CDMA using polarization diversity with
different values of α. (N = K = 16, Eb /N0 = 10dB and ϑk = 0)

with the parameters of the m distribution given as:
 2  8N 2 σ 2
Ωv = E Br,v
≈
5
 2  8N 2 σ 2
Ωh = E Br,h ≈
5Γ
Ω2v
Ω2h
i=
h
 ≈N.

m=
2
Var Br,v
Var B 2

(30)
(31)
(32)

r,h

The double integral for the average BER can not be
evaluated analytically, however, because prob (Br,h ) and
prob (Br,v ) have been approximated with the Nakagami-m
distribution, numerical methods may be applied. Our calculation follows the same approach as the one that was used in
[13], and we employ the Monte Carlo integration technique
using the traditional algorithm [15].
III. R ESULTS AND D ISCUSSIONS
Monte Carlo simulations are used to verify the validity of
the development. A full user system, N = 16, is assumed
and the Rayleigh parameter for the channel is set to 0.5. One
million realizations were used in the simulation. These results
have been presented with different values of the XPD. For the
ease of comparison, the performance of the basic asynchronous
MC-CDMA system is also shown.
Fig. 4 verifies that the use of polarization diversity for
asynchronous MC-CDMA does not always guarantee an improvement in the average BER performance. For the scenario
with XPD of 9dB, α = π4 and ϑk = 0, polarization diversity
does not offer an improvement in the average BER until the
value of Eb /N0 exceeds 10dB. Under optimal conditions with
equal reception power across the Vpol and Hpol such that
Γ = 0dB, MC-CDMA using polarization diversity does not
start to out perform basic MC-CDMA until the threshold at
5dB.
These results also emphasize that performance increases
when power imbalance is equalized. This remains consistent
with the results in [6]. In practice the absence of power
imbalance rarely exists, particularly in suburban environments
where the XPD can exceed values greater than 10dB [8].

Fig. 6. BER for asynchronous MC-CDMA using polarization diversity with
different values of α. (N = K = 16, Eb /N0 = 20dB and ϑk = 0)

Based on the interpretation of [6] on the effects of varying
α, we can conclude that manual adjustment of the antenna
alignment may be used to further weight the contributions
in diversity of the Vpol and Hpol. This angle dependency is
studied in the second part of our discussion.
Fig. 5 and Fig. 6 present the effect of the antenna angle
α with different values of Eb /N0 upon average BER performance. Both of the figures indicate that under the influence of
XPD, the use of α = π4 , a value that has been widely applied
in the literature [16], [17], [18], does not guarantee the best
performance for MC-CDMA with polarization diversity.
This is especially evident in Fig. 6, where we see that the
use of α = π4 is suboptimal when there is power imbalance
between the Vpol and Hpol. Further, the results show that
performance may be optimized by increasing the angle α with
respect to the y axis. The interpretation for this is that we
are projecting more of the Hpol component onto antennas
V1 and V2 , while reducing the Vpol component contributions
in an attempt to provide artificial power equalization. This
interpretation remains consistent with the antenna weighting
contribution concept outlined in [6].
At first glance, the results presented in Fig. 5 appear to
contradict the explanations, where optimal values of α have
decreased. The explanation for this is that Fig. 5 presents the
performance at a Eb /N0 = 10dB value that is close to the
performance threshold. In essence, the results indicate that the
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interference due to the MAI in the Vpol and Hpol dominates
the benefits gained from power equalization, causing performance to degrade.
Even though the results do predict a deterioration in performance for values of Eb /N0 close to the threshold. It is important to note that for values greater than the 10dB threshold with
moderate values of the XPD, the use of antenna polarization
diversity is capable of providing significant reductions in the
average BER.
Both figures also verifies the fact that while the power
between the Vpol and Hpol are balanced, optimal antenna
alignment is given at α = π4 .
IV. C ONCLUSION
An asynchronous MC-CDMA system using base station
polarization diversity was discussed. We showed that the
introduction of polarization diversity to overcome the effects of
fading was outperformed by the basic MC-CDMA system for
low values of Eb /N0 . The results verify our hypothesis that
the introduction of signal diversity can introduce significant
additional MAI that adversely effects system performance.
This result emphasizes the need to consider antenna diversity
as a source of MAI. In the general scenario though, the gains
provided by polarization diversity was able to overcome the
additional interference due to MAI, to give overall improvement in average BER.
In our discussions, we also verified that excess power
imbalance between Vpol and Hpol can have significant adverse
effects on the average BER. Adjustments in the antenna
configuration by varying α is shown to be able to further
optimally weight the signals received through the vertical and
horizontal polarizations.

[10] S. Kondo and B. Milstein, “Performance of multicarrier ds cdma
systems,” Communications, IEEE Transactions on, vol. 44, no. 2, pp.
238–246, 1996.
[11] L. Hanzo, L. L. Yang, E. L. Kuan, and K. Yen, Multi-User Detection, Space-Time Spreading, Synchronisation, Networkingand Standards.
Chichester, England ; Hoboken, NJ: Wiley-IEEE Press, 2003.
[12] R. Prasad and S. Hara, “An overview of multi-carrier cdma,” in Spread
Spectrum Techniques and Applications Proceedings, 1996., IEEE 4th
International Symposium on, vol. 1, 1996, pp. 107–114 vol.1.
[13] X. Gui and T. S. Ng, “Performance of asynchronous orthogonal multicarrier cdma system in frequency selective fading channel,” Communications, IEEE Transactions on, vol. 47, no. 7, pp. 1084–1091, 1999.
[14] M. Nakagami, The m-Distribution — A General Formula of Intensity
Distribution of Rapid Fading, ser. Statistical Methods in Radio Wave
Propagation. Oxford, U.K.: Permagon, 1960.
[15] P. L’Ecuyer and C. Lemieux, “Quasi-monte carlo via linear shift-register
sequences,” vol. 1, 1999, pp. 632–639 vol.1.
[16] N. S. Correal and B. D. Woerner, “Enhanced ds-cdma uplink performance through base station polarization diversity and multistage
interference cancellation,” in Global Telecommunications Conference,
1998. GLOBECOM 98. The Bridge to Global Integration. IEEE, vol. 4,
1998, pp. 1905–1910 vol.4.
[17] R. M. Narayanan, K. Atanassov, V. Stoiljkovic, and G. R. Kadambi,
“Polarization diversity measurements and analysis for antenna configurations at 1800 mhz,” Antennas and Propagation, IEEE Transactions
on, vol. 52, no. 7, pp. 1795–1810, 2004.
[18] R. U. Nabar, H. Bolcskei, V. Erceg, D. Gesbert, and A. J. Paulraj,
“Performance of multiantenna signaling techniques in the presence of
polarization diversity,” Signal Processing, IEEE Transactions on [see
also Acoustics, Speech, and Signal Processing, IEEE Transactions on],
vol. 50, no. 10, pp. 2553–2562, 2002.

R EFERENCES
[1] W. C. Jakes, Microwave mobile communications. Piscataway, N.J :
IEEE Press, [1994], c1974., 1974.
[2] V. Fung, T. S. Rappaport, and B. Thoma, “Bit error simulation for π/4
dqpsk mobile radio communications using two-ray and measurementbased impulse response models,” Selected Areas in Communications,
IEEE Journal on, vol. 11, no. 3, pp. 393–405, 1993.
[3] R. G. Vaughan and J. B. Andersen, “Antenna diversity in mobile
communications,” Vehicular Technology, IEEE Transactions on, vol. 36,
no. 4, pp. 149–172, 1987.
[4] J. Dietrich, C. B., K. Dietze, J. R. Nealy, and W. L. Stutzman, “Spatial,
polarization, and pattern diversity for wireless handheld terminals,”
Antennas and Propagation, IEEE Transactions on, vol. 49, no. 9, pp.
1271–1281, 2001.
[5] W. Lee and Y. Yeh, “Polarization diversity system for mobile radio,”
Communications, IEEE Transactions on [legacy, pre - 1988], vol. 20,
no. 5, pp. 912–923, 1972.
[6] S. Kozono, T. Tsuruhara, and M. Sakamoto, “Base station polarization
diversity reception for mobile radio,” Vehicular Technology, IEEE Transactions on, vol. 33, no. 4, pp. 301–306, 1984.
[7] R. G. Vaughan, “Polarization diversity in mobile communications,”
Vehicular Technology, IEEE Transactions on, vol. 39, no. 3, pp. 177–
186, 1990.
[8] J. Jootar, J. F. Diouris, and J. R. Zeidler, “Performance of polarization
diversity in correlated nakagami-m fading channels,” Vehicular Technology, IEEE Transactions on, vol. 55, no. 1, pp. 128–136, 2006.
[9] L.-L. Yang and L. Hanzo, “Multicarrier ds-cdma: a multiple access
scheme for ubiquitous broadband wireless communications,” Communications Magazine, IEEE, vol. 41, no. 10, pp. 116–124, 2003.

- 598 -

A Constrained Optimization Approach for an
Adaptive Generalized Subspace Tracking
Algorithm
Amir Valizadeh
valizadeh@shirazu.ac.ir

is called the generalized eigen-decomposition problem.
The solution vector w and scalar λ are called the
generalized eigenvector and eigenvalue, respectively, of
the matrix pencil (Cy,Cx). According to the matrix
theory, the matrix pencil has N positive generalized
eigenvalues, λ1 ≥ λ 2 ≥ ... ≥ λ N , and corresponding Cx–
orthonormal generalized eigenvectors v i , i = 1,2,..., N
C y v i = λC x v i
(2)

ABSTRACT
In this paper, we present a new algorithm for
tracking the generalized signal subspace recursively. It
is based on an interpretation of the generalized signal
subspace as the solution of a constrained minimization
task. This algorithm, referred to as the CGST algorithm,
guarantees the Cx-orthonormality of the estimated
generalized signal subspace basis at each iteration
which Cx denotes the correlation matrix of the sequence
x(t). Thus, the proposed algorithm avoids Cxorthonormalization process after each update for postprocessing algorithms which need Cx-orthonormal basis
for the generalized signal subspace. An efficient
implementation of the proposed algorithm enhances
applicability of it in real time applications. Various
simulation results show outstanding performance of the
proposed algorithm.

v iH C x v j = δ ij

(3)

where δ ij is the Kronecker delta function.
Finding the r principal generalized eigenvectors of
the matrix pencil corresponding to the r largest
generalized eigenvalues is the task of generalized eigendecomposition. The subspace spanned by the r principal
generalized eigenvectors is called generalized signal
subspace. The remaining generalized eigenvectors
corresponding to the N-r generalized eigenvalues span
the generalized noise subspace.
Many researchers have addressed the problem (1)
for given Cy and Cx and proposed methods for solving
it. Moler and Stewart [8] proposed a QZ algorithm, and
Kaufman [9] proposed an LZ algorithm for solving it
iteratively. By invoking the Cholesky factorization of
Cx, the problem (1) can be reduced to the standard
eigenvalue problem which has been reported by Martin
and Wilkinson [10]. Shougen and Shuqin [11] proposed
an algorithm that makes use of Cholesky, QR, and
singular value decompositions when Cy is also positive
definite. Auchmuty [12] proposed and analyzed certain
cost functions that are minimized at the eigenvectors
corresponding to some specific eigenvalue. These
algorithms assume that Cy and Cx are known, but in
adaptive signal processing applications the matrix Cy
and Cx are time-variant and should be estimated from
the samples. Thus, these algorithms based on matrix
pencil are not feasible for real time signal processing.
Most proposed algorithms in literatures [13] are
gradient based which slow convergence is the major
problem of them.

Index Terms— generalized subspace, projection
approximation,
generalized
eigen-decomposition,
constrained optimization.
I.

i, j ∈ {1,2,..., N }

INTRODUCTION

Generalized eigen-decomposition (GED) has an
important role in various signal processing applications.
Pattern recognition, adaptive noise cancellation and
antenna array processing are some of applications of the
GED [1]-[3]. Many researches have been focused on
principal component analysis (PCA) and signal
subspace tracking. Several adaptive algorithms for PCA
and signal subspace tracking can be found in the
literatures [4]-[7]. Nevertheless, there are a few efficient
algorithms for adaptive implementation of GED.
Consider the matrix pencil (Cy,Cx), where Cy and
Cx are N × N symmetric positive definite matrices.
Then, the task of computing an N × 1 vector w and a
scalar λ such that
C y w = λC x w
(1)
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In this paper, we present a recursive algorithm for
tracking the generalized signal subspace of matrix
pencil. This algorithm relies on an interpretation of the
generalized signal subspace as the solution of a
constrained optimization problem. The proposed
algorithm employs the projection approximation for
obtaining an efficient algorithm. The Cx-orthonormality
of the generalized signal subspace is the constraint used
in this optimization. It is noteworthy that the Cxorthonormality of the principal generalized signal
subspace can improve the performance of the
estimation. In addition, it can enhance the convergence
rate of the algorithm. We call our approach as
constrained generalized subspace tracking (CGST). We
will show that the proposed algorithm has O(n2)
complexity, and thus is appropriate for real time
applications. It is noteworthy that in this paper
operation counts are expressed in terms of
multiply/accumulate (MAC) operations.
This paper is organized as follows. In section ІІ,
our approach as a constrained optimization problem is
introduced and derivation of the solution is described.
Recursive implementation of the proposed solution is
derived in section ІII. In section IV, simulations are
used to evaluate the performance of the proposed
algorithm and to compare this performance with another
existing subspace tracking algorithm. Finally, the main
conclusions of this paper are summarized in section V.

minimize J ′( W (t )) =
W

∑ β t −i [(y H (i)C−x1 − z H (i)W H (t ))
i =1

× C x (C−x1y (i ) − W (t )z (i ))]
subject to W H (t )C x W (t ) = I r

where

Ir

is

the

r×r

(4)
matrix,

identity

z (t ) = W H (t − 1)y (t ) is the r-dimensional compressed
data vector, and W is an n×r (r≤n) Cx-orthonormal
generalized subspace basis full rank matrix. The
aforementioned constraint guarantees the Cxorthonormality of the generalized signal subspace. The
use of the forgetting factor 0<β≤1 is intended to ensure
that data in the distant times are downweighted in order
to preserve the tracking capability when the system
operates in a nonstationary environment.
To solve this constrained problem, we use
Lagrange multipliers method. Thus, after expanding the
expression for J ′( W (t )) , we can replace (4) with the
following problem
t

minimize h( W ) = α − 2tr (∑ β t −i y (i )z H (i ) W H (t )) +
W

i =1

t

2

i =1

F

tr (∑ β t −iC x W (t )z (i ) z H (i ) W H (t )) + λ W H C x W − I r

(5)
where

II. CONSTRAINED OPTIMIZATION FOR
GENERALIZED SIGNAL SUBSPACE
TRACKING

t

α = tr (∑ β t −i y (i)y H (i)C −x1 )

(6)

i =1

which tr(C) is the trace of the matrix C, .

A well-known method for computing the signal
subspace of the data is projection approximation
subspace tracking (PAST) method [14]. It tracks the
dominant subspace of dimension r spanned by the
correlation matrix. Yang et. al. [15] proposed an
algorithm for generalized eigenvector tracking which
invoked the projection approximation. The columns of
generalized eigenvector of Yang’s method are not
exactly Cx-orthonormal. The deviation from the
orthonormality depends on the signal to noise ratio
(SNR) and the forgetting factor β. This lack of
orthonormality affects seriously the performance of
post-processing algorithms which are dependant on Cxorthonormality of the generalized basis. To overcome
this problem, we propose the following constrained
optimization problem.

F

denotes

the Frobenius norm, and λ is the Lagrange multiplier.
We can rewrite h(W) in the following form
h( W ) = α − 2tr (

t

∑ β t −i y(i)z H (i)W H (t )) +
i =1

t

tr (

∑ β t −i C x W(t )z(i)z H (i)W H (t )) +
i =1

λ tr ( W H (t )C x W (t ) W H (t )C x W (t ) −
2 W H (t )C x W (t ) + I r )

(7)
Let ∇h = 0 , where ∇ is the gradient operator with
respect to W, then we have
t

t

i =1

i =1

− (∑ β t −i y (i ) z H (i )) + (∑ β t −iC x W (t )z (i )z H (i )) +

Let x ∈ C n and y ∈ C n be two stationary complex
valued
random vector
processes
with
the
H
autocorrelation matrices C x = E xx and C y = E yy H

{ }

t

{ }

λ [2C x W (t ) W H (t )C x W (t ) − 2C x W (t ) + I r ] = 0
(8)

which are assumed to be positive definite. We consider
the
following
minimization
problem

which can be rewritten in the following form
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algorithm for tracking the generalized signal subspace.
In order to reduce the order of complexity, we propose
the fast CGST algorithm in this section.

t

W (t ) = C −x1 (∑ β t −i y (i )z H (i )) ×
i =1

t

[

∑ β t −i z(i)z H (i) − 2λI r + 2λW H (t )C x W(t )] −1

A. Recursion for the correlation matrix Cy (t)
Let y(t) be a sequence of n-dimensional data
vectors. The correlation matrix Cy(t) used for
generalized signal subspace estimation can be estimated
recursively as follows

i =1

(9)
If we substitute W(t) from (9) into the constraint which
is W H C x W = I r , after some manipulations we obtain
t

[(

∑β
i =1
t

[

∑β

t −i

t −i

z (i )y

z (i )z

H

H

i =1

(i ))C −x1 (

t

∑β

t −i

y (i )z

H

t

C y (t ) = ∑ β t −i y (i )y H (i ) =βC y (t − 1) + y (t )y H (t )

(i ))] =

i =1

i =1

H

(i ) − 2λI r + 2λW (t )C x W (t )]

(16)
The expression (16) has achieved by the windowing
called exponential window. Indeed, this window tends
to smooth the variations of the signal parameters and
allows a low complexity update at each time. Thus, it is
suitable for slowly changing signals.

2

(10)
Now, we define matrix L as follows
t

L = ∑ β t −i z (i )z H (i ) − 2λI r + 2λW H (t )C x W(t )

B. Recursion for the cross correlation matrix Cyz(t)
The cross correlation matrix Cyz(t) can be obtained
as
C yz (t ) = C y (t ) W(t − 1)
(17)

i =1

(11)
It follows from substituting (11) into (10) that
L = [(

t

∑β

t −i

z (i )y

H

i =1

−1
= [C H
yz (t )C x C yz

(i))C −x1 (

t

∑β

t −i

y (i )z

H

1
(i ))] 2

For achieving the recursive form for Cyz(t) in
exponential window case, let us substitute (16) into (17)

C yz (t ) = βC y (t − 1) W(t − 1) + y (t )z H (t )

i =1

1
(t )] 2

By applying projection approximation at time t-1, (18)
can be replaced by the following form

(12)
where
C yz (t ) =

t

∑β

t −i

C yz (t ) = βC y (t − 1) W(t − 2) + y (t )z H (t )
y (i )z

H

(i )

(13)

C yz (t ) = βC yz (t − 1) + y (t )z H (t )

and (.)1/2 denotes the square root of a matrix.
Using (13) and (12), we can rewrite (9) in the following
form

W(t )

(14)

W (t ) = C −x 1 (t )C yz (t )Φ(t )

(21)

where

(15)

−1
Φ(t ) = [C H
yz (t )C x (t )C yz (t )]

This constrained generalized subspace tracking (CGST)
algorithm guarantees the Cx-orthonormality of the
columns of W(t).
Recursive computation of the n × r matrix C yz (t )

−1
2

(22)

It can be easily shown that (21) leads to
C yz (t ) = C x (t ) W (t )Φ −1 (t )

(23)

Substituting (23) into (20) and right multiplying

using (13) requires 2nr operations. The computation of
W(t) using (15) demands additional n2r+2nr2+3n2+n
operations. Thus, the closed form solution of the CGST
method given by (15) needs O(n2r) operations.
However, some manipulations can reduce the
complexity to O(n2).
III.

(20)

C. Recursion for generalized signal subspace W(t)
Now, we want to find a recursion for fast update of
signal subspace. Let us write (15) as below

Now, using (12) and (14) we can achieve the following
fundamental solution
−1
−1
2
= C−x1(t )C yz (t )[C H
(
t
)
C
(
t
)
C
(
t
)]
yz
x
yz

(19)

By invoking (17), (19) can be expressed as follows

i =1

W (t ) = C −x 1 (t )C yz (t )L−1

(18)

by Φ(t ) and left multiplying by C −x 1 (t ) results the
following recursion
W (t ) = βC −x 1 (t )C x (t − 1) W (t − 1)Φ −1 (t − 1)Φ(t ) +
C −x1 (t )y (t )z H (t )Φ(t )
(24)

By approximation C −x 1 (t )C x (t − 1) ≈ I n , relation (24)
can be replaced with

FAST ADAPTIVE CGST ALGORITHM

We are interested in computing the dominant
generalized subspace spanned by correlation matrices of
Cx(t) and Cy(t). Expression (15) shows the CGST

W (t ) = βW (t − 1)Φ −1 (t − 1)Φ(t ) + C −x 1 (t )y (t )z H (t )Φ(t )
(25)
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Left

multiplying

by W H (t − 1) and

(25)

Table 1. The fast CGST algorithm
⎡ Ir ⎤
−1
W (0) = ⎢
⎥ , C x (0) = I n , Φ(0) = I r
0
n
r
r
(
−
)
×
⎦
⎣

right

multiplying it by Φ −1 (t ) leads to

W H (t − 1) W(t )Φ −1 (t ) = βΦ −1 (t − 1) +

z (t ) = W H (t − 1)y (t )

W H (t − 1)C −x1 (t )y (t )z H (t )
(26)

a(t ) = C−x1(t − 1)x(t )

By applying the approximation W H (t − 1) W (t ) ≈ I r ,
then we have

q(t ) =

x (t )a(t ) + β
1
C−x1(t ) = [C−x1(t − 1) − a(t )q H (t )]

β

Φ −1 (t ) = β Φ −1 (t − 1) + W H (t − 1)C −x 1 (t )y (t )z H (t )

(27)
For reduce the complexity further, we apply the matrix
inversion lemma to (27). The matrix inversion lemma
(MIL) can be written as follows

b(t )

1

β

f (t )g H (t )

Φ(t − 1)(I r −

g H (t )f (t ) + β

)

= C−x1(t )y (t )
H

g(t ) = Φ (t − 1)z (t )
f (t ) = W H (t − 1)b(t )

( A + BCD) −1 = A −1 − A −1B(DA −1B + C −1 ) −1 DA −1
(28)
Using matrix inversion lemma leads to (27) replaced
with the following expression
Φ(t ) =

a(t )
H

Φ(t ) =

1

β

Φ(t − 1)(I r −

f (t )g H (t )
H

g (t )f (t ) + β

)

c(t ) = z H (t )Φ(t )

(29)

W(t ) = W(t − 1) −

[ W(t − 1)f (t )]g H (t )
g H (t )f (t ) + β

+ b(t )c(t )

where
f (t ) = W H (t − 1)[C −x 1 (t )y (t )]

(30)

g (t ) = Φ H (t − 1)z (t )
Using (29) results that

Thus, the above recursive expression can be used in the
relations.
The pseudo-code of the fast CGST algorithm is
presented in table 1. The total computational
complexity of the fast CGST algorithm is
4n2+5nr+n+O(r2).
Appropriate initial values should be chosen for
W(0), C(0) and Φ(0) . C(0) and Φ(0) must be
Hermitian positive definite matrices and W(0) should
contain r orthonormal vectors. The choice of these
initial values affects the transient behavior but not the
steady state behavior of the algorithm. The simplest
way is to set C(0) and Φ(0) to the n×n and r×r identity
matrices and the columns of W(0) to the first r columns
of the n×n identity matrix.
From computational complexity point of view, the
CGST and fast CGST algorithms have a little more
complexity than the parallel RLS-based adaptive
algorithm. However, the performance of the proposed
CGST algorithms is superior to the parallel RLS-based
adaptive algorithm.

(31)

β Φ −1 (t − 1)Φ(t ) = I r −

f (t )g H (t )

(32)
g H (t )f (t ) + β
Substituting (32) into (25) leads to the following
expression
W (t ) = W (t − 1) −

[ W (t − 1)f (t )]g H (t )
g H (t )f (t ) + β

+

[C −x1 (t )y (t )][z H (t )Φ(t )]
(33)
be noted that C x (t ) is estimated from
vectors x(t). We use the exponentially
sample
correlation
matrix
for
C x (t ) . The recursive update relation

It should
sequence
weighted
estimating
for C x (t ) is written as

C x (t ) = β C x (t − 1) + x(t )x H (t )
(34)
Using the MIL results the following efficient recursive
expression for updating inverse of C x (t )
C −x1 (t ) =

1

β

C −x1 (t − 1) −
=

IV.

C −x 1 (t − 1)x(t )x H (t )C −x 1 (t − 1)

In this section, we present some simulation results
to demonstrate the performance of the proposed CGST
algorithm. In the simulations, we compare the proposed
CGST algorithm and fast CGST algorithm with the
parallel RLS-based adaptive algorithm [15]. The
parallel RLS-based adaptive algorithm has the total
computational complexity of 4n2+3nr+O(r2).
In order to evaluate the convergence speed and the
estimated accuracy of the CGST algorithm, the

βx H (t )[C −x1 (t − 1)x(t )] + β 2
1

β

C −x1 (t − 1)[I n − x(t )q H (t )]

(35)
where
q(t ) =

[C −x 1 (t − 1)x(t )]
x H (t )[C −x1 (t − 1)x(t )] + β

SIMULATION RESULTS

(36)
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Figure 2. Distance between real and estimated principal
generalized signal subspace for three algorithms

direction cosine and subspace distance are respectively
defined as
direction cosine =

w iH v i

(37)

wi vi

subspace distance =

WW H

−

VV H

(38)
tr (V H V ) F
where V = [ v 1 , v 2 ,..., v r ] contains the r dominant
generalized eigenvectors of matrix pencil (Cy,Cx) which
can be computed with the direct EVD and
W = [w 1 , w 2 ,..., w r ] is the estimated generalized
subspace. Zero value of subspace distance shows the
identically of the real and estimated generalized signal
subspace. Moreover, when the value of direction cosine
approaches to one, the estimated generalized signal
subspace converges to the real generalized signal
subspace.
In the simulations, the sequences x(t) and y(t) are
generated by
y (t ) = 10 sin(0.46πt ) + n1 (t )
(39)
tr ( W H W )

-300
0

100

200
300
snapshots

400

500

noises with variances σ 12 = 0.1 and σ 22 = 0.1 . The first
dominant (r=1) generalized subspace of (Cy,Cx) are
considered with the CGST algorithm, fast CGST
algorithm, and the parallel RLS-based adaptive
algorithm. Let us assume N=8 and β = 0.99 . 100 Monte
Carlo simulations are performed for each algorithm.
Figure 1 shows the direction cosine of the first
dominant generalized signal subspace estimated by
algorithms. It can be inferred from this figure that the
fast CGST algorithm outperforms the parallel RLSbased algorithm. In addition, the CGST algorithm
shows excellent performance.
Figure 2 demonstrates the subspace distance of the
algorithms. The fast CGST algorithm shows the better
performance than the parallel RLS-based algorithm.
The proposed CGST algorithm shows substantial
improvement in estimation of the first dominant
generalized signal subspace.
The deviation of the subspace weighting matrix
W(t) from Cx-orthonormality can be measured by
means of the following error criterion

0.3

100

-250

(40)
where n1 (t ) and n 2 (t ) are zero mean white Gaussian

0.4

0

-200

x(t ) = 2 sin(0.62πt ) + n 2 (t )

Parallel RLS
Fast CGST
CGST

0.5

0

Parallel RLS
Fast CGST
CGST

-150

Figure 3. Deviation from Cx-orthonormality of the
generalized signal subspace for three algorithms

0.8

0.6

-100

-350

500

Figure 1. Direction cosine of the first dominant generalized
signal subspace for three algorithms

0.7

-50

deviation = 20 log⎛⎜ W H (t )C x (t ) W (t ) − I r ⎞⎟
F⎠
⎝

(41)

Figure 3 depicts deviation from orthonormality of the
algorithms. It can be easily seen that the performance of
the proposed CGST algorithm in the sense of deviation
from Cx-orthonormality is outstanding.
It should be noted that the difference in
performance of the CGST and fast CGST algorithms is
because of the approximations lead to the expressions
of (25) and (27).
V.

CONCLUDING REMARKS

In this paper, we introduced an interpretation of the
generalized signal subspace as the solution of a
constrained optimization problem. We derived the
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solution of this problem and discussed the applicability
of the so-called CGST algorithm for tracking the
generalized subspace. The complexity of this algorithm
is O(n2). Simulations demonstrated excellent
performance of the CGST algorithm. In addition, we
derived a recursive formulation of this solution for
adaptive implementation.
The computational complexity of the fast CGST
algorithm is O(n2) which is appropriate for on line
implementation. The proposed algorithm is efficiently
applicable in those post processing applications which
need a Cx-orthonormal basis for the generalized signal
subspace.
In order to compare the performance of the
proposed CGST and fast CGST algorithm with another
subspace tracking algorithm, several simulation
scenarios were considered. The simulation results
showed that the performance of the CGST algorithms is
much better than the parallel RLS-based adaptive
algorithm.
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Abstract—Remote Laboratory Access in education has become
a focus of Universities and other educators. This work addresses
issues of implementing a scalable remote-laboratory access system. The main requirements which are considered include: to
developed generic solutions allowing access to many different
hosts via a common interface, straightforward student use, fast
experiment setup and minimal configuration requirements.
The particular focus of this paper is the networking aspect of
remote laboratory access. A general discussion of alternatives is
followed by specific implementation details of a prototype system.
The core component of this system is the Remote Access Gateway
which authenticates users and establishes end-to-end connections
between students and experiments.

I. I NTRODUCTION
Remote Laboratory Access has been on the agenda of
Universities and other education providers for a while, mainly
to enhance distance education facilities and improve student
learning. Other drivers include: aiming to offer more flexibility
to students and to reduce operational costs of laboratory
classes.
A wealth of issues relate to the task of providing online
access to laboratory experiments. Broadly, these issues can
be divided into either educational or technical. Consequently,
many papers have been published in the area of remote access.
Work includes publications that investigate the educational
value of these activities such as [1] and [2]. Other publications
describe more specific implementations, often in robotics or
related fields (e.g. [3]). This paper also concludes that learning experiences for different offer-modes are similar. Many
applications use Java-based, custom interfaces. For example,
[4] introduces Java remote access framework.
The research reported in this paper takes a different angle;
it focuses on a systems view of the remote laboratory access
problem. More specifically, it addresses networking and access
control issues. Remote laboratory access provides admission
to experiments, authenticate and admit users and automate
laboratory tasks.
Currently, there is no turnkey solution available to provide remote laboratory access. The focus of our research
approaches the problem of providing remote laboratory access
from a networking angle. The aim is to provide a common

framework for many different remote laboratory experiments
that handles authentication, access control, scheduling and
queuing.
It also introduces a prototype implementation, using network layer techniques to provide a scalable, common authentication and remote laboratory access platform for many
experiments. One of the underlying design constraints is to
use existing methods, where possible.
This paper is organised as follows: Section II introduces the
underlying usage scenario and system requirements. Section
III discusses related networking research outlining alternative
access methods. The proposed system is discussed in Section
IV and operational issues are discussed in Section VI.
II. S CENARIO & R EQUIREMENTS
The underlying usage scenario of this framework is depicted
in Figure 1. A number of experiments are available for
remote-access. These are connected to a corporate network
and depicted on the left hand side (Experiment 1-4). The
network is firewalled from the public Internet. Potential users
are shown on the left-hand side. They are directly connected
to the Internet (Client 2). Alternatively, the users can also be
located behind firewalls (Client 1) or access the Internet via
Network Address Translation (NAT) gateways or proxy servers
(Client 3). The two groups communicate via the Internet.
No specific infrastructure requirements, such as bandwidth or
latency, are assumed.
The aim of this work is to provide connectivity between
users and experiments; furthermore, authentication, access
control and management are provided.
Details of experiment automation are not in the scope
of this paper. However, it is assumed that many different
applications might be used, including remote Desktop software, such as Virtual Network Computing (VNC) or Windows
Remote Desktop, web cams, java user interfaces, voice and
video, specialist software tools, custom applications etc. These
applications might have different requirements for Quality of
Service (QoS).
Experiments are managed by one host. These hosts are
dedicated and have specific IP addresses, but do not require
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Remote Access Laboratory Scenario

dedicated hardware. VMware [5] or other virtualisation software can be used to host several virtual machines on one
physical computer. One guest operating systems manages one
experiment.
System requirements can be summarised as follows:
• Minimal requirements for client hosts
• Simple configuration
• Experiments can be added easily and with no detailed
knowledge of the system
• Scalable, approximately 1000 users, 100 experiments
• Extendable, ie. number of experiments, multiple experiments of the same type
• Additional functions, e.g. video can be added easily
• Secure, experiments can not be accessed by unauthorised
parties, including local and remote users
• The system handles authentication and authorization
• Scheduling and booking of experiments is provided by
the framework
1
• Several simultaneous connections
• No direct access to the Internet via experiment server
• No access from student to student computer
• All experiments appear on the same IP address
• Networking aspects are transparent to the user
III. BACKGROUND
The core aspects of this framework directly relate to access
problems, encountered in other networking areas. This section
summarises research that relates to remote access problems.
Two areas are discussed in detail: server farms and user IP
identification.
A. Server Farms
The problem of accessing multiple servers of the same
type, commonly occurs in the context of virtual servers or
1 To support authentication, remote desktop applications, file transfers,
video others.

server farms. This is directly related to the issue of providing
network access for experiments. A number of solutions have
been suggested and are widely deployed. The current state
of the art, for methods in setting up a distributed web-server
systems under one administrative control, is discussed in [6].
The article focuses on architecture, routing and dispatching algorithms. Dynamic load balancing is specifically discussed in
[7]. In the remote laboratory context, the following admission
methods can be adopted for remote laboratory access.
1) Unique Experiment Domain Names: One domain name
is allocated per experiment and the Domain Name System
(DNS) is used to map the corresponding name to an IP
address. This mapping is dynamic and takes the system online
status into account. DNS load balancing techniques are used,
if multiple experiments of the same type are available. This
approach provides very limited control and is not transparent
for users. Different domain names for different experiments
are required. Experiment allocation and access are not handled
via the same interface.
2) Network Address Translation (NAT): NAT has enabled
Internet growth beyond the address space limits of IPv4.
However, at the same time, NAT has been controversial in
the Internet community [8].
Network address translation and TCP/UDP port translation
are often used to map private addresses to one or more
public IP addresses. Another common use is Destination
NAT (DNAT) which makes local services on private networks
available to public Internet. This mechanism is also employed
to implement virtual server load balancing.
A server cluster is accessed via one public IP address. A
dispatcher, hosting the public IP address, receives requests
and assigns them to cluster servers by rewriting the destination address from the cluster address to the specific server
address. The dispatcher tracks connection-state to ensure that
all packets that belong to the same transaction are routed to
the same server. Arbitrary server assignment policies can be
used including round-robin, least load or random.
The Linux netfilter framework [9], used in the Linux
2.4.x/2..6.x kernel series, can be used to implement NAT. It
is a very powerful tool allowing arbitrary IP packet filtering
rules and packet mangling. It uses Kernel hooks with call-back
functions and a selection of tables that contain forwarding
rules. A user space program, iptables, is used to modify
these tables. Various, user-friendly interfaces are available,
implementing firewalls and other, similar software tools.
3) ONE-IP: The ONE-IP approach uses the Linux ifconfig
alias option to configure one interface with a second IP
address [10]. Several hosts, forming part of a cluster, have a
valid IP address, as well as an alias IP, common to all cluster
hosts. A dispatcher accessible from the Internet, has the only
public interface with the common IP address.
The dispatcher routes incoming requests to the cluster
servers, that use an arbitrary mapping to the cluster hosts primary IP address. All packets belonging to the same transaction
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are sent to the same cluster server. The cluster servers respond
to the request, using the alias IP address. This method does
not rewrite IP addresses.
This section introduced a number of methods, commonly
used to distribute load to cluster members in server farms. To
apply these methods in a remote laboratory case, the server
assignment is not determined by a policy, but by an arbitration
server that grants access to particular users.
Because of the ease of configuration and reliability, option
three, Network Address Translation is being used by the
prototype. However, other options can easily be implemented.

Client 1

Experiment 1

10.8.0.78
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Client 2
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Firewall
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10.8.1.12
RAG

10.8.0.16
Experiment 3

B. Uniquely Identifying User IPs

10.8.1.13

Experiment 4

The identification of users is an issue, encountered in many
contexts. Examples include, corporate network access, secure
web servers and Virtual Private Networking (VPN).
For the purpose of user authentication, it is necessary to
uniquely identify the host addresses of student computers. IP
addresses are unique; however, due to NATs and proxies, it
can not be ensured that a IP address belongs to one user. To
overcome this issue and to encrypt data, VPN solutions are
often used.
There are many flavours and implementations, however,
broadly two 2 alternatives can be identified: IP security (IPsec)
[11] and Secure Sockets Layer (SSL) [12] VPN solutions.
IPsec is an encrypted transport protocol. In the past there have
been issues with IPsec traffic and NATs, however, these are
being addressed by IPsec NAT Traversal (NAT-T) [13], [14].
IPsec NAT-T is widely available, i.e. supported by Windows
XP, since Service Pack 2.
SSL allows an encrypted connection between web-browsers
and remote host. OpenVPN [15] uses SSL to provide a full
VPN application. SSL-type techniques are more flexible in
overcoming firewall issues, however, they are not industry
standard-based and not seen as best practice techniques. They
offer greater flexibility, but have limited commercial support.
In principle, both techniques can be used for remote laboratory
access.

10.8.1.1/24 subnet

10.8.0.1/24 subnet

Private subnet
either physically separated from the
university network or overlay VPN

Fig. 2.

Private subnet
VPN tunnels to RAS

Remote Access Laboratory Scenario

At the same time, it is also assumed that the experiments
have unique, known IP addresses. Experiments are isolated
from the campus network, as well as the public Internet.
Therefore, they are located on a separate LAN, firewalled or
are connected via the experiment VPN. Experiments can be
co-located with the RAG or they are located in different sites.
Experiments are either physically or logically connected to
RAG.
The Remote Access Gateway handles all user requests and
traffic to and from the experiments. Figure 3 depicts the
main function blocks of the gateway. This includes database,
forwarding engine, user interface and core functions. The
system is designed in a modular way. Different roles are
handled by separate entities and can be implemented on colocated systems. Therefore, the gateway does not necessarily
consist of a single server.
A. User Interface

IV. S YSTEM D ESIGN
The system is depicted in Figure 2. As in Figure 1,
experiment hosts as well as student hosts are depicted. The
core component of the system is shown in the centre, the
Remote Access Gateway (RAG). The connections symbolise
logical node attachments. Users connect to the experiment
farm via RAG. The gateway handles all incoming requests,
authenticates users and forwards the traffic to the appropriate
experiment hosts.
It is assumed that users reaching the RAG have IP addresses
that uniquely identify their host. As outlined in Section III-B,
this can be achieved with various VPN implementations.
2 In the past the Point-to-Point Tunneling Protocol (PPTP) has often been
used to build VPNs.

The user interface is used to interact with students as well
as a configuration and administration interface. HTML pages
are generated using php scripts providing a web interface.
Authenticated users see a list of active experiments available
to them.
This laboratory hosts can instantly be accessed, if they are
not in use. Otherwise, they can be booked for future access. If
an experiment is selected, the forwarding engine is configured
to enable access.
Once a user is authenticated for an experiment, a status
page displays the remaining time for this authentication. It
also re-authenticates the experiment on an ongoing basis. If
the page is closed, the authentication expires and access rules
are removed. The experiment is no longer reachable.
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source
10.8.0.78
10.8.0.43
10.8.0.16

destination
10.10.10.10
10.10.10.10
10.10.10.10

source to
10.8.0.78
10.8.0.43
10.8.0.16

destination to
10.8.1.10
10.8.1.11
10.8.1.12

TABLE I
E XAMPLE F ORWARDING RULES

Fig. 3.

RAG Function Blocks

The user interface can be integrated with existing Course
Management Systems (CMS), such as moodle [16]. This also
allows the reuse of CMS functions, such as authentication and
student management.
B. Forwarding Engine

the source and destination address, the destination address is
rewritten from 10.10.10.10 to the new destination address and
the packet is forwarded to the experiment host. Packets, in the
reverse direction, are translated back accordingly.
If a packet arrives with a destination of 10.10.10.10 and
a source that is not included in the table, the packet is not
routable. If users are authenticated, entries are added to this
table, if users lose authentication entries are removed from
the table. The experiment can no longer be accessed4 .
C. Database

The forwarding engine uses network address translation or
port forwarding to enable access to various experiments.
It is important to ensure the IP address of the current user
remains for the whole experiment. Due to the widespread use
of proxy servers and network address translation, it cannot
be guaranteed that an IP address does not change between
requests (load balancing proxy) or that the IP belongs to a
single user (many users behind a NAT use the same public
IP address). Only within one administrative domain it can be
ensured that one IP matches one user, for example, within a
University subnet. To overcome this issue, VPN technology
is used. As outlined in Section III-B, IPsec or SSL VPNs are
available. The particular technology does not have an impact
on this proposal, as long as it ensures an unique IP address.
For the actual implementation of the forwarding rules, this
proposal uses the iptables interface. An alternative implementation could use One-IP techniques to avoid packet mangling
discussed in Section III-A3. Due to the modular setup, this
can be implemented in the future, if necessary.
All experiments are located on the same IP address, implying that the domain name is also the same. This avoids
any configuration issues on the student site. All client software tools are configured with the same IP address for all
experiments. For discussion, it is assumed that experiments are
located at 10.10.10.10 3 . As outlined above, every experiment
as well as every authenticated user has an unique IP address.
Table IV-B depicts an example of forwarding rules, for
three users with the IP addresses of 10.8.0.78, 10.8.0.43
and 10.8.0.16, respectively. They are authenticated for three
experiments, located at 10.8.1.10, 10.8.1.11 and 10.8.1.12,
respectively. Note, experiments are located on a different
subnet from the users. If a packet is received that matches
3 If a VPN is used, a route to this IP can be advertised. It has to point to
the local gateway. An additional route is required from the VPN gateway to
the RAG.

The database is used to store user information, system
state and all relevant experiment data, including user and
experiment IPs. The current implementation uses a standard
mysql database.
D. Core Functions
The core functions interact with the different modules. They
are implemented using php for general function and bash
scripts for operation system related function and to interact
with iptables.
V. O PERATION
This section outlines the RAG operation in more detail.
Figure 4 depicts the steps that are necessary to access experiments:
1) Before student access is possible, experiments have to
be registered with RAG. This establishes connectivity
between RAG and the host.
2) A user logs on to the remote laboratory webpage.
3) The interface employs core functions to access the
database.
4) User access rights are verified and experiments are
offered via the web interface.
5) On selection of an experiment, the database is updated
and the forwarding rules are configured.
6) The user is able to access the experiment.
7) End-to-end connections from the experiment-client to
the experiment-server can be established.
More details on specific functions are provided in the
subsections below.
4 In practise, a additional firewall entry is required to terminate all active
connections to the experiment on lose of authentication.
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For one experiment, for example, 30% of the bandwidth,
consumed by the experiment, is reserved for video transmissions and 40% are reserved for other real-time applications,
etc. Furthermore, bandwidth consumption of experiments
overall can also be limited, i.e. all experiments use fair
bandwidth share.

RAG Operation

A. Authentication
Currently, simple http authentication is used. In the future,
this can be replaced by authentication API functions, provided
by student management systems or other databases. As outlined above, this function can also be offered by a course
management system. During authentication, the student IP
address is detected and stored. This information is used to
configure access rules by the forwarding engine.

VII. C ONCLUSION
This paper discussed network-related aspects of remote
laboratory access. Specifically, alternative server management
methods were outlined. In the second part a specific implementation was introduced. The prototype demonstrates a
system that addresses the networking related requirements for
a flexible and scalable remote laboratory access. The modular
design allows for the exchange of function blocks by alternative implementations. The main component, the Remote
Access Gateway, is implemented on a Gentoo Linux system.
The current design uses standard php mysql to generate the
user interface web pages. Experiment access employs the
netfilter framework. The remote access gateway provides usertransparent, flexible access to offside students.
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Abstract
In this paper we propose a dynamic approach for
setting several parameters of the IEEE 802.16
Coordinated Distributed Scheduling scheme (CDS),
using an opportunistic fashion. In particular, we
evaluate the impact of the dynamic tuning of the
XmtHoldoffExponent over the CDS scheme. The main
idea of the dynamic approach is based on the simple
observation that, nodes in a network, need different
resources allocation in function of its own traffic load.
Our approach is based on the observation of the data
queue size of each node. Nodes with larger data
queues will be able to set an opportunistic value (the
XmtHoldoffExponent) to reduce the acquisition latency
of a new control slot. Control slots are used by each
node to try to reserve new data slots and to send
scheduling information to neighborhoods. Extensive
simulation study shows how the dynamic approach
permits to select the appropriate XmtHoldoffExponent,
improving system performances evaluated in terms of
end-to-end delay and throughput.
Key-words: Mesh networks, distributed scheduling,
dynamic approach, 802.16

1. Introduction
The IEEE 802.16 standard [1, 2], promoted by
WiMAX (Worldwide Interoperability for Microwave
Access) forum [3], will be the leading technology for
the wireless provisioning of broadband services in
wide area networks. IEEE 802.16 supports mesh
connectivity in a distributed way, and can be
implemented in WMNs. The MAC layer is based on
time division multiple access (TDMA) to support
multiple users. Furthermore, the MAC layer supports
two kinds of modes, namely point-to-multipoint (PMP)
mode and mesh mode (MM). There is a plethora of
works about the IEEE 802.16 on the PMP mode [4, 5,
6]. In PMP mode, communication is only possible

between a base station (BS) and a subscriber station
(SS). In mesh mode multihop communication is
possible between mesh subscriber stations (M-SSs).
A very important factor that influences the
performance of mesh networks is the assignment of
available network resources. The assignment of
resources can be organized in centralized or distributed
manner.
In this work we focus on the Coordinated Distributed
Scheduling scheme (CDS). The main idea of the
coordinated distributed scheduling is to let nodes
calculate the usage of transmission opportunities on
the neighborhood scheduling information. To achieve
this goal, nodes will exchange 2-hop neighborhood
scheduling information with each other. Since nodes
shall run the scheduling algorithm independently, a
common algorithm is necessary for each node in the
neighborhood to calculate the same schedule. This
algorithm must be random and predictable. One feature
for the contention in this protocol is the pseudorandom election algorithm based on the transmission
schedules of two-hop neighbors. Nodes in the network
are allowed to send their own schedule in a control slot
acquired through a pseudo-random algorithm called
Mesh Election function. One key factor of this
algorithm is that the node persistence for the control
slot acquisition is related to a parameter called
XmtHoldoffExponent (XHE). Currently, the standard
does not give rules for XHE setting and users are free
to choose this parameter as they like.
Our work start from the assumption that the correct
choosing of XHE values should permit better
performance in terms of throughput and average endto-end data packet delay. In order to verify this
assumption, we developed a probabilistic algorithm,
based on the buffer data size of each node, that sets
XHE values in a dynamic fashion. Through the use of
a well-known simulation tool, ns2 [7], we will show
how our algorithm permits to obtain higher throughput
and lower data packet delays. Our experiments show
that, an appropriate configuration of scheduling
parameters, such as XmtHoldoffExponent (XHE), may
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potentially
improve
the
overall
scheduling
performance in terms of throughput and delay. The
remainder of the paper is organized as follows. In
Section 2, we briefly review IEEE 802.16 Mesh mode
and the details of coordinated distributed scheduling
algorithm. We then give, in Section 3, details of the
proposed dynamic approach. In Section 4, we provide
extensive
simulation
studies
on
scheduling
performance both when the dynamic algorithm is used
and not. We conclude the paper in Section 5.

2. IEEE 802.16 Mesh Mode
In order to achieve efficient collision-free multi-hop
data transmissions, the Mesh Mode defines three
scheduling schemes:
Centralized,
Coordinated
Distributed, and Uncoordinated distributed. Our
attention will be focused in Coordinated Distributed
scheme. The frame structure is subdivided in two parts,
respectively, Control Subframe and Data Subframe. In
other words, control message and data packets are
allocated in the same frame structure but in different
time slots (see Figure 1).

Figure 1. Frame structure in Mesh Mode.
Moreover, two complementary types of Control
sub-frame are defined in Mesh Mode but each frame
can only have one of them. One is the Network Control
sub-frame, his transmission occurs periodically and it
is used to create and to maintain the cohesion between
different systems. The other, formerly the Schedule
Control sub-frame, occurs in all other frames without a
Network Control sub-frame. Every control sub-frame
consists of 16 transmission opportunities and every
transmission opportunity consists in seven OFDM
symbols time. The Data Sub-frame is situated at the
end of the Control Sub-frame and it is divided into
mini-slots. The mini-slot is the basic unit for resource
allocation. In Coordinated Distributed Scheduling all
the stations shall indicate their own schedule by
sending a MSH-DSCH regularly. Mesh Distributed
Scheduling messages (MSH-DSCH messages) are
transmitted in the Schedule Control sub-frame.

2.1 Coordinated Distributed Scheduling
In this sub-section, we briefly review the coordinated
distributed scheduling method in IEEE 802.16 Mesh
mode. The assignment of transmission opportunities in
the data sub-frame is managed by a scheduling
mechanism. As we already said, we focus on the
coordinated distributed scheduling mechanism (CDSCH) which employs a three-way handshake to
request, grant and confirm transmission opportunities
in the data sub-frame. MSH-DSCH messages are used
to carry these requests, grants and confirmations.
MSH-DSCH messages are sent within the C-DSCH
part of the Schedule Control sub-frame (Figure 1). The
transmission timing of the MSH-DSCH messages
plays key role in our work. The MSH-DSCH messages
scheduling is based on a distributed election
mechanism which supports distributed coordinated
transmission timing of periodic broadcast messages in
a multi-hop network without explicit schedule
negotiation. It provides collision-free and fair
transmissions within the two-hop neighborhood of
each node. To avoid collisions of MSH-DSCH
messages, every node must inform its neighbors about
the next MSH-DSCH transmission time. In order to
save network resource and to reduce the signaling
overhead, mesh nodes do not broadcast the exact
NextXmtTime Opportunity (NXTO), in which a node is
able to transmit in a collision-free fashion, but only a
time interval, the NextXmtTimeInterval (NXTI). A
node computes the NXTO
during its Current
Transmission Time (CTT). The standard imposes that a
node has to wait a time interval (XmtHoldoffTime XHT ) after its CTT before to transmit. XHT is defined
as:
XHT = 2(XHE +4)

(1)

Practically, a node, after its CTT, is not allowed to
transmit for a time period equal to the XHT defined
through its XmtHoldoffExponent (XHE).
The XHE term must assume a value in the range
between 0 and 7. After XHT, a node has to compete
with all of its two-hop neighbors to acquire a new
transmission opportunity NXTO.
The next transmission interval to transmit is set as:
2XHE * NXM < NXTI ≤ 2XHE * (NXM +1) (2)
The NXTI is established based on a parameter called in
the standard NextXmtMx (NXM). In order to establish
its competing neighborhood the node runs a mesh
election function in its CTT (current transmission time)
based on the information about the NXTI of its
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neighbors and as well as their XHE values. For
example, if NXM = 2 and XHE = 4 the station would
be eligible between 33 and 48 transmission
opportunities.

2.2 Distributed Election Algorithm
Every node calculates its NXTI during the current
transmission according to the distributed election
algorithm defined in [1, 2]. In this algorithm one node
sets the first transmission slot, formerly the NXTO,
just after the XHT as the temporary next transmission
opportunity. Let us to call the current node that is
running the mesh election function in its CTT, node A.
Node A is trying to find a new transmission time after
its XHT is spent. In order to do that, node A sets the
next slot after the XHT as temporary slot and it will
check whether this slot can be reserved or not. In order
to explain the mechanism we define three different
types of two-hop neighbors that have to be included in
the competing neighborhood of the current node A,
for different reasons. Specifically, node B has a NXTI
(remember that mesh nodes do not broadcast the exact
NXTO but only the NXTI) that includes the temporary
transmission slot, so we have to include B as potential
competing
node.
Node
C
computes
its
EarliestSubsequenceXmtTime parameter (ESXT, equal
to NXTI + XHT) and it is ≤ the temporary
transmission slot, and C has to be included ad
competing node. Concerning node D, it has to be
included as competing node because node A did not
receive any information about it. The three different
types of competing nodes are shown in Figure 2 a.

Figure 2: a) Competing Nodes for the Next
Transmission time slot. B) Pseudorandom
Mixing Function

The mesh election algorithm used to establish whether
a temporary slot can be reserved as NXTO is a pseudorandom function which uses the slot number and the
Node’s ID as the inputs and is executed at each node.
It generates pseudo-random values depending on the
input. The node wins when its result is the largest
mixing value (Figure 2 b). When any node wins, it
sets the NXTO as its next transmission time and
logically it shall communicate this information to all
the neighbors by sending the corresponding packet. In
the case a node has not won, it chooses the next NXTO
and repeats the algorithm as many times as it needs to
win. Since the exact scheduled NXTO of the
neighborhood is unknown, as implementation issue,
one may define NXTO to be the last NXTO within the
interval when calculating EarliestSubsequentXmtTime.
The holdoff exponent value decides the channel
contention time of node so it is an important parameter
that can affect the system performance. MSH-DSCH
messages are transmitted regularly by every node
throughout the whole mesh network to distribute nodes
schedules. As we already said, in this paper we focus
on the CDS and analyze the transmission timing of the
MSH-DSCH messages because this has much
influence on the overall network performance.

3. A Dynamic Approach for setting
parameter of the Coordinated Distributed
Scheduling
As we already seen, to avoid collisions of MSH-DSCH
messages every node must inform its neighbors about
the next MSH-DSCH transmission time (or
transmission opportunity). To save network resources
and to reduce the control overhead mesh nodes do not
broadcast the exact NXTO but only the
NextXmtTimeInterval (NXTI) which is a series of one
or more transmission opportunities. Therefore the
IEEE 802.16 standard defines the parameters NXM
and XHE. Since each node includes the own
parameters and the parameters of all one-hop
neighbors, it is able to calculate the NXTI of all nodes
in the two hop neighborhood. In practice, a node has to
wait a minimum of XHT (as defined in the previous
section) after the current XMT before it can send the
next MSH-DSCH message. In [8] the authors
developed an analytical model to evaluate the system
performance of the distributed scheduler of the IEEE
802.16 mesh mode. Specifically, they developed
methods for estimating the distributions of the node
transmission interval and connection setup delay.
Based on their analysis, the nodes with real time traffic
shall have smaller holdoff exponents because they can
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have more chance to obtain data channel. However,
too many nodes with small exponent value generate
intensive competition that wastes system resource. A
good reservation scheme should guarantee the
bandwidth allocation fairness, improve the channel
utilization and should adjust the exponent values of the
nodes adaptively according to the competition node
number variation. Based on these considerations we
developed a probabilistic dynamic algorithm based on
the size of data queues of each node that in a dynamic
way adjust their holdoff exponents. Loosely speaking,
each node evaluates the size of the data queue and it
adjusts its XHE according to the value of this size: the
greater is the value of the size (the greater is the
number of data packets a node has to send) the smaller
will be the XHE because the node shall have more
chance to obtain data channel. Vice-versa, the smaller
is the size of data queue the greater will be the XHE. A
pseudo-code that shows the fundamental operations of
the Dynamic Approach is the following:
const int Max_Buffer_Size;
var int queue_size;
//Node A is in the current transmission opportunity
Node A evaluates its queue_size;
//The number of data packets in the queue of the node
// A is higher than the half of the maximum of the
// queue size
if (queue_size > Max_Buffer_size/2) then
XHE (Node A) = 0;
//The number of data packet stored in the A data
//queue is less than the half of the maximum size of the
//queue
else XHE (Node A) = probabilistic value between 1,
2 or 3;
//the probabilistic value is evenly chosen between 1,
//2and 3

packets is higher than the half of the queue size, this
means that a node need more data slots in a lesser time
than other nodes. For this reason this node will set the
XHE equal to 0.
The Max_Buffer_Size is the
maximum number of data packets a node is able to
store. This means that if we set Max_Buffer_Size equal
to 50 (this is the actual value of buffer size we used in
simulations) and the buffer is full a node will drop
next data packets. The parameter queue_size is the
number of data packets stored at the current instant a
node (Node A) has to send. We already said that this
information is available at network layer. MAX_XHE
is the maximum value of XmtHoldoffExponent that a
node can acquire in our network. In [8] the authors
argue that on choosing the MAX_XHE, 4 is large
enough; otherwise, the connection setup latency will
become too long. The threshold value of
Max_Buffer_Size/2 has been heuristically chosen.
Further study will be conducted to optimize this
choice. We set MAX_XHE equal to 3 because higher
values introduce an excessive latency for a node and, if
a node does not have data packets to send, the
information about its condition has to be known from
its neighborhood. In practice, if a node has to wait
longer time before to acquire a new opportunity to
transmit it is not able to send its schedule information
to the neighborhood. This implies that its neighbor
nodes will include him as competing nodes because
they do not have update information.

4. Performance Evaluation

This approach is probabilistic in the sense that after a
node evaluated its data queue_size whether this size is
less than the half size of the entire capability of the
queue (i.e., if the queue size is 100 and the number of
data packets is less or equal than 50), the node will set
a XHE parameter between different values 1, 2 and 3
in an evenly distributed fashion, that is a node will
choose the value equal to 1 with a probability equal to
0,333333. The same probability a node will choose the
value equal to 2 and equal to 3. We adopted this
probabilistic technique in order to avoid all the nodes
that have a small number of data packets to transmit to
set the same value. When adopting a probabilistic
approach it is possible to “spread” the competing
nodes. In practice, we tried to have smaller
competition area when considering the probabilistic
approach. Otherwise, when the number of data

In this section, we provide ns-2 [7] simulation results
for various scenarios. We deal simulations to
investigate the performance of the CDS when our
dynamic scheme for setting XHE is applied and the
CDS scheme in which static values of XHE are chosen
at beginning. It is worth to note that the choice of this
parameter has been left un-standardized in the 802.16
and the main scope of this work is to show how
different choices of XHE conduct to different
behaviors of the network in terms of throughput and
delay. Moreover, it is worth to note that we relate the
setting of the XHE with data queue size because our
feeling is that the latency of a node that needs to send
more data packets than another one, should be smaller
in order to avoid loss of data (overflow) or traffic
congestion or at least reduce them. Note that our
scheme does not introduce any starvation as nodes
with smaller traffic to send are allowed to reserve data
slots even if they are delayed compared to other nodes.
In practice the inherent fairness policy of the standard
is kept.
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4.1 Simulation Network Model
The reference network architecture is a WiMAX mesh
cloud interconnected to a Wide Area Network (WAN)
through only one gateway node (Fig. 3). The Gateway
node provide WAN connectivity to all other Mesh
nodes. Practically, we suppose that all the data traffic
is directed from a generic source node to the Gateway
one. Nodes can act as traffic source node, traffic relay
node or both. In other words, a Mesh node could be a
direct traffic source, could have data packets to
forward for other nodes in the network (Relay) or
could be a direct traffic source while it is also
forwarding traffic for other nodes. Nodes are randomly
positioned in a square grid of 1000 meter x 1000
meter.

WAN
GATEWAY

MESH Cloud

Figure 3. Network architecture.
The performance evaluation of our proposal was made
utilizing the well-known simulation tool ns2. We first
outline that the current MAC modules of ns-2 include
802.11, Ethernet, TDMA and satellite; however, no
802.16 MAC module is available. In our work, we
implemented a new MAC module for the IEEE 802.16
mesh mode and use it to study the system performance.
There is a logical component, the scheduling part, that
handles the signaling channel contention and data
allocation. During the holdoff time of a node, the
MSH-DSCH messages received from PHY module
are sent to the scheduling component. In the
transmission slot, the scheduling component contends
the next transmission time using the election algorithm
defined in the standard based on the collected
neighbor’s information. The data channel component
receives and transmits data packets in the allocated
time slots. The XHE value determines the node

transmission interval and holdoff time. We made
simulations for both static and dynamic management
of XHE parameter. In the static case, that is the case in
which identical holdoff exponents have been assigned
to every node in the network, we considered different
values (0, 1 and 2) for the XHE value. Furthermore,
we evaluated the CDS scheme with our probabilistic
dynamic approach. In this work we are interested on
evaluating the impact of the distributed scheduling
scheme on the performance of the network.
Specifically, we evaluate some significant parameters
for wireless mesh networks:
1) Throughput: is the number of data packets
correctly delivered to the destination over the
number of data packets sent;
2) Average end-to-end data packet delay: the time
that takes into account all the delay encountered
in the network as buffering delay, transmission
delay and propagation delay of data packets;
3) Latency: the average interval between an
opportunity to transmit and the next opportunity
to transmit for each node or, in other words, the
average time interval that occurs between the
transmission of a MSH-DSCH and the next
transmission of a new MSH-DSCH (remember
that the opportunity to transmit is used both for
updating the neighborhood with the current
schedule and for the reservation of data slots so
the latency is an important parameter that can
affect the performance of the network).
These three parameters have been chosen because the
biggest challenge in building a wireless backhaul is to
provide performance (throughput and delay) similar to
those typically offered by a wired backhaul.
Simulation Parameters are given in Table I. The
considered network scenario consists of a variable
number of mesh nodes (specifically we considered a
number of nodes equal to 30, 40, 50, 60, 70 and 80
nodes) and one Gateway node. The Gateway
interconnects the mesh network with other networks
that could be potentially wired or wireless. We
differentiate data rates for different sources in order to
create scenarios in which data traffic is heterogeneous.
Notice that a node can activate simultaneously more
than one data source. We simulated two scenarios,
respectively a light data traffic scenario and a heavy
data traffic scenario.
In the light scenario we set 20 traffic sources: ten of
these send data traffic at a rate of 5 pkts/sec, 5 sources
that send at a rate of 50 pkts/sec and 5 sources that
send data packets at a rate of 500 pkts/sec. The total
number of data packets transmitted is 200000. In the
heavy scenario we considered 40 traffic sources: 10
sources that send data traffic at a rate of 5 pkts/sec, 15
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sources that send at a rate of 50 pkts/sec and 15
sources that send data packets at a rate of 500 pkts/sec.
The total number of data packets is 400000.
TABLE I.

SIMULATION PARAMETERS

Input Parameters
Simulation area
Traffic sources
Number of traffic sources
Number of nodes
Size of data packets
Transmission range
Simulation Time
Data Buffer Size
Light data traffic scenario
Number of traffic sources
Sending rate
10 sources
5 sources
5 sources
Heavy data traffic scenario
Number of Traffic sources
Sending rate
10 sources
15 sources
15 sources
Simulator
Simulator
Medium Access Protocol
Link Bandwidth
Confidence interval
#run

1000x1000 meter
CBR
20 (light scenario), 40
(heavy scnenario)
30, 40, 50, 60, 70, 80
64 bytes
250 m
500 s
50
20
5, 50, 500 pkts/sec
5 pkts/sec
50 pkts/sec
500 pkts/sec
40
5, 50, 500 pkts/sec
Rate 5 pkts/sec
Rate 50 pkts/sec
Rate 500 pkts/sec
NS-2 (version 2.1b6a)
802.16 (CDS)
1 Mbps
95%
10

approach works, that is the effect of applying our
algorithm.
Finally, concerning this specific scenario with 50
nodes, we give an instantaneous “snapshot”
representing the simulation scenario of nodes at 1, 2
and 3 hops away from the gateway. For each node we
consider whether the node is at 1, 2 or 3 hops
gateway’s neighbor, the total number of data packets
involved this node during the simulation run we are
considering and the average latency. This snapshot
should be more useful to understand internal
mechanism of our dynamic algorithm.
In Figure 4 we can see the Throughput obtained when
we considered static values of the XHE identical for
each node and respectively equal to 0, 1 and 2. Higher
values of XHE are not shown because they introduce
an excessive latency and performance of the networks
are worst in terms of throughput and delay.
Furthermore, we evaluated our probabilistic dynamic
approach called ProbApproach in each plot. It is worth
to remember that our approach is based on the data
queue size. In practice, the contention window of each
node is modified based on the data traffic a node has to
manage in a certain time. As we can see in Figure 4 a
dynamic setting of the XHE allows to overcome in
terms of throughput 802.16-XHE-0, 802.16-XHE-1
and 802.16XHE-2.

We will show that even though in some cases the
average value of the latency increases when our
mechanism to set the XHE is used, we obtain better
performance in terms of throughput and data delay.

ProbApproach
802.16-XHE-1

T h ro u g h p u t ( % )

75
73
71
69
67
65
63
61
59
57
55

4.2 Simulation Results
In this sub-section we show simulations results.
First of all, we analyze results concerning the scenario
we called light data traffic scenario. Specifically we
considered throughput and average end-to-end data
packet delay varying the number of nodes in the
network. Indeed, we considered scenarios with 30, 40,
50, 60, 70 and 80 nodes in the network. Concerning
the light scenario we also analyzed the average latency,
that is the average interval time to obtain an NXTO
and the next.
After, we considered the “heavy” data traffic scenario
in which 40 sources have been introduced during each
simulation run. Once throughput and end-to-end delay
have been presented, we consider a specific simulation
scenario with 50 nodes and we draw for 1 and 2 hops
neighbors of the gateway the average latency in a
specific run and the total number of data packets a
node managed during a simulation run. This
representation is useful to understand how our

802.16-XHE-0
802.16-XHE-2

30

40

50

60

#Nodes

70

80

Figure 4. Throughput (light scenario).
This result is not surprisingly because we choose to
modify the contention window of a node based on the
need of each node to transmit data packets. It is worth
to note that our approach is not optimal, in the sense
that the choice of the data queue size fixed equal to the
half of the maximum size of data buffer has been
heuristically found. However, we believe that results
obtained are encouraging and permit to trace some
ideas to set the parameters in the distributed scheduling
scheme in a dynamic fashion.
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ProbApproach
802.16-XHE-1

throughput or end-to-end delay. Our approach permits
a more loaded node to contend in a more “aggressive”
way than a node that has a smaller number of data
packets to send, but this latter does not starve, in the
sense that it is only delayed to reserve data slots.
In order to confirm the effectiveness of the
probabilistic dynamic algorithm proposed results for
the heavy data traffic scenario are shown in figures 7
and 8. This second scenario has been considered as the
average latency should increase when an higher
number of data packets involves nodes.

802.16-XHE-0
802.16-XHE-2

0,5
0,45

D e la y ( s e c .)

0,4

0,35
0,3

0,25
0,2

0,15
0,1
30

40

50

60

#Nodes

70

ProbApproach
802.16-XHE-1

80

802.16-XHE-0
802.16-XHE-2

60

On the other hand, good results have been obtained
also when the average end-to-end data packet delay
has been considered as shown in Figure 5. It is worth
to note that the average end-to-end data packet delay
of our mechanism outperforms results of the others
three schemes even though the average latency (Fig. 6)
of our scheme is higher than the latency of the 802.16XHE-0 and 802.16-XHE-1. In Figure 6 the average
latency of the light scenario is shown. Of course, we
have to take into account that we estimated the average
latency. This means that sources that have to send less
data packets will be characterized with higher latency
and sources that have to send more data packets will be
associated with smaller latency values.
802.16-XHE-0

802.16-XHE-1

802.16-XHE-2

ProbApproach

A v e r a g e L a te n c y (s e c . )

0,3
0,25
0,2
0,15
0,1
0,05
0
30

40

50

#Nodes60

70

80

Figure 6. Average latency (light scenario).
We can observe that when the XHE increases the
average latency increases too. As we can observe in
Figures 4 and 5 the increasing of the latency does not
necessarily correspond to worst behavior in terms of

Throughput (% )

Figure 5. Average end-to-end data packet
delay (light scenario).

55
50
45
40
35
30

40

50

60

70

80

#Nodes

Figure 7. Throughput (heavy data traffic)
The “strange” slope obtained in Figure 4 and 7 when
passing from 40 nodes to 50 nodes is due to the fact
that even if the number of competing nodes increases,
the possibility to find different paths and to use
different nodes to send data traffic increases too.
For this reason, when considering 50 nodes,
performance in terms of throughput and end-to-end
data packet delay are better than at 40 nodes. On the
other hand, when the number of nodes increases the
contention between nodes increases too, but when we
have 50 nodes in the network the average number of
neighbors for each node is less or equal to the number
of control slots (opportunities to transmit, that are
fixed equal to 16 for each frame in the standard).
Generally, when the density of the network increases
the average number of neighbors for each node
increases too. Hence, even though the possibility to
find a path with a smaller number of hops increases in
this case, the possibility to catch an opportunity to
transmit decreases. In Table II we show the different
number of neighbors when different scenarios of
networks are considered. Specifically, we computed
the number of neighbors N’ (1 and 2 hop) analytically
and through the simulation scenarios created in ns2.
Concerning the analytical scheme let N1 the number of
1-hop neighbors (it is the number of nodes in the
coverage area of a Mesh Router). N1 can be expressed
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ρ is the network density and
N
. N’ is the number
can be expressed as ρ =
πR 2
2
as N 1 = ρπ r where

of 1 and 2-hop neighbors and can be computed as
r2
N ' = 4 N 2 , in which r is the radius of each node
R
(in our simulation we supposed all the nodes have the
same radius or transmission range equal to 250 meter),
R is the range of the network and N is the number of
nodes in the networks.
TABLE II.

NUMBER OF NEIGHBORS (1AND 2 HOP) CONSIDERING
DIFFERENT SCENARIOS

# Nodes in the
Network
30
40
50
60
70
80

N’
(Analytical)
7,5
10
12,5
15
17,5
20

N’
(Simulation)
7,6
11,3
17
20
22
24

We can observe that when the number of nodes is
smaller or equal to 50 the number of control slots
(opportunities to transmit) is, in average, sufficient for
each node in each frame. When the number of nodes in
the network increases the average number of neighbors
(1 and 2 hop neighbors) increases too and number of
control slots is not sufficient to cover each node in
each frame.

D e l a y (s e c . )

ProbApproach
802.16-XHE-1

802.16-XHE-0
802.16-XHE-2

0,8
0,75
0,7
0,65
0,6
0,55
0,5
0,45
0,4
0,35
0,3

worst than in the case of 50 nodes or a smaller number
of nodes. On the other hand this behavior is confirmed
when the average end-to-end data packet delay is
considered in Figure 6 and 8.
In Table III and Table IV we reported the latency and
the total number of data packets that a node managed
during a simulation run at 1 and 2 hops respectively.
We considered a simulation scenario with 50 nodes
when heavy traffic is considered. In practice results
reported in the tables refer to the same scenario
considered to obtain results in Figures 7 and 8. Due to
the lack of space we only reported results of nodes at 1
and 2 hops away from the gateway but they are
sufficient in order our algorithm to be explained.
Generally, we can observe as the latency decreases
while the number of data packets increases. This is a
side effect of our algorithm, because the XHE
parameter is set to smaller values when a node needs to
send more data packets and vice-versa.
TABLE III.

1-HOP NEIGHBORS (NETWORK WITH 50 NODES
ANDHEAVY DATA TRAFFIC)

Node

Latency
(ProbApp)

#Data
Packets
(ProbApp)

Latency
(802-16XHE-1)

0
3
10
12
21
23
25
37
44
45
47

0,226046
0,209472
0,202951
0,238848
0,241095
0,234214
0,224778
0,195972
0,229106
0,248828
0,250282
Avg
Latency

10000
91185
29688
50999
10000
0
20000
51307
13046
10000
20000
Tot
Data
Pakts
306225

0,14505
0,14647
0,14442
0,14345
0,13595
0,13498
0,13687
0,15136
0,15243
0,15235
0,15128
Avg
Latency

0,22557

30

40

50

60

70

80

#Nodes

Figure 8. Average end-to-end data delay
(heavy data traffic ).
For this reason when we consider performance in
terms of throughput and end-to-end delay and the
number of nodes is higher than 60 the behavior is

0,14496

#Data
Packet
s (80216XHE1)
10000
86982
83576
43508
10000
0
20000
1530
17488
10000
20000
Tot
Data
Pakts
303084

Of course, the fact we assign smaller values to XHE
parameter does not mean that the latency always
decreases. Indeed, smaller values of XHE correspond
with smaller contention window, but a node needs to
contend with its neighborhood and we computed the
average latency taking into account the instant time a
node reserves a new opportunity to transmit (control
slot).
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TABLE IV.

2-HOP-NEIGHBORS (NETWORK WITH 50 NODES AND
HEAVY DATA TRAFFIC)

Node

Latency
(ProbApp)

#Data
Packets
(ProbApp)

Latency
(80216XHE-1)

4
14
15
20
22
24
28
29
30
43

0,23271
0,23750
0,23901
0,23597
0,23196
0,22564
0,22306
0,24620
0,20180
0,24987
Avg
Latency

10000
31076
10000
10000
10000
57919
10000
13063
76461
0
Tot
Data
Pkts
228529

0,14519
0,14345
0,14324
0,13614
0,13516
0,13712
0,13514
0,13502
0,13582
0,15136
Avg
Latency

0,23233

0,13916

In Figure 9, we give an instantaneous “snapshot” of
the network when 50 nodes are considered and the
scenario is those referred as “heavy” data traffic
scenario. Due to the lack of space, we did not report all
the nodes in the networks, but we plotted only some
nodes. Specifically, we showed nodes at 3 hops away
from the gateway (node 1) and for each node the total
number of data packets that this node managed during
a simulation run and the average latency have been
shown. We can observe as the greater is the number of
packets a node managed during a simulation run the
lower is the average latency related with this node.
Indeed, observe at the level of 1-hop node 37 and node
21.

#Data
Packets
(80216XHE-1)
27931
10000
10000
40331
30616
36270
10000
7488
51879
0
Tot
Data
Pkts
224515

Moreover, latency values reported in the table are
averaged on the duration of a run, that is the latency is
an average latency and so it takes into account smaller
values of XHE and higher values of XHE based on the
specific time the XHE value is considered. Let
consider the following example: imagine a node A has
to send a lot of data packets in a certain time, so its
XHE will be a small value. On the other hand it will
happen that this node A in a certain time does not have
to send a large number of data packets, so in this
instant time if we considere the XHE, we obtain an
higher XHE value and the latency will increase. So, it
can happen that even if a node managed more data
packets than another node its average latency is
slightly higher or close to the average value of another
node.
In order to verify this behavior we can consider nodes
4 and 14 in Table IV. Nodes 14 manages more data
packets than node 4 but its average latency is slightly
higher than those of node 4. Generally, the effect of
applying our algorithm is that more data packets
correspond with smaller latency.
This result is due to the dynamic mechanism
introduced allowing to change in a dynamic fashion
the probability to reserve data slots and so to transmit
data packets. This means that a more loaded node (that
is, a node that has the necessity to send more data
packets) will contend in a more aggressive way in
respect of a node that has a smaller number of data
packets to send.

Figure 9. Actual example of simulation results
in which a network of 50 nodes in a 1000
meter x 1000 meter has been considered with
heavy traffic.
The first one manages 51307 data packets (a node can
manage some data packet as relay node for another
node, for example 37 could be charged to send data
packet for node 30 and it can send their own packets)
and the average latency is 0,19507 sec. On the other
hand the second one, node 21, manages 10000 data
packets and its average latency is 0,2410 sec. This
behavior is an effect of the application of our dynamic
algorithm. In fact, our algorithm will set more times
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smaller values of parameter XHE in the schedule
scheme for node 37 in respect of node 21. It is worth to
observe that the average latency is not linearly related
with the speed to send data packets. In fact, we already
outlined that the scheduling frame is characterized with
two kinds of frames, a control frame where we
consider the latency expressed as the time occurring
between a control slot reservation and the next control
slot reservation. The other part of the frame is
characterized with the data frame, in which the
reservation of data slots takes place. In conclusion we
can affirm that the effect of our algorithm is that the
average latency of each node during a simulation run
decrease when the total number of data packets the
node has to manage increases. A positive effect of the
application of this algorithm is the increasing of the
data packets delivered to the destination and the time
required to deliver these packets decreases. In practice,
we show a simple way to set an un-standardized
parameter.

5. Conclusions
In this paper we analyze the performance of the
Coordinated Distributed Scheduler of the Std. IEEE
802.16. In order to do that we implemented this
scheduler in a well-known network simulation tool,
ns2. We had to implement a MAC module for the
802.16 because nowadays there is not an available
MAC module for IEEE 802.16. Some results obtained
confirm results known in literature. In fact, the latency
increases when the number of nodes in the network
increases too. In order to obtain a higher scalability we
developed a simple dynamic and probabilistic queuesize based algorithm that in a dynamic way permits to
set the XmtHoldoffExponent (XHE).

The setting of XHE is a critical point of the standard
scheduler because it determines the contention window
of each node. Furthermore, the contention window of
each node in a distributed environment depends of the
neighborhood. In this work we proposed a mechanism
to set in a dynamic and probabilistic fashion XHE
parameter. Of course this work is not at all exhaustive
as far as the setting of parameter is concerned. Indeed,
the contention window of each node strictly depends
of the number of neighbors. As further work we would
like to improve the parameters tuning taking into
account other aspects like the number of neighbors or
the presence of expiring packets into buffers.
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Abstract—Orthogonal

Frequency

Division

Multiplexing (OFDM) is considered to be a promising
technique against the multipath fading channel for
wireless communications. One of the disadvantages of
OFDM is peak to average power ratio (PAPR) problem.
In this paper, we analyze a PAPR reduction system which
combines a selected mapping technique (SLM) and a
deliberate clipping technique. The numerical analysis and
computer simulation show that the system has effective
PAPR reduction capability, moderate system complexity
and reasonable bit error rate (BER) performance.

technique. Through the analysis in PAPR reduction capability,
system complexity and error performance, we demonstrate
that the system has proper performance in real applications.
II. OFDM SIGNALS AND PAPR REDUCTION
OFDM symbols can be given as the sum of a numbers of
independent symbols which are modulated onto subchannels
of equal bandwidth. Let Xk ( k =0,1,..., N−1) denote the input data
symbol whose period is T . Then the complex representation
of an OFDM symbol is given as
N −1

Index Terms—Selected Mapping, Clipping, PAPR,
OFDM

x ( t ) = ∑ X k ⋅ e j 2π k + ft , 0 ≤ t < NT

where N is the number of subcarriers, and + f = 1/ NT is the
subcarrier

I. INTRODUCTION
Orthogonal Frequency Division Multiplexing (OFDM) is
considered to be a promising technique against the multipath
fading channel for wireless communications. However,
OFDM has a serious peak to average power ratio (PAPR)
problem. The simplest and most effective method to reduce
PAPR might be the clipping and filtering [1], but the error
performance of clipped OFDM signal is degraded due to the
distortion of the original signals. In non-distortion techniques,
several symbol selection schemes, such as partial transmit
sequence (PTS) [2] and selected mapping (SLM) [3], are
widely used. Symbol selection schemes can obtain a moderate
PAPR reduction ability but increase the complexity of OFDM
system. To obtain an effective PAPR reduction ability and a
moderate system complexity, [4] proposed an OFDM system
which combines the deliberate clipping and the symbol
selection schemes.
In the paper, base on [4], we analyze the OFDM system
which combines deliberate clipping technique and SLM

(1)

k =0

spacing.

The

samples

are

denoted

by

xn ( n = 0,1,..., LN − 1) for the OFDM symbols with the

sampling rate L . In the following, we consider the sampling
rate to be the Nyquist rate which corresponds to the case of
L = 1 . The amplitude of the n th sample of an OFDM symbol
is given as rn  xn . As N is a sufficiently large number, rn
is considered to be approximately equal to a Rayleigh random
variable with probability density function
(pdf) given as [4]
2
2r
(2)
f R (rn ) = n e − rn / Pin , rn ≥ 0
Pin
where Pin = 2σ 2 is the input power of the OFDM signal.
The PAPR of the OFDM symbol is defined as the ratio of the
peak power and the average power as
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PAPR 

max ⎡⎣ rn 2 ⎤⎦
E ⎡⎣ rn 2 ⎤⎦

=

max ⎡⎣ rn 2 ⎤⎦
Pin

, n ∈ [ 0, N − 1]

(3)

where E [⋅] denotes the statistical expectation function and
max [⋅] gives the highest value among the samples. For one

where φn is a random variable which has uniformly
distribution on [ 0, 2π ) . As derived in [4], the SNDR of the
clipped OFDM signal xn can be presented as

OFDM symbol, the probability of the peak amplitude being
smaller than a given threshold W can be obtained by [5]

(

Fl (W ) = Pr max rn < W
0≤ n< N

)

= Pr ( r0 < W ) ⋅ Pr ( r1 < W ) ⋅⋅⋅ Pr ( rN −1 < W ) .

(

= 1− e

−W 2 / Pin

)

Thus, the cumulative distribution and the complementary
cumulative distribution of the peak amplitude can be
respectively given as

(

2

/ Pin

)

A.
(5)

N

and

(

Fl c ( l )  1 − Fl ( l ) = 1 − 1 − e − l

2

/ Pin

)

N

.

(6)

To solve the PAPR problem, an OFDM system combining
deliberate clipping and SLM can be used. The system model
is shown in Fig. 1.
A Deliberate Clipping
Deliberate clipping might be the simplest method to
reduce PAPR. This method limits the samples’ amplitudes of
the input OFDM signal to a predetermined value. The
amplitude of the n th output sample of the clipped OFDM
signal is given as

⎧r , for rn ≤ W
,
rn  ⎨ n
⎩W , for rn ≥ W

Pb = Q

(

∞

expressed as

SNDR

) (

)

(12)

)∫

∞

x

e−t

2

/2

dt .

B Selected Mapping Technique
The SLM for PAPR reduction is a non-distortion
technique. In this approach, the transmitter generates a set of
sufficiently different candidate data symbols, all representing
the same information as the original data symbol. Among
these symbols, the symbol which has the smallest PAPR
value is selected and the information of the selected data
symbol is transmitted as the side information. Assume P
candidate symbols are generated in the transmitter, then the
transmitter needs P IFFT operations and the bits number of
required side information is larger than log 2 P for each
symbol. As given in [5], the probability of the peak amplitude
of the selected OFDM symbol exceeding the given threshold
W can be given as

(

Fl c (W ) = Pr min l p > W
1≤ p ≤ P

)

= Pr ( l1 > W ) Pr ( l2 > W ) ⋅⋅⋅ Pr ( lP > W )

(

= 1 − Fl p (W )

(8)

Equation (7) shows that deliberate clipping is a memoryless
nonlinear transformation. The output of the memoryless
nonlinear transformation of OFDM signal xn can be

(

where Q ( x ) = (1/ 2 ) erfc x / 2 = 1/ 2π

and the power of the clipped OFDM signal therefore becomes
0

(11)

BER of QPSK OFDM signal after deliberate clipping can be
calculated by

(7)

Pout = E ⎡⎣ rn2 ⎤⎦ = ∫ rn2 f R (rn )drn .

α 2 Pin
Pout − α 2 Pin + N 0

where N 0 is the total variance of the AWGN. Therefore, the

(4)

N

Fl ( l ) = 1 − e − l

SNDR =

)

(13)

P

where l p is the peak amplitude of the p th OFDM symbol
and Fl p ( l ) is the complementary cumulative distribution of

(9)
xn = α xn + d n
where d n is the distortion term uncorrelated with xn , and

l p . Therefore, the cumulative distribution of the peak

α is an attenuation factor that can be calculated as [4]

amplitude of the selected OFDM symbol can be given as

α=
=

Ern ,φn [ rn cos φn rn cos φn ]

σ

∫

∞

0

(

Fl ( l ) = 1 − Fl c ( l ) = 1 − 1 − Fl p ( l )

2
2π

rn rn f R ( rn )drn ⋅ ∫ cos 2 φn ⋅
0

σ2

1
d φn
2π

(10)

)

P

.

(14)

For the selected OFDM symbol without over-sampling, there
are N statistically independent samples for one OFDM
symbol period. Just as in (4), (14) can be expressed by
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(a)

(b)
Fig. 1. The proposed OFDM system combining clipping and SLM:
(a) transmitter and (b) receiver

multiplying N cumulative density functions. Since these
cumulative density functions are considered to be same for all
samples of one OFDM symbol, the cumulative density
function of the amplitude of the n th sample can be
calculated from (5) and (14) as
Pr ( rn < l ) = ( Fl (l ) )

1/ N

⎛
2
= ⎜ 1 − ⎛⎜ 1 − 1 − e − l / Pin
⎝ ⎝

(

)

1/ N

N

P
⎞ ⎞
⎟ ⎟
⎠ ⎠

. (15)

By calculating the derivative of the function (15) and
substituting rn for l , we obtain the pdf of rn by
⎛
2
f R (rn ) = P ⋅ ⎜1 − ⎛⎜1 − 1 − e− rn / Pin
⎝ ⎝

(

(

2
⋅ ⎛⎜1 − 1 − e− rn / Pin
⎝

)

N

⎞
⎟
⎠

)

P −1

1/ N −1

N

(

P
⎞ ⎞
⎟ ⎟
⎠ ⎠

⋅ 1− e

(16)
− rn2 / Pin

)

N −1

2
2r
⋅ n e− rn / Pin .
Pin

Fig. 2 shows the pdf of the samples’ amplitudes of the
original OFDM signal and the samples’ amplitudes of the
selected OFDM signal. We can see that the probability
distribution for the non-selected OFDM signal can be
approximated as the Rayleigh distribution, and the probability
distribution for the adaptively selected OFDM signal shows
little difference from the Rayleigh distribution.

C

Combination of Deliberate Clipping and SLM
The implementation of deliberate clipping is quite simple
and effective in PAPR reduction, but larger clipping ratio
results in the severe BER performance degradation. On the
other hand, the SLM technique does not cause distortion on
the error performance if there are no errors in the
sideinformation; however, in order to obtain effective PAPR
reduction ability like clipping method, the system complexity
becomes challenging as the number of the candidate symbols
increases. Thus, the use of only deliberate clipping or only
SLM technique cannot obtain satisfactory error performance
and moderate system complexity simultaneously. However, if
these two approaches are combined, the effective PAPR
reduction can be achieved with reasonable BER performance

and suitable system complexity. Applying f R ( rn ) instead of

f R ( rn ) in the BER analysis by substituting (17) into (8),
(10)-(12), the BER performance for clipped selected OFDM
signals can be calculated.
III. SIMULATION RESULTS
In the simulation, QPSK systems with 256 subcarriers
were used. OFDM symbols were transmitted over an AWGN
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caused by clipping on the selected OFDM signals is more
serious than that on the non-selected OFDM signals. From the
figure, we can see that the BER performance of the
clipped-selected OFDM signal is improved as the number of
selective mapping symbols increases. Fig. 4 shows the PAPR
reduction ability of the system combining SLM and deliberate
clipping. It is clear that the clipping method is much more
effective in PAPR reduction than SLM with smaller value P .

0.8
non-selected OFDM signal
adaptively selected OFDM signal, P=16

0.7

Relative number of samples

channel. Fig. 3 shows the error performance of the proposed
system with different numbers of selective mapping symbols
and clipping ratio (CR). CR is given as the ratio of the
maximum permissible amplitude and root mean square power
of the OFDM signal. Because the selected OFDM signal has
smaller PAPR than non-selected OFDM signal, the distortion

0.6
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0.4
0.3
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Magnitude
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3
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Fig. 2. Probability distribution of samples’ amplitudes for non-selected
OFDM symbols and selected OFDM symbols (QPSK, 256 subcarriers ).

Therefore, performing clipping after taking SLM can
significantly reduce PAPR and system complexity.

-1

10

CR = 1.2
-2

10

no clipping
-3

10

bit error rate

IV. CONCLUSION
In this paper, an OFDM system which combines SLM
technique and deliberate clipping technique was discussed.
The effect of symbol selection scheme on the deliberate
clipping was analyzed by deriving the pdf of the samples’
amplitude of the adaptively-selected OFDM symbol. From
the analysis and the computer simulation, we can see that
there is the tradeoff between the PAPR reduction ability,
system complexity and the BER performance.
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Abstract—Recently, we provided closed-form expressions
involving two-dimensional (2-D) joint Gaussian Q-function for the
symbol error rate (SER) and bit error rate (BER) of an arbitrary
2-D signal with I/Q unbalances over an additive white Gaussian
noise (AWGN) channel [1]. In this paper, we extend the
expressions to Nakagami-m fading channels. Using Craig’s
representation of the 2-D Gaussian Q-function, we derive an exact
and general expression for the error probabilities of arbitrary 2-D
signaling with I/Q phase and amplitude unbalances over
Nakagami-m fading channels.
Index Terms—error probability, Nakagami-m fading, twodimensional modulation, I/Q unbalance

I.

SYSTEM MODEL

II.

We assume that the received signal envelope A has a
Nakagami-m distribution with the probability density function
(pdf) given as [5]
⎛ ma 2 ⎞
2m m a 2 m −1
(1)
fA (a) = m
exp ⎜ −
⎟ , a≥0
Ω Γ (m)
⎝ Ω ⎠

(

)

2
where m = Ω 2 / E ⎡ A2 − Ω 2 ⎤ and Ω = E ⎡ A 2 ⎤ are fading
⎣ ⎦
⎢⎣
⎥⎦
and power-scaling parameters, respectively. The PDF of the
instantaneous signal-to-noise ratio (SNR), γ = a 2 Eb / N 0 can

be expressed as

INTRODUCTION

In a practical coherent two-dimensional (2-D) modulation
scheme, the performance of the receiver is less than ideal:
imperfect components create I/Q phase and gain unbalances,
and there are severe small- and large-scale variations in the
received signal strength. The I/Q unbalances arise from an
imperfect 90-degree phase shifter, and from mixers or filters
with different losses, and the variations of the received signal
strength are caused by multi-path and shadow fading.
A number of recent studies [1]-[2] have analyzed the
effects of these impediments on the error performances of 2-D
signaling. The exact expression for the error probability of
arbitrary 2-D signaling with I/Q unbalances over an AWGN
channel was reported in [1]. Error probabilities of 2-D M-ary
signaling signal with I/Q balance over fading channels for
Rayleigh, Nakagami-m, and Ricean distributions were
presented in [2].
In this paper, as an extension of our previous work [1], we
provide a new closed-form expression involving the 2-D
Gaussian Q-function for the error probability of arbitrary 2-D
signaling with I/Q phase and amplitude unbalances over a
Nakagami-m fading channel. For this purpose, we first
transform the 2-D Gaussian Q-function into Craig’s form [3].
Then, using the moment generating function (MGF) of the
Nakagami-m distribution, we obtain the error probability
expression for a 2-D signal over the Nakagami-m fading
channel. Finally, we verify the provided expression through
comparison with the previous results of [2] and [4] in
Nakagami-m fading, and analyze the effect of I/Q unbalances
on the performance.

⎛ mγ
m mγ m −1
exp ⎜ −
m
γ Γ (m)
⎝ γ

fγ ( γ ) =

⎞
⎟,
⎠

γ ≥0

(2)

where γ = Ω Eb / N 0 is the average SNR per bit and Γ ( x ) is
the Gamma function.
The 2-D joint Gaussian Q-function is defined by [6]
Q ( x1 , y1 ; ρ ) =

1

∞

2π 1 − ρ

∫ ∫
x1

2

∞

y1

⎧ x 2 + y 2 − 2 ρ xy ⎫
⎬dxdy .
2
2 (1 − ρ ) ⎭
⎩

exp ⎨ −

(3)
From the Craig representation in [7], (3) is rewritten as

Q ( x1 , y1 ; ρ ) =
+
where

1
2π

∫

w2

0

−1

−1

2

∫
2π

w1

0

⎛

⎞
⎟dθ
⎝ 2 sin θ ⎠

exp ⎜ −

2
y1 ⎞
⎛
exp ⎜ −
⎟dθ ,
2
⎝ 2 sin θ ⎠

{(
w = tan {(
w1 = tan

1

2

x1

2

(4)

x1 ≥ 0, y1 ≥ 0

)
}.
1 − ρ y / x ) / (1 − ρ y / x )}

1 − ρ x1 / y1 / (1 − ρ x1 / y1 )
2

(5)

2

1

1

1

1

The error probability Pfading ( E ) in a flat fading channel can
be obtained as
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Pfading ( E )

From [1], when a signal point S tc that has a closed decision

∞

(

∞

1

)

= ∫ PS ( E | γ ) pγ ( γ ) d γ = ∫ Q x1 γ , x2 γ ; ρ pγ ( γ ) d γ
0

=

0

1 2 1
∑
2 k =1 π

∫

wk

0

⎛
x
Mγ ⎜ −
2
⎝ 2 sin θ
2
k

(6)

region ( Rtc _ n ) with n-sided polygonal shape is transmitted, we
1

can find that the SER for the signal point S tc is

⎞
⎟ dθ
⎠

PSc

where PS ( E | γ ) is the error rate expression which can be

( E | γ ) = 1 − P{

∑

of the fading pdf, which is defined as

=

∑{Q ( z

pγ ( γ ) is a pdf of the flat fading, and M γ ( − s ) is the MGF
M γ ( −s ) 

∫

0

e

pγ ( γ ) d γ .

(7)

Then, the MGF of the Nakagami-m pdf of (2) can be obtained
as follows:
−m

⎛ γ ⎞
(8)
M γ ( − s ) = ⎜1 + ⋅ s ⎟ .
⎝ m ⎠
Substituting (8) into (6), and using [4, eq. (5A.24)], (6)
becomes
1 2
PNa _ fading ( E ) =
I [ wk , z k ]
(9)
2 k =1
where

n

⎛

−1

wk

−

π

π

⎛π
⎛ − β k ⎞ ⎞ m −1
Cl
−1
2l
+ tan ⎜
⎟⎟ × ∑
⎢⎝ 2
2
⎝ tan ( wk ) ⎠ ⎠ l = 0 4 1 + zk γ / 2m
⎢⎣

{(

(

)

l

decision region ( Rto _ q ) with q sides is

{

2
k

2
k

k

il



} { }

PSo ( E | γ ) = 1 − P Sr ∈ Rto1 _ q | St = Sto1 ⋅ P Sto1
⎛ E ⎡Y ⎤
⎞
⎣ i ⎦ ,0;1⎟ −
Q⎜
⎜
⎟
i =1 ⎝ Var ⎡⎣Yi ⎤⎦
⎠
q

=

∑
q

=

∑ (

∑

q −1

) ∑ Q ( zi

Q zi γ ,0;1 −

i =1

⎛ E ⎡Y ⎤
⎞
⎣ i ⎦ , E ⎡⎣Yi +1 ⎤⎦ ; ρ
⎟
Q⎜
YiYi +1 .
⎜ Var ⎡Y ⎤ Var ⎡Y ⎤
⎟
i
i
1
+
⎣ ⎦
⎣
⎦
i =1 ⎝
⎠

q −1

i =1

γ , zi +1 γ ; ρYiYi+1

)
(13)

)}

2 ( l − i ) +1

⎤
⎥,
⎥
⎦

(10)

in which the parameters, β k and Til are given as follows:

( z γ / 2m ) sgn ( w ) , T
1 + ( z γ / 2m )

1

1

In (12) and (13), zi = E [Yi ] / Var [Yi ] ⋅ γ and Yi is a

−π ≤ wk ≤ π

βk 

)}

(12)
Similarly, the SER for a signal point S t that has an open

l

⎧⎪ ⎛ −1 ⎛ − β k ⎞ ⎞ ⎫⎪
⎨cos ⎜ tan ⎜
⎟ ⎟⎬
⎪⎩ ⎝
⎝ tan ( wk ) ⎠ ⎠ ⎭⎪

) (

γ ,0;1 − Q zi γ , zi +1 γ ; ρYiYi+1

o

⎡

β k ⎢⎜

⎞ ⎞ m −1 l
Til
⎟ ⎟ × ∑∑
⎝ tan ( wk ) ⎠ ⎠ l =1 i =1 1 + zk2 γ / 2m

⎛ −βk

+ sin ⎜ tan ⎜

⎝

1

i

i =1

∑

I [ wk , z k ] =

} ⋅ P{ }
Stc1

⎧ ⎛
⎞
⎛ E ⎡Y ⎤
⎞⎫
⎪ ⎜ E ⎣⎡Yi ⎦⎤
⎪
⎣ i ⎦ , E ⎣⎡Yi +1 ⎦⎤ ; ρ
⎟
⎜
⎟
Q
,0;1
Q
−
⎨
YiYi +1 ⎬ .
⎜
⎟
⎜
⎟
Var ⎣⎡Yi ⎦⎤ Var ⎣⎡Yi +1 ⎦⎤
⎪ ⎝ Var ⎣⎡Yi ⎦⎤
i =1 ⎩
⎠
⎝
⎠ ⎭⎪

expressed as the 2-D joint Gaussian Q-function for AWGN,

− sγ

| St =

Stc1

n

=

∞

1

Sr ∈ Rtc1 _ n

Cl
.
C ⋅ 4 {2 ( l − i ) + 1}
2( l − i ) l − i
2l
i

(11)
III. CLOSED-FORM EXPRESSION FOR THE SER OF AN
ARBITRARY 2-D SIGNAL WITH I/Q UNBALANCES OVER
NAKAGAMI-M FADING CHANNELS
Typical decision regions for arbitrary 2-D signaling are of
two types: closed and open [8]. The error probabilities for the
two types of regions were presented in [1], where the SER and
BER for the arbitrary 2-D signals with I/Q unbalances were
provided as a linear combination of the error probabilities for
the closed and open regions. In this section, using the results
obtained in section Ⅱ and in [1], we present a closed-form
expression for the SER of an arbitrary 2-D signal in Nakagamim fading channels, where a priori probabilities of all the signal
points are supposed to be equally likely.

random variable on the perpendicular axis to the decision
boundary of the closed or open regions. Then, Yi and Yi +1 have
the joint Gaussian distribution with
⎧ E [Yi ] = E s ( βζ 1 cos θ i sin (ψ 1 + φ R ) − αζ 1 sin θ i cosψ 1 ) − d i
⎪
⎪Var [Yi ] = σ 2 (α 2 sin 2 (θ i ) + β 2 cos 2 (θ i ) − αβ sin φ R sin ( 2θ i ) )
⎪
COV [YiYi + 1 ]
⎪
⎨ ρY Y =
Var [Yi ] Var [Yi + 1 ]
⎪
⎪
2
2
⎪ = α sin θ i sin θ i + 1 + β cos θ i cos θ i + 1 − αβ sin φ R sin (θ i + θ i + 1 )
⎪
Var [Yi ] Var [Yi + 1 ]
⎩
i i +1

(14)
where α and β are the gains of filters or mixers which
represent the amplitude unbalance; ζ i is a scale factor which
varies with the position of the signal point; ψ 1 is the phase of
the transmitted signal; d i is a distance between the origin and
the i-th decision boundary of the closed or open regions; θ i is
the slope of the i-th decision boundary, respectively [1].
By combining (12) and (13), the average SER of an
arbitrary 2-D signaling with I/Q unbalances can be obtained
[1]:
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PS ( E | γ ) = PSc ( E | γ ) + PSo ( E | γ )

∑ ⎡⎣⎢(1 − P{S ∈ R
U

=

h =1

}) ⋅ P{S }⎤⎦⎥

j =1

16 − star − QAM

c
th

∑( {
V

+

| St = Stch

c
th _ n

r

average symbol error probability of 16-star-QAM with I/Q
unbalances over Nakagami-m fading channels is rewritten as

⎡ 1 − P S ∈ Ro | S = S o
r
tj _q t
tj
⎣⎢

PNa _ fading

}) ⋅ P{ }
Stoj

=

1
U +V

1⎧
⎪

∑

∫

0

PS ( E | γ ) pγ ( γ ) d γ

n

∑∑ ( I [π , z ] − I ⎡⎣ w

⎨
⎩ h =1

2⎪

⎛
⎜
⎜
j =1 ⎝
V

+

⋅

U

∞

i

i =1

⎤ − I ⎡ wz , z , zi +1 ⎤
⎣ i +1 i
⎦

zi , zi +1 , zi ⎦

q −1

q

∑ ( I [π , zi ]) − ∑ ( I ⎡⎣ wz , z
i

i =1

i +1

, zi ⎤ + I ⎡ w z

i =1

where
wzi , zi+1 = tan −1
wzi+1 , zi = tan −1

⎦

⎣

i +1 , zi

i

2

i +1

i +1

i

i +1

i

⎞ ⎪⎫

, zi +1 ⎤ ⎟ ⎬

⎦ ⎟
⎠ ⎪⎭
(16)

{( 1 − ρ z / z ) / (1 − ρ z / z )} .
{( 1 − ρ z / z ) / (1 − ρ z / z )}
2

)

)

i +1

(17)

i

Note that for α = β = 1, φ R = 0° and m = 1 , (16) reduces to
the SER of an I/Q balanced MPSK signal in Rayleigh fading,
which is equal to [4, eq. (8.113)].
IV. SER OF MPSK AND 16-STAR-QAM WITH I/Q
UNBALANCES OVER NAKAGAMI-M FADING CHANNELS
To verify the validity of the derived result, we consider
MPSK and 16-star-QAM. The decision regions for MPSK
have only open regions with two-sided polygonal shape. Hence,
from the result [9] of the previous research, the average
symbol error probability for MPSK over Nakagami-m fading
channels is obtained as follows:
MPSK
PNa
_ fading ( E ) =

0

PS ( E | γ ) pγ ( γ ) d γ

⎞ ⎫⎪
I ⎡⎣ wz2 , z1 , z2 ⎤⎦ ⎟ ⎬
⎟⎪
i =1
⎠⎭
(18)
For 16-star-QAM, the decision regions have eight open
regions and eight closed regions with three-sided polygonal
shape. Similarly with MPSK, from the result in [1], the
=

⎧M ⎛
1 ⎪
⎜
⎨
⎜
2M ⎪
⎩ j =1 ⎝

∫

∞

∑ ∑ ( I ⎣⎡π , z ⎦⎤ ) − ( I ⎡⎣w
2

i

⎤

z1 , z2 , z1 ⎦ +

)

∞

0

PS ( E | γ ) pγ ( γ ) d γ

⎧ 8 3
⎫
⎪
⎪
I [π , zi ] − I ⎡ wz , z , zi ⎤ − I ⎡ wz , z , zi +1 ⎤
⎣ i i +1 ⎦ ⎣ i +1 i
⎦
⎪⎪
1 ⎪
⎪ h =1 i =1
=
⎨ 8
⎬
3
2
2M ⎪
⎛
⎞⎪
( I [π , zi ]) − I ⎡⎣ wzi , zi+1 , zi ⎤⎦ + I ⎡⎣ wzi+1 , zi , zi +1 ⎤⎦ ⎟⎟ ⎪
⎪+ ⎜⎜
⎠ ⎭⎪
i =1
⎩⎪ j =1 ⎝ i =1
(19)
To compare the results in this paper with the results in
previous researches [2] and [4], we assume 8-PSK and 16-starQAM in Nakagami- m fading channel, and show the effect of
I/Q unbalances on the error performance. For this end, the

∑∑ (

⎤
⎦⎥

(15)
where U is the number of the closed regions with n -sided
polygonal shape and V is the number of the open regions with
q -sided polygonal shape.
The result of (15) is expressed as a linear combination of
the 2-D joint Gaussian Q-functions. Thus, we can obtain the
average SER of an arbitrary 2-D signaling with I/Q phase and
amplitude unbalances over Nakagami-m fading channels from
(6), (9), and (15):
PNa _ fading ( E ) =

(E) = ∫

)

∑(

∑∑

)

D
D
values of parameters, φR = 0 , 5 and α or β = 1, 1.1 , are used

since typical values achievable with careful design are φR = 5D
and α or β =1.1 [10].
In Fig. 1 and Fig. 2, we have plotted the average SER for
8-PSK and 16-star-QAM with I/Q unbalances corresponding to
several values of the fading parameter m . As shown in Fig. 1
and Fig. 2, the results for α = β = 1 and φ R = 0° in eq. (18)
and (19) of this paper are exactly the same as the results of [4,
Fig. 8.4] and [2, eq.(12)], respectively. Fig. 3 shows the effects
of I/Q unbalances on the SER performance of MPSK, and in
Fig 4, for m = 1, α = 1, β = 1.1 and φ R = 5° the SER of
several 16-APSK modulation schemes is depicted.
As shown in Fig. 1 and Fig. 2, as m increases, we can
confirm that the severity of fading decreases, but the effect of
I/Q unbalances on the SER performance becomes serious. And,
in Fig. 3, we can see that the SER performances are more
sensitive to the effect of I/Q unbalances according to increasing
M. Also, we can observe that the 1+5+10 APSK outperform the
other 16-APSK modulation schemes through Fig. 4.
Consequently, for fading channel, one of the dominant causes
of performance degradation is multi-path fading rather than I/Q
unbalances of the components.
V.

CONCLUSIONS

In this paper, we have provided a new closed-form
expression involving the 2-D Gaussian Q-function for the SER
of arbitrary 2-D signaling with I/Q unbalances over a
Nakagami-m fading channel. The BER is also easily obtained
from the provided result by using [1, eq. (14)]. We first
transformed the 2-D joint Gaussian Q-function into Craig’s
form. Then, using the MGF of the Nakagami-m distribution we
provided the error probability of arbitrary 2-D signaling with
I/Q unbalances over a Nakagami-m fading channel. Finally,
from the provided result, we analyzed that one of the dominant
causes of performance degradation is multi-path fading rather
than I/Q unbalances of the components. The result can be
readily applied to numerical evaluation for various cases of
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practical interest involving unbalanced I/Q modulation systems
operating in a wide range of fading environments.
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Abstract—Transmitted reference (TR) modulation schemes,
initially proposed for spread spectrums in 1920’s, have regained
popularity in the context of ultra wideband (UWB)
communications, where accurate channel estimation is a
challenging task. Conventional RAKE receivers can capture only
a fraction of the received signal energy under practical
implementation and channel estimation requirements. Transmit
reference and autocorrelation receivers can efficiently collect
energy from all the received multi path components without
explicit channel estimation and with a simpler structure.
Performance analysis of these schemes is investigated herein and
verified via simulations. UWB systems are likely to be employed
in wireless indoor environments with different channel
characteristics for different locations. Since the length of the
integration interval is an important design parameter with respect
to the achievable performance, a new algorithm for adaptive
adjustment of integration interval parameter is proposed in the
autocorrelation receivers. According to this method, integration
time is restricted to those intervals with more received signal
components. This time is almost equal the multi path delay spread
time of channel, in other words, by using the adaptive algorithm,
the effect of the added noise to the received signal in the
autocorrelation receiver is suppressed. Simulations are performed
to evaluate the error performance of the proposed algorithm in
indoor UWB standard channels and on different transmitted
reference schemes, also at higher data rates, in the present of ISI,
we notice performance improvements.
Index Terms – ultra wideband communications, autocorrelation,
transmit-reference, integration interval, multi path delay spread time,
Inter Symbol Interference (ISI).
I. INTRODUCTION

Ultra-wideband (UWB) communication system has
received great attention recently specially for high data rate
digital communication in short range communication. In these
kinds of systems data have been sent by ultra narrow width
pulses. Such a system has huge bandwidth and also ability to
handle very high data rate. UWB system received more
attention in 2002 after Federal Communication Committee
(FCC) released a standard to specify power limits and
frequency range of the system. According to this standard,
UWB systems should use relatively low power in comparison
to narrow band systems. Because of this restriction, UWB
systems can be used in short range applications such as
Wireless Personal Area Networks (WPAN) [1]. In the indoor
applications, there are so many reflection paths lead in a huge
number of multi path components in the received signal, so
effective extracting and collecting of multi path energy is the
most important problem in UWB system design [2]. RAKE

receivers are a common method in wireless communication
systems to deal with multi path. But in UWB system, because
of a large number of multi path components, there are some
implementation difficulties for RAKE receivers. Also this
method could not detect all of signal components. Meanwhile it
needs to extract synchronization and channel estimation. Due
to mentioned problem, a transmitted reference scheme has been
proposed. In this method a reference signal is transmitted
besides a data signal. The main idea is that by transmission of a
reference signal, the receiver can estimate channel response in
order to recover information from data signal, assuming that
channel response to both signals are almost the same. In the
other words, TR system in conjunction with autocorrelation
receivers can be employed, offering an important energy
capture without explicit channel estimation [3]-[5]. Although
these benefits, TR-UWB method has some drawbacks. The
main problem is using the reference signal increases
transmission overhead and reduces data rate, which results in
reduced transmission efficiency. The bit error rate (BER)
performance of the system is also limited by the noise term in
the reference signal. To deal with such problems a Differential
TR UWB system (DTR) proposed in [6]-[8]. In this method the
reference signal is not transmitted separately, but instead the
pulse previously sent is used as a reference. By using this
method, a 3 dB improvement in performance is gained. The
receiver of DTR is the same as TR and the only difference is in
the transmitter.
As suggested in [9], the accuracy of determining the optimal
integration length increases with Eb / N 0 . In [10] the
correlation interval is split up to a number of smaller
correlations, which are then linearly combined, taking into
account the received SNR at the output of each of these smaller
correlations. In [11], the received signal is demodulated using a
fractionally sampled autocorrelation receiver, which means that
the symbol period is divided into several intervals, and each
interval takes adaptive weighting factors in integration.
In this paper, considering all above, complete bit time is
divided into small intervals and with an adaptive method; the
integration is limited to those times with sufficient signal
components.
This paper is organized as follows. After introduction in
section I, the TR system and the standard channel model is
introduced, and the DTR system structure and its performance
is presented in section II, the proposed algorithm and its flow
chart and the self tuning of the decision threshold are
introduced and discussed in section III. The simulation results
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are presented and discussed in section IV, followed by
conclusion in section V.

each frame, the requirement for no inters frame interference is
simply that T f > Tmds . It is not easy for this differential

II. SYSTEM AND CHANNEL MODEL

receiver to average several signals to produce a cleaner
reference because the data is transmitted as the difference of
two consecutive signals.

We consider a single user UWB system employing
antipodal signaling in an indoor multi path channel with
additive white Gaussian noise (AWGN). In binary PAM UWB
signaling, information bits b[i] ∈{1,-1} are transmitted over a
train of ultra-short pulses p(t) of pulse width T p . The bit

B. Performance of a DTR receiver
The received signal of this differential system is:
∞ L −1

r (t ) =

interval T f (Frame Time) is much larger than T p , resulting in a
low duty cycle transmission form. With energy Eb per bit, the
transmitted PAM UWB waveform is given by:

Str (t ) =

∞

∑g

i = −∞

tr

(t − iT f ) + bi / N s  g tr (t − iT f − Td ) (1)


 N
Pe = Q  0
  E p


nonzero only for t∈(0; T p ).Each frame contains two monocycle

integer part of i/Ns and represents the index of the data bit
modulating the data waveform in the ith frame. Hence each bit
is transmitted in Ns successive frames to achieve adequate bit
energy in the receiver, and the channel is assumed invariant
over this bit time. In this TR system, Td is greater than the
multi path delay spread Tmds to assure that there is no
interference between reference signal and data signal. The
frame time is designed to be T f ¸ 2 Td > 2 Tmds so that no inter
frame interference exists.
Pulsed UWB signaling gives rise to frequency selective
channels, whose impulse responses can be modeled as tapped
delay line filters.
The aggregate channel after convolving with the transmitted
pulse is given by [5].
L −1

h(t ) =

∑α g
l

tr (t

−τ l )

(2)

l =0

Where L is the total number of multi path components, each
with path fading gain α l and delay τ l relative to the first path.
Perfect timing is assumed by setting τ l = 0, for l = 0,…, L-1.

A.DTR System Structure
It is possible to construct a UWB DTR system in which no
references are transmitted, but instead, the data signal in the
previous frame is used as reference. A block diagram of a
UWB DTR system is plotted in Fig.1. Here the differentially
modulated UWB transmitted signal is:
∞

S tr (t ) =

∑m g

i tr (t

− iT f )

(3)

i =−∞

where mi = mi −1bi / N s  .
All the other parameters are the same as defined in the TR
system. Because there is no extra reference signal imbedded in

l

i −1bi / N s  g tr (t

− iT f − τ l ) + n(t ) (4)

With this development, it can be verified that the BEP of the
differential system is [6]:

Here g tr (.) is a transmitted monocycle waveform that is
waveforms. The first is a reference and the second, Td seconds
later, is a data modulated waveform. The data bits are
bi / Ns  ∈ {1,-1} with equal probability. The index i / N s  is the

∑∑α m

i = −∞ l =0

2
 (2 N s − 1)  N 0  TmdsW 




+
 E p  2N s 
 N 2
s





−1 / 2







(5)

Where W is the receiver bandwidth and E p is the pulse
energy.
III. PROPOSED ALGORITHM

According to above considerations and references, it can be
seen that integration interval has an important role in precise
detection of received bits so performance of the receiver can be
considerably improved if there is a suitable selection of
integration interval. In order to optimize this parameter an
adaptive algorithm has been proposed (Fig.2). In this algorithm
integration interval has been continuously adjusted according
to received information and other parameters of the system. If
integration interval is greater than the multi path delay spread
time ( Tmds ) then effects of noise increase in the integrator
output and this will lead the system to greater BER. In fact in
these cases integrator processes received signal in the times
that there is no signal components and noise is dominant so the
output is inaccurate. On the other hand if integration interval is
smaller than Spreading Delay Time some of signal component
will be suppressed on this will result of error. In the proposed
Algorithm, complete bit time is divided into small intervals.
Integration then will be done on these intervals. If absolute
value of integration is less than a decision threshold for a
certain successive times (Ns) then it will be supposed that there
is no more signal component in the received signal so the
integration will be stopped until start of the next bit time. In
fact by this method, integration will be limited to those times
that there are sufficient signal components. Ns is an important
parameter that affects on sensitivity of the method. Increasing
of Ns will lead the algorithm to be less sensitive. Flow chart of
the proposed algorithm is presented in Fig.2.
According to the flow chart, receiver checks the partial
interval times and calculates partial integrals. If partial
integrals are less than a decision threshold then a counter
increases, and finally if the counter reaches to Ns then
algorithm stops integration in current bit time and will wait for
the next bit time start. Decision threshold is an important
parameter in the proposed algorithm. Increasing of this
parameter will result in more interference of the algorithm in
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Fig.1. Block diagram of the modulator and demodulator in UWB DTR
system.
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(T*)

Ret

Calculate partial
Integral

Fig.3. Flow chart for Self Tuning
Of the decision Threshold
IV. SIMULATION RESULTS

Partial integral
value

The proposed algorithm has been applied to a DTR UWB
system. IEEE802.15.3a [12],[13] channel model has been used
to simulate the UWB channel effects.
Estimation of Adaptive Integral Time of a DTR receiver by
using the proposed algorithm is shown in Fig.4 and Fig.5 for
CM1 and CM2 UWB channel respectively. There is no noise in
the channel to evaluate behavior of the algorithm and as it can
be seen in these figures, values of the parameter approximately
converge to Multi path Delay Spread Time of the channel.
Actually these figures show that integration only done if there
is enough signal components in the receiver input. The
algorithm stops integration when partial integral value
decreases from a decision threshold and therefore total integral
times converge to Tmds . (Table1.)

<Decision Threshold
(T*)
Increment counter

counter
>Ns
Stop integration
Fig.2. Flow chart of Adaptive Algorithm
For Integration Interval

the determination of the final output. In fact ideal value of this
parameter is the maximum value of the existing noise that is
difficult to identify. The number of partial time interval also
can determine the resolution of the algorithm. Decreasing of
this parameter leads to higher precision in the algorithm but by
the cost of more computational complexity.
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Table1. Multi path Delay Spread time for standard UWB channels
Channel

Tmds (ns)

CM1

CM2

CM3

CM4

40

60

122

200

Adaptive Integral Interval (CM1 Channel)

100
90

Integral Interval(ns)

80
70
60
50
40
30
20
10
0

0

50

100

150
iteration

200

250

300

Fig.4. Adaptive estimation of Integral Interval for CM1 channel model
using adaptive proposed algorithm
Adaptive Integral Interval (CM2 Channel)

100
90

Integral Interval(ns)

80
70
60

Fig.6 shows the decision threshold parameters of the
algorithm. This parameter has been self tuned according to
method described before (Fig.3).
By using Monte Carlo method to estimate of bit error rate
(BER), performance of the system has been simulated and
shown in Fig.7. The simulation has performed for a 100ns bit
time and IEEE CM1 UWB channel model. Analytical and
simulated BER of DTR system as well as proposed adaptive
algorithm BER has been shown in this figure. Decision
thresholds of the algorithm considered as 0 in first simulation
and then self tuning method applied for estimation of the
parameter. The results show that for Decision threshold 0,
adaptive algorithm reduces to regular DTR system. For self
tuned Decision Threshold, the figure shows an approximately
2dB performance improvement in comparison to DTR system.
Fig.8. shows the simulation results of the system
performance in the case of Inter Symbol Interference. Bit time
of the system has chosen 25ns and so there is ISI. DTR and
proposed adaptive algorithm BER performance can be seen in
this figure. As shown in this figure, performance of the system
by the proposed adaptive algorithm improves more than 1 dB.
This is because of noise suppression capability of the algorithm
by using of adaptive adjustment of Integration Interval for
receiver correlator.
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Fig5. Adaptive estimation of Integral Interval for CM2 channel model using
adaptive proposed algorithm

10

-4

10

Self tuning of Decesion Threshold
0.07

2

4

6

8

10
12
Eb/N0(dB)

14

16

18

0

10

0.05

0.04

-1

10

BER

0.03

Adaptive Algorithm
DTR Simulation

0.02
-2

10

0.01

0

20

Fig.7. BER performance for DTR system model using adaptive algorithm
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Fig.6. Self tuned decision threshold of the proposed algorithm
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Fig.8. BER performance in the case of ISI
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V. CONCLUSION

An adaptive autocorrelation approach for TR UWB system
has been proposed in this paper. For UWB communication
systems, conventional RAKE receiver encounters some
problems such as huge complexity and no complete receive
signal energy capture because of so many multi path
components in the channel. Transmitted Reference method in
conjunction with autocorrelation receiver can improve the
performance of the system. Differential TR system (DTR)
method uses information signal as reference pulse for next data
to be sent and can save more energy by sending pure
information pulses via channel. Analytical results and
simulations shows that Integral interval of the receiver
correlator have an important role in the performance of the
system so an adaptive approach for self adjustment of this
parameter has been developed. The main idea of the approach
is based on stopping of integration if the signal components
reduce from a decision threshold.
Simulation results show at least 2 dB performance
improvement of the system by using of adaptive algorithm in
both non ISI and ISI cases.
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Abstract-In this paper, using a suitable model for the
distribution of the incoming waves at the mobile unit antenna (i.e.
scattering distribution), two simulators for a typical mobile
communication channel with non-isotropic scattering are
proposed. In the proposed simulators, the directivity of the
incoming waves can be changed quantitatively. These simulators
have applications, for instance, in design, analysis, and
performance evaluation of mobile micro-cellular systems. It is
shown that the zero-crossing rate of the in-phase and quadrature
components of the simulated signals agree with the theoretical
values.
Index Terms— channel simulator, non-isotropic scattering,
scattering distribution, mobile communication.
1.

INTRODUCTION

Computer simulation of mobile communication channels
has an important role in design, analysis, and, performance
evaluation of a mobile communication system. Setting up field
trials needs performing vast measurements, which in addition
of being costly and time-consuming, their results are to a large
extent restricted to the conditions of the trials environments. It
follows that the results of such measurements are not
applicable to other systems. Also, due to the random nature of
wireless communication channels, examining the validity and
stability of the proposed systems in many cases requires
several trials which seem impractical. On the other hand,
computer simulations, besides of having much higher speed
and much lower cost, makes it possible to apply various
conditions corresponding to different environments.
In the literature, many methods have been proposed for
simulating a wireless fading channel. The available simulators
for wireless channels can be classified as single channel and
multi-channel simulators. The latter simulators have
applications in investigating intra-cell or intra-channel
interference, diversity-based systems, and performance
analysis of MIMO and hybrid systems. Each of these
simulators can be deployed to generate samples of the
envelope of the received signal for frequency-flat fading
channels. Also, based on the fact that frequency-selective
fading channels can be considered as a superposition of some

frequency-flat fading channels [1, Fig. 4.24], the available
simulators can be deployed for simulating those channels too.
A group of channel simulators are based on the fact that
a colored Gaussian noise can be considered as a superposition
of a finite number of sinusoids with carefully determined
parameters [2],[3]. Many methods have been suggested for
obtaining these parameters in order to attain the required
statistics of the channel. One of the first and well-known
methods in this group is proposed in [4] by Jakes. In [5], [6],
and [7], different approaches are proposed in order to correct
the inaccuracies of the Jakes' method. This type of simulators
is also known as deterministic models, because the simulation
parameters must be determined and set in the start of the
simulation. A theory and survey of these methods can be seen
in [8].
Another group of channel simulators deploy two
statistically independent low-pass filtered white Gaussian
processes to generate samples of the in-phase and quadrature
components of the received signal. The coefficients of the
filters are determined based on the correlation functions, and
their orders are chosen according to the required accuracy and
speed of the simulators. The simplest simulator in this class is
discussed in [9, P. 80]. Improved versions of this simulator
which use higher order filters are proposed in [10] and [11]. In
[12] and [1,P. 222], Smith and Clarke propose simulators
which use the above mentioned principle but in the frequency
domain. The simulation technique proposed in [13] is an
improved version of the one proposed by Smith. Other channel
simulators have also been proposed based on Markov
processes [14]. These simulators have the advantage of being
able to continuously generate series of the samples with
infinite length.
All the aforementioned simulators assume the
distribution of the scattering component is isotropic. This
assumption is true for a typical macro-cellular environment,
where the mobile unit is surrounded by local scatterers and the
incoming waves arrive from many directions. However, in a
micro-cellular environment, the base stations' antennas are
only moderately elevated above the scatterers and therefore the
scattering distribution is usually non-isotropic.
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In this paper, the von-Mises p.d.f. is deployed to model
the non-isotropic scattering distribution. This model is used to
modify the originally simulator for the multipath faded signal
proposed by Jakes. Also, using this model, the power spectral
density (PSD) of the received signal at the mobile unit is
derived. The PSD is then used to modify the Clarke's
simulator. With the proposed simulation methods, one can
quantitatively change the scattering distribution. The
remainder of this paper is organized as follows: Section 2
describes the model for the received signal and gives its PSD.
The zero-crossing rate (ZCR) of the quadrature components of
the received signal is also derived in Section 2. In section 3,
the new simulators for a Rayleigh faded channel with nonisotropic scattering are presented. In Section 4, the ZCR of the
in-phase and quadrature components of the simulated signals
are compared with the theoretical values. Finally, the paper is
concluded in Section 5.
2.

MODEL AND STATISTICS OF THE RECEIVED SIGNAL
Fig. 1. The p.d.f.

2.1.

Model of the received signal

The scatter component of the received signal at the
mobile unit antenna follows the model given by:
x(t ) = xi (t ) cos(2π f c t ) − xq (t )sin(2π f c t )
(1)
where

xi (t ) and

xq (t ) are the in-phase and quadrature

components, respectively, and f c is the carrier frequency.
When the number of incoming waves is large, the envelope of
x(t ) in (1) is Rayleigh distributed at any time. In the presence
of a Line of Sight (LoS) component, it is appropriate to model
the received signal as consisting of a scatter component plus a
specular component, i.e.
y (t ) = x(t ) + mi cos(2π f c t ) − mq sin(2π f c t )
(2)

It can be easily verified that for χ = 0 the scattering
distribution is isotropic ( p(θ ) = 1/ 2π ), while for χ > 0 it is
non-isotropic and as χ increases, the incoming waves become
more directive. Fig. 1 shows the p.d.f. in (3) for χ = 5 and its
polar plot. The von-Mises p.d.f. will be used in Section 3.2 to
propose a new simulator based on Jakes' model.
2.2.

is used as a model for p(θ ) [15]. In (3), the parameter χ
determines the directivity of the incoming waves and I n (.) is
the modified Bessel function of the first kind of order n .
1

In the case of isotropic scattering, it is assumed that the arriving plane
waves arrive in from all directions with equal probability.

The PSD of the received signal
For a given scattering distribution p(θ ) , when a mono-

pole antenna in used the PSD of the signal x(t ) can be written
as [9,P. 47]
 3σ 2 ( p (θ ) + p (−θ ) )
; f − fc < f m


S X ( f ) =  4 f m2 − ( f − fc )2

; f − fc > f m
0


where m i and m q are constants. In this case, the envelope of
the received signal exhibits Ricean fading.
In a typical micro-cellular environment the assumption
of two dimensional isotropic scattering1 is not valid.
Therefore, a suitable model is needed for the scattering
distribution p(θ ) where θ is the angle of incidence of the
incoming wave. Here, the von-Mises p.d.f. which is given by:
1
p(θ ) =
e χ cosθ
; χ ≥ 0, −π ≤ θ ≤ π (3)
2π I 0 ( χ )

p(θ ) in (3) and its polar plot

(4)

where f m is the maximum Doppler frequency shift2 and σ 2 is
the variance of the in-phase and quadrature components. Note
that the PSD is centered about the carrier frequency with a
spectral width of 2 f m . Using the scattering distribution given
in (3) and cos θ = (f − f c ) / f m ([9,P. 47]), the PSD given in
(4) becomes:
f − fc

χ(
)

a0e fm
; f − fc < f m

S X ( f ) =  2π I ( χ ) f 2 − ( f − f )2
(5)
0
m
c

0
; f − fc > f m

2

The maximum Doppler frequency shift is defined as

f m = v / λ where

v is the velocity of the mobile unit and λ is the wavelength of the received
signal.
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0.4

The ZCR derived in (9) will be used in Section 4 to
validate the proposed simulators.
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Fig. 2. The basedband equivalent of the PSD given in (5) plotted for

χ = 0, 10 and f m = 50 Hz
where a0 = 3σ 2 / 2 . For χ = 0 the above equation reduces to
the PSD in the isotropic case given in [9,P. 48].
shows the basedband equivalent of the PSD S X ( f c ) for

two different values of χ assuming f m = 50 Hz . Note that the
bandwidth of the signal x (t ) is 2 f m and the PSD does not
have conjugate symmetry for χ > 0 . The PSD given in (5) will
be used in Section 3.1 to propose a new channel simulator
based on the Clarke's model to take into account the
distribution of the scatter component of the received signal.

2.3.

Based on the results given in[16], the ZCR1 of the inphase and quadrature components of x (t ) is derived as:

1
2π

a2
a0

(6)

where a2 the 2nd spectral moment of x (t ) and is defined as:

a2 = (2π )2

∫

∞

0

( f − f c )2 S X ( f ) df .

ZCR = f m

I0 (χ ) + I2 (χ )
2I0 (χ )

}

N N

 Al [k ] = Al [ N − 1 − k ] ; k = 2 , 2 + 1,..., N − 1

 B [k ] = − B [ N − 1 − k ] ; k = N , N + 1,..., N − 1
l
 l
2 2
(11)
Equations in (11) ensure that the complex sequence
{ Al [k ] + jBl [k ]} has conjugate symmetry. The complex
sequence

{ Al [k ] + jBl [k ]}

is multiplied

by the

filter

coefficients {H [k ]} , which are given by:

2 fm
− f m ) ; k = 0,1,..., N − 1 (12)
N −1
where S X (f ) is the PSD of the received signal given in (5).
The main difference between the modified model and
the original Clarke’s model is related to the filter coefficients.
The assumption of isotropic scattering in the original model
causes the filter coefficients be real while the condition of nonisotropic scattering in the modified model leads to complex
filter coefficients, H [k ] . It follows that the outputs,
y1[n], y2 [n] , are complex even when the inputs are real.
Hence two blocks are added in order to take the real part of
y1[n], y2 [n] .
An N-point IDFT is then performed on the multiplied
sequence i.e. Yi [k ] . Note that since for χ > 0 the sequence of
the filter coefficients does not have conjugate symmetry, the
signals y 1[n ] and y 2 [n ] are complex. The real parts of the Npoint IDFT of the filter outputs give the in-phase and
quadrature components of the received signal, xi [n] and xq [n]

(7)

Using (5) , a2 can be written as:

 I (χ ) + I2 (χ ) 
a2 = a0 (2π f m )2  0
.
2I0 ( χ )


Substituting (8) in (6), it can be easily shown that:

}{

H [k ] = S x (k

Statistics of the Received Signal

N ZCR =

Modified Clarke’s Simulator

The block diagram of the proposed simulator for a
multipath channel, which generates a sequence of N (an even
integer) samples of the envelope of the received signal, is
shown in Fig. 3. The sequences:
N
Al [k ] , Bl [k ] ; k = 0,1,..., − 1, l = 1, 2 (10)
2
are assumed to be zero-mean, statistically independent and
identically distributed (i.i.d.) normal random variates with
variance σ 02 , and:

0.1

Fig. 2

THE PROPOSED SIMULATORS

(8)

respectively. It can be easily shown that:

(9)

1

The ZCR is defined as the average numbers of positive-going zero crossings
per second.
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Fig. 3. The block diagram of the proposed channel simulator.


 xi [n] =



 xq [n] =


N −1



2π kn
2π kn 
− B1[k ]sin
N
N 

1
N

∑ H [k ]  A [k ]cos

1
N

2π kn
2π kn 

H [k ]  A2 [k ]cos
− B2 [k ]sin
N
N 

k =0

1

k =0
N −1

modified in order to generate samples of r [n ] in the
presence of additive noise. This is because in the presence of
additive noise, n (t ) with given PSD of S N (f ) , which is

(13)

∑

assumed to be statistically independent of x (t ) , the PSD of

x (t ) + n (t ) is given by: S X (f ) + S N (f ) .

Since any linear operation, such as the IDFT,
performed on jointly zero-mean Gaussian samples will yield
samples that also have a joint Gaussian distribution,
xi [n] and xq [n] are normally distributed with zero mean.
Also,

because

{ Al [k ]},{Bl [k ]} are

i.i.d.

3.2.

In [4], Jakes suggests a very effective method for
simulating the scatter component of the received signal.
Using the Jakes' method, the in-phase and quadrature
components of the signal x(t ) in (1) can be modeled as:

normal

random variates with variance σ 02 ,

 E{ Al [k ] Ap [m]} = E{Bl [k ]B p [m]} = σ 02δ [k − m]δ [l − p]

 E{ Al [k ]B p [m]} = 0 ; l = 1, 2 , p = 1, 2 , ∀k , m
(14)
it can be verified that:

σ 2 = E{xi2 [n]} = E{xq2 [n]} =

σ 02 N −1 2
H [k ]
N 2 k =0

∑

M

xi (t ) = ∑ cos ( 2π f m t cos(θ n ) + φn )
n =1
M

(18)

xq (t ) = ∑ sin ( 2π f m t cos(θ n ) + φn )
n =1

where M is the number of waves arriving at the MS antenna
and φn , n = 1, 2,..., M are assumed to be i.i.d. uniformly on

(15)

(0, 2π ) . In the Jakes' model the 2D isotropic scattering
environment is approximated by choosing the angle of
incidence of the M components to be uniformly distributed
on (0, 2π ) , i.e.,

The envelope of the received signal is then computed
using:

r[n] = xi2 [n] + xq2 [n].

Modified Jakes’ Simulator

(16)

It follows from the facts that both xi [n] and xq [n] are
zero-mean Gaussian distributed random variables with
variance σ 2 given in (15), that r [n ] is Rayleigh
distributed. In order to generate Ricean distributed envelope,
we may add constant values mi and mq to xi [n] and xq [n] ,

2π n
, n = 1, 2,..., M
(19)
M
Here, in order to approximate a 2D non-isotropic
environment with a given scattering distribution p(θ ) , the
angle of incidence of the nth component is chosen such that:
θn
1
(20)
∫0 p(θ ) dθ = M , n = 1, 2,..., M .
With the scattering distribution given in (3), the
equation (20) becomes:
θ n χ cosθ
1
1
e
dθ =
, n = 1, 2,..., M . (21)
∫
0
2π I 0 ( χ )
M

θn =

respectively. This would make r [n ] to be Ricean
distributed with Ricean K factor:
(mi2 + mq2 )
(17)
K=
2σ 2
One of the other main advantages of the proposed
simulator is that the filter coefficients, H [k ] , can be easily
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Equation (21) does not provide us with a closed form
solution for θ n . However, θ n can be obtained by
numerically solving the equation (21).
4.

5.

CONCLUSIONS

In this paper, we proposed two new simulators for a
typical multipath channel with non-isotropic scattering. In
the proposed simulators, one can quantitatively change the
scattering distribution. It was also shown that the proposed
simulators can generate samples of the Ricean distributed
envelope in the presence of additive noise. We showed that
the ZCR of the in-phase and quadrature components of the
simulated signals are very much close to the theoretical
values.

PERFORMANCE EVALUATION

Here, in order to validate the proposed simulators, the
ZCR of the in-phase and quadrature components of the
simulated signals are computed and compared with the
theoretical value given (9).
In Fig. 4 and Fig. 5, the ZCR of the in-phase and
quadrature components of the simulated signals using the
proposed simulators in the previous Section are plotted
against the theoretical values for different values of χ . The
simulation parameters for the modified Clarke’s model are:
f m = 25 Hz , N = 100 and for the modified Jakes’ model

6.
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are: f m = 25 Hz , M = 10.
It is seen that for both proposed simulators the ZCR of
the quadrature components are close to the theoretical
values. However, the results for the modified Clarke’s
method is much closer to the theoretical values than that of
the modified Jakes’ model.

Fig. 4. The ZCR of the in-phase component of the simulated signals using
the proposed simulators

Fig. 5. The ZCR of the quadrature component of the simulated signals
using the proposed simulators
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ABSTRACT
In this paper, we consider the problem of passive
localization and tracking of multiple sources in near
field. For high resolution source localization, the
multiple signal classification (MUSIC) algorithm can
be extended to its 2-D version by accounting for
spherical curvature and spreading factors in the array
manifold. For tracking the sources, simultaneous
estimation of x and y coordinates of sources using the
2-D MUSIC spectrum requires exhaustive two
dimensional search in each snapshot. To reduce the
computational complexity, an alternative Newton type
algorithm is proposed for target tracking. Simulation
results show good performance of the proposed
algorithms.
Index Terms— Source localization, near field,
MUSIC algorithm, tracking algorithm.

For near field sources, Huang and Barkat [5]
proposed a version of MUSIC algorithm which needs
search in bearing-range domain. Weiss and
Friedlander [6] proposed an algorithm which involves
search in the range domain combined with polynomial
rooting. Starer and Nehorai [7] developed an algorithm
based on path-following which can be used only with
uniform linear arrays.
In situations that the sensors or the sensor arrays
are distributed in a relatively vast region, it is better to
use two-dimensional Cartesian coordinates instead of
polar coordinates. In this paper, we use a twodimensional MUSIC algorithm for estimating the
Cartesian coordinates of the sources. In addition, we
develop a Newton type tracking algorithm for updating
these estimates in each snapshot. Therefore, the twodimensional search in each snapshot is avoided.
Simulation results are presented which show the good
performance of the proposed algorithm.
2. MODEL OF OBSERVATIONS

1. INTRODUCTION
In the last three decades, considerable efforts have
been made to estimate the parameters of the signals
arriving at the sensors of an array. Estimation of the
direction of arrival angles (DOAs) from the received
signals has attracted considerable interest in wireless
communication, radar, sonar, and mobile systems. The
classical subspace methods such as MUSIC [1]-[2] and
ESPRIT [3]-[4] are two of the most popular algorithms
for DOA estimation.
Localization of radiating sources by a passive
sensor array is an important problem in various
applications. The aforementioned methods and several
other algorithms that have been proposed for DOA
estimation assume that the sources are located in the
far field so that the propagating waves emanated from
them have planar wavefronts when reach the array.
When sources are close to the array, these wavefronts
can not be assumed to be planar anymore. Generally,
the wavefront curvature is spherical in the near field
region. So, the conventional DOA Estimation
algorithms cannot be used in this case.

We assume r near field omnidirectional sources at
unknown locations. The sources are emitting spherical
waves impinging on an array with n omnidirectional
sensors (n>r) where the locations of sensors are
arbitrary. Assume that the vector z ∈ C n contains
sensor outputs at each time instant. This vector
satisfies the following model at time instant m:
z (m) = A( x, y )s(m) + n(m)

where s ∈ C

r

(1)

is the vector of complex signal

amplitudes, n ∈ C n is an additive noise vector,
A(x,y)=[v(x1,y1),v(x2,y2),…,v(xr,yr)] ∈C n× r is the
matrix of the steering vectors, and xj and yj , j=1,2,…,r
are the coordinates of sources in Cartesian system. We
assume that the elements of s(m) are stationary random
processes, and the elements of n(m) are zero-mean
stationary random processes which are uncorrelated
with the elements of s(m). The v(xk,yk) elements in the
steering vector, depend on the geometrical structure of
the array and the sources. The complex response of the
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ith sensor to the kth impinging signal can be expressed
as

vi ( xk , yk ) =

1
2π
exp(− j
u )
λ ik
uik

(2)

where j is the unit imaginary number, λ is the
wavelength of the impinging waves, and uik is the
distance between the kth source and the ith sensor
defined as
1

u ik = [( x k − ~
xi ) 2 + ( y k − ~
yi ) 2 ] 2
(3)
~
~
where xi and yi (i=1,2,…,n) are the coordinates of
the sensors in Cartesian system. uik also represents the
spherical spreading factor. This factor is used for
describing the fact that the amplitude of a spherical
wave decays as the wave propagates away from the
source and is inversely proportional to the propagating
distance. We assume that both sensors and sources are
omnidirectional. d0 defines the minimum distance
between sources and sensors. Therefore, the SNR of
each of sensors for each source in (dB) can be obtained
as
( SNR ) ik = 10 log E{s 2k } − 10 log E{n i2 } − 10 log(u ik2 ) (4)

where ( SNR) ik is the SNR of the signal of the kth
source at ith sensor, E{s 2k } is the power of kth source
and E{n i2 } is the power of the noise of the ith sensor.
We assume that the noises of sensors are uncorrelated
and have equal powers.

are called as the signal and noise subspaces,
respectively.
The steering vector v(x,y) is defined as
2πu n T
2πu1
1
1
),...,
exp(− j
)] (8)
v( x, y ) = [ exp(− j
λ
λ
un
u1
where the transcript T denotes the transpose of a vector
and ui is defined by
1

u i = [( x − ~
xi ) 2 + ( y − ~
y i ) 2 ] 2 , i=1,2,…,n
(9)
The MUSIC estimates of the source locations in
Cartesian coordinate are calculated as the parameters
which minimize the following expression
P ( x, y ) = v H ( x, y )U N U HN v( x, y )
(10)
The estimates of the source locations can be obtained
also by the following normalized cost function [8]

Q ( x, y ) =

ˆ = 1
R
M

M

∑ z(i)z

H

(i )

(5)

i =1

where the transcript H denotes the conjugate
transposition and M determines the number of
snapshots. Let λi and ui (i=1,2,…,n) be the
eigenvalues and the corresponding orthonormal
eigenvectors of R̂ respectively. If the number of
signal sources r is less than n, then the eigenvalues of
R̂ which are sorted in descending order are given by:
λ1 > λ 2 > ... > λ r > λ r +1 = ... = λ n
(6)
The dominant eigenpairs ( λi , ui ) for i=1,..,r are
termed the signal eigenvalues and signal eigenvectors
while ( λi , u i ) for i=r+1,..,n are referred to as the noise
eigenvalues and noise eigenvectors. The column spans
of
U S = [u 1 ,..., u r ]
and
U N = [u r +1 ,..., u n ] (7)

(11)

Using Q has the advantage that the level of
background in MUSIC spectrum is equal for near and
far sources. At the same time, using Q causes a far
source to have a lower peak in the spectrum than a
near source with equal power. As far sources usually
produce high sidelobes in the spectrum, using P may
cause these sidelobes to be greater than real peaks that
are near to the sensors. The cost function Q reduces
the risk of encountering such situation by attenuating
peaks that are far from sensors. Thus, we use the cost
function Q for source localization.

3. TWO DIMENSIONAL MUSIC ALGORITHM
The one-dimensional MUSIC algorithm can be easily
modified to estimate the location of sources in twodimensional Cartesian coordinate system. Let R̂ be the
sample correlation matrix given by

v H ( x, y )U N U HN v ( x, y )
v H ( x, y ) v ( x, y )

4. A TRACKING ALGORITHM FOR NEAR
FIELD SOURCES
For localization of sources, one can search in two
dimensional (Cartesian coordinate system) once and
find the nulls of the normalized spectrum. But for
tracking the sources, simultaneous estimation of x –
coordinate and y – coordinate of source using the
normalized 2-D MUSIC spectrum, requires exhaustive
two dimensional search in each snapshot. To reduce
the computational complexity, an alternative Newton
type algorithm is proposed.
Suppose that the kth source exists in ith snapshot
and we want to track the source in (i+1)th snapshot.
Thus, according to the Newton algorithm, the
estimation of source location in (i+1)th snapshot can
be achieved by

ˆ k (i ) − ((∇ 2 P (w )) −1 ∇P( w ))
w k (i + 1) = w

ˆ k (i )
w =w

(12)
where
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ˆ k (i ) = [ xˆk (i ), yˆ k (i )]T
w

(13)

∂P ∂P
∇P = [ , ] T
∂x ∂y

(14)

⎡ ∂2P
⎢ 2
∂x
∇2P = ⎢ 2
⎢∂ P
⎢ ∂x∂y
⎣

∂2P ⎤
⎥
∂x∂y ⎥
∂2P ⎥
∂y 2 ⎥⎦

(15)

35
30
25

where xˆ k (i ) and yˆ k (i ) are the estimated coordinates

20
15

of the kth source in ith snapshot, ∇P and ∇ 2 P are the
gradient vector and Hessian matrix of P respect to x
and y. After some manipulations, we have

∂2P
= 2 Re{v Hxx U N U HN v} + 2 v Hx U N U HN v x
2
∂x
∂2P
= 2 Re{v Hyy U N U HN v} + 2 v Hy U N U HN v y
2
∂y

∂2P
= 2 Re{v Hxy U N U HN v + 2 v Hx U N U HN v y }
∂x∂y
where v x =

v xy =
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Figure 1. Two dimensional MUSIC spectrum
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, vy =
, v xx = 2 , v yy = 2 ,
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∂y
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∂ v
. Equations (12)-(20) describe the
∂x∂y

-20
-40

recursive adaptive algorithm for tracking the kth
source. For initialization, one can use the proposed two
dimensional MUSIC algorithm for estimation of the
primary locations of the sources.

-30
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0
SNR of each source at the origin

Figure 2. Mean square error of each source vs. SNR of
that source at the origin
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Target at [50 50]
Target at [45 20]

15
Mean square error (dB)

5. SIMULATION RESULTS
We consider two uniform linear arrays where the
number of sensors in each array is n=20 and the
distance between adjacent sensors in each array is
equal to half wavelength. We assume that the
wavelength is equal to 2. The first array is located
between the points (40,0) and (59,0) and the second
array is located between the points (0,40) and (0,59) in
Cartesian coordinate system. The noise processes of
sensors are uncorrelated white Gaussian processes
with equal powers. In all scenarios in this section, the
number of simulation runs used for obtaining each
point is equal to 100 and the step size used in
searching for peaks is 0.3.
In the first scenario, we investigate the
performance of the proposed two dimensional MUSIC
algorithm in estimating the source locations. To do so,
we consider two sources with equal powers that are
located at (50,50) and (45,20) in Cartesian coordinate
system. The SNR of the first and second sources at the

10

10
5
0
-5
-10
-15
-20
1
10

2

10
Number of snapshots

3

10

Figure 3. Mean square error vs. number of
snapshots for each source

origin is equal to -6.98 dB and -3.84 dB respectively.
Figure 1 shows the normalized MUSIC spectrum
(inverse of Q) for this scenario. It can be seen that two
sharp peaks appear in the spectrum that their locations
determine the estimated locations of the sources. To
evaluate the performance of the algorithm in each
SNR, the first scenario is repeated for various SNRs
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Figure 4. Two dimensional MUSIC spectrum

and the mean square error in each SNR is evaluated.
Figure 2 shows mean square error of the localization
algorithm for each source versus the SNR of that
source at the origin. The number of snapshots used in
figures 1 and 2 is equal to 1000.
To investigate the effect of number of snapshots
on the performance of the MUSIC algorithm, the mean
square localization error for each source is shown in
figure 3 versus number of snapshots. In this figure, the
SNRs of the two sources at the origin are equal to 6.98 dB and -3.84 dB, respectively.
In the second scenario, the performance of the
proposed tracking algorithm has been investigated. To
do so, we consider a constant velocity source that
changes its location from (20,20) to (50,50) in
Cartesian coordinate system. In this test, the source has
constant power but the SNR in origin changes from 10
dB to 3 dB during the motion. Number of snapshots
used in each run of the MUSIC algorithm was equal to
100. All 2-D MUSIC spectra obtained during this
location change are shown in figure 4. In figure 5, the
estimated trajectory of the source derived by the
proposed tracking algorithm is depicted. This figure
shows the high performance of the proposed algorithm
in tracking the source in this scenario.
Note that in the first scenario the MUSIC
estimates are obtained using cost function Q but, in the
second scenario cost function P is used for tracking
,however, figure 4 which is depicted using Q.
6. CONCLUSION
In this paper, we used a two-dimensional MUSIC
algorithm for source localization in Cartesian system.
This 2-D MUSIC algorithm is suitable for cases where
sources are in near field and sensors are distributed in
a relatively vast region. For tracking the sources,
finding the peaks of the two-dimensional MUSIC
spectrum is time consuming. To reduce the
computational complexity, a Newton type algorithm

25

30

35
X direction

40

45

50

Figure 5. Estimated trajectory of the source

was proposed that recursively estimated the positions
of the sources in Cartesian coordinate system. Two
scenarios were used to evaluate the performance of the
proposed estimation and tracking algorithms.
Simulation results showed that the algorithms are
successful in locating and tracking the sources.
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Abstract
Secure communications are paramount in today’s wireless
network system, where highly sensitive information is
delivered through mobile applications. Cryptographic
protocols are used to provide security services, such as
confidentiality, authentication and non-repudiation.
The
design of secure group key exchange protocols is one of many
important security issues in wireless networks. Recently,
Bresson et al. [1] proposed a mutual authentication and group
key exchange protocol suitable for a mobile wireless network
which consists of many resource constrained mobile nodes
and a powerful server. Nam et al. in [2] identified some
attacks on Bresson et al.’s protocol and proposed an improved
version which is supposed to fix the security flaws, but this
modified protocol also has some security flaws which are
identified by a formal verification of the protocol in this paper.
In this paper, the Bresson et al.’s and Nam et al.’s modified
group key exchange protocols are discussed. A formal
verification of these protocols using Coffey-SaidhaNewe(CSN) modal logic is given to detect protocol weakness.
The active attacks are presented to demonstrate the security
flaws detected by the formal verification.

number of users are likely to be involved. Recently, Bresson et
al.[1] proposed an authenticated group key exchange protocol
suitable for asymmetric wireless network that consists of
many resource-limited mobile nodes and a powerful node with
less restriction. The design goal of the protocol is to achieve
mutual authentication and forward secrecy while minimizing
the computational burden on low power mobile clients. In
paper [2], Nam et al. identified some possible active attacks on
Bresson et al.’s protocol and proposed an improved version to
fix those security flaws.
In this paper the Bresson et al.’s and Nam et al.’s modified
group key exchange protocols are discussed. The CoffeySaidha-Newe (CSN) logic is then presented and a formal
analysis of both security protocols is given. This analysis
clearly shows the problems that exist in the Bresson et al.’s
group key exchange protocol and how Nam et al’s modified
protocol fails to achieve its security goals. An active attack is
presented against Nam et al’s modified protocol to
demonstrate the weakness detected by the formal verification
analysis.
II.

REVIEW OF TWO GROUP KEY EXCHANGE PROTOCOLS

keywords: network securtiy, group key exchange, formal method,
modal logic, wireless communication.

I.

INTRODUCTION

With the rapid development of mobile applications, such as
wireless internet services, mobile access service and mobile ecommerce, it is clear that secure communication is essential
and important for their full adoption. However, most security
technologies currently deployed in wired networks are not
fully applicable to wireless networks involved in resourcelimited mobile nodes because of their low processing
capability and limited power supply which are inherent in the
mobility nature.
It is necessary that the cost of security-related operations
should be minimized for mobile devices, where the required
security services are not compromised. This requirement
makes the design of security protocols well suited for wireless
mobile networks more difficult, because most cryptographic
algorithms require many expensive computations. Protocols
for group key exchange are essential in building secure
multicast channels for mobile applications where a large

A.
Notations and Terms
Let U = {U1, U2,…, Un} be the initial set of low-power nodes
that want to generate a group key with powerful node S. Each
client as well as the base station holds a pair of secret/public
keys at the initialization phase before the protocol starts. The
following system parameters and notations are used to
describe the protocols in this section:
g and p are publicly known large primes
θ: denotes the set of all potential clients,
c: denotes counter, i.e. for GKE.Setup, the counter value is
initialized to zero.
SKi - a low-power node Ui’s secret key in Z *q .
PKi - a low-power node Ui’s public key such that PKi = gSKi
mod p.
SKS - the powerful node S’s secret key in Z *q .
PKs - the powerful node S’s public key such that PKs = gSKs
mod p.
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H() - a one-way hash function H with arbitrary length input
and a fixed length output[6], i.e.
{0,1}*→{0,1}k, where k is
the length of output.
Sign(SKi, m) - the signing algorithm based on ElGamal[7] or
DSA[8] schemes under Ui’s secret key SKi and the signed
message m.
GK: established session key that the participants shared with
the server.
K: The shared secret value.
σi : denotes the signature algorithm for participating clients of
message yi, σi =Sign(SKi, yi ), for i∈n
σs: denotes the signature algorithm for server of message
c||Ki||PKs, σs =Sign(SKs, c||Ki||PKs) for i∈n

B.
The Bresson et al.’s group key exchange protocol
The Bresson et al’s group key exchange protocol consists of
three algorithms: the setup algorithm GKE.Setup, the remove
algorithm GKE.Remove, and the join algorithm GKE.Join.
The main GKE.Setup algorithm allows a set of mobile users
and a wireless gateway (also called server) to agree on a
session key. The other algorithms of the protocol aim to
efficiently handle dynamic membership changes of clients in
the wireless region.
Mobile Ui
xi ∈ RZ *

q;

yi = gxi mod p;
αi = PKs xi mod p;

C.
The Nam et al.’s group key exchange protocol
Nam et al. demonstrate the insecurity of the Bresson et al’s
protocol by presenting some active attacks against implicit key
authentication, forward secrecy, and known key security. The
authors applied a replay attacks to demonstrate the security
flaws in implicit key authentication of the protocol.
To overcome the attacks and to provide the implicit key
authentication, Nam et al. improved the protocol.
Initialization phase:
During the initialization phase, each potential participant
(including both the server and the clients) generates the
signing private/public keys (SK, PK) by running the key
generation algorithm of a signature scheme.

Server S
yi, σi

αi = yi SKs
S then initializes the counter c to 0, and computes the shared
secret value
K=H(C||α1||α2||..||αn)
and
Ki=K ⊕ H(C|| αi)
The server S sends to each clients Ui the values (c, Ki).
Upon receiving c and Ki, client Ui recovers the shared secret
value K as
K=Ki ⊕ H(c|| αi)
Finally, both the server and the clients compute the same
session key as:
GK= H(K||U||S)

αi = yi SKs
K=H(c||α1||α2||..||αn)
Ki=K ⊕ H(c|| αi)

Modified setup algorithm
Mobile Ui

c, Ki
K=Ki ⊕ H(c|| αi)
GK= H(K||U||S)

xi ∈ RZ *q

GK= H(K||U||S)

;

Server S
yi, σi

xi

yi = g mod p;
αi = PKs xi mod p;
K=Ki ⊕ H(c|| αi)
GK= H(K||U||S)

Figure 1. Bresson et al.’s group key exchange protocol
The GKE.Setup algorithm
The algorithm executes in two rounds. In the first round, S
collects contributions from individual clients and then, in the
second round, it sends the group keying material to the clients.
The actual protocol proceeds as follows:
Step 1: Each clients Ui chooses a random xi ∈ RZ *q and
computes
yi = gxi
αi = PKs xi
Client Ui then signs yi to obtain signature σi and sends (yi, σi) to
the server S.

c, Ki,, PKs, σs

SKs ∈ RZ *q
PKS=gSKs
αi = yi SKs
K=H(c||α1||α2||..||αn)
Ki=K ⊕ H(c|| αi)

GK= H(K||U||S)

Figure 2. Nam et al.’s improved protocol
The changes made were as follows:
1. Mobile clients will not know public key of Server S until
step 2; the computation of αi = PKs xi mod p is shifted
from step 1 to step 2 on the client side.
2. Server S generate its signing private/public keys (SKs,
PKs) after step 1, and sign the message c||Ki||PKs to
obtain signature σs, and broadcasts (c, (Ki)i∈n,PKs, σs) to
the clients.

Step 2: For all i∈n, The server S verifies the signature σi , and
computes
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III.

THE CSN LOGIC LANGUAGE

The CSN [4] logic provides a means of verifying hybrid
cryptographic protocols. The logic can analyse the evolution
of both knowledge and belief during a protocol execution and
is therefore useful in addressing issues of both security and
trust. The inference rules provided are the standard inferences
required for natural deduction and the axioms of the logic are
sufficiently low-level to express the fundamental properties of
hybrid cryptographic protocols, such as the ability of a
principal to encrypt/decrypt based on knowledge of a
cryptographic key. The logic is capable of analysing a wide
variety of hybrid cryptographic protocols because the
constructs of the logic are general purpose and therefore
provide the user with increased flexibility allowing him to
develop his own theorems.
The underlying assumptions of the logic can also be stated
as: The communication environment is hostile but reliable; the
cryptosystems used are ideal. That is, the encryption and
decryption functions are completely non-invertible without
knowledge of the appropriate cryptographic key and are
invertible with knowledge of the appropriate cryptographic
key; Key’s used by the system are considered valid if they
have not exceeded their validity period and only known by the
rightful owner(s).
A.
The CSN Logic Language
 a,b,c,..., general propositional variables
 Φ, an arbitrary statement
 Σ and Ψ, arbitrary entities
 i and j, individual entities
 ENT, the set of all possible entities
 k, a cryptographic key. In particular, kΣ is the public key of
entity Σ and kΣ-1 is the corresponding private key of entity Σ
 t, t', t''... represents moments in time.
 t1, t2, t3… represents time after each step of a protocol. For
example, t1 represents time after step 1 of a protocol has
completed
 e(x,kΣ), encryption function, encryption of x using key kΣ
 d(x,kΣ-1), decryption function, decryption of x using key kΣ-1
 ks(ΣΣ,Ψ
Ψ) Shared secret key for entities Σ and Ψ.
 KS{ΣΣ,Ψ
Ψ} Set of good shared keys for entities Σ and Ψ.
 ss(ΣΣ,Ψ
Ψ) Shared secret for entities Σ and Ψ (secret can be
fresh).
 SS{ΣΣ,Ψ
Ψ} Set of good shared secrets for entities Σ and Ψ.
 E(x, ks(ΣΣ,Ψ
Ψ)), Encryption of plaintext message x using the
shared secret key of entities Σ and Ψ.
 D(x, ks(ΣΣ,Ψ
Ψ)), Decryption of ciphertext message x using the
shared secret key of entities Σ and Ψ.
 K, propositional knowledge operator (true or false
evaluation) of Hintikka. KΣ,tΦ means Σ knows statement Φ
at time t.
 L, knowledge predicate (assigns an object a property). LΣ,tx
means Σ knows and can reproduce object x at time t.
 B, belief operator. BΣ,tΦ means Σ believes at time t that
statement Φ is true.

 C, 'contains' operator. C(x,y) means that the object x
contains the object y. The object y may be clear text or
cipher text in x.
 S, emission operator. S(Σ
Σ,t,x) means Σ sends message x at
time t.
 R, reception operator. R(Σ
Σ,t,x) means Σ receives message x
at time t.
 A, authentication Operator. A(Σ
Σ,t,Ψ
Ψ) means that Σ
authenticates Ψ at time t.
The language includes the classical logical connectives of
conjunction (∧
∧), disjunction (∨
∨), complementation (¬
¬) and
material implication (→
→). The symbols ∀ and ∃ denote
universal and existential quantification respectively. ∈
indicates membership of a set and / denotes set exclusion. The
symbol
denotes a logical theorem. The logic does not
contain specific temporal operators, but the knowledge, belief
and message transfer operators are time-indexed.
B.

Inference Rules
The logic incorporates the following rules of inference:
R1: From p and
(p→ q) infer
q
KΣ,tp;
R2: (a) From p infer
(b) From p infer
BΣ,tp
R1 is the Modus Ponens and states that if schema p can be
deduced and (p → q) can be deduced, then q can also be
deduced. R2 consists of the Generalisation rules which state
that if p is a theorem, then knowledge and belief in p are also
theorems.
The logic also includes the following standard
propositional rules of natural deduction:
R3: From (p ∧ q) infer p
R4: From p and q infer (p ∧ q)
C.

Axioms
Two types of axioms are used in this logic, logical and
non-logical. Logical axioms are general statements made in
relation to any system, while non-logical are system specific.
Logical Axioms
The logic includes the following standard modal axioms
for knowledge and belief:
A1: ∃t∃p∃q(KΣ,tp ∧ KΣ,t(p → q) → KΣ,tq)
A2: ∃t∃p(KΣ,tp → p)
The axiom A1 is application of the Modus Ponens to the
knowledge operator. The axiom A2 is called the knowledge
axiom and is said to logically characterise knowledge. If
something is known, then it is true. This property distinguishes
between knowledge and belief.
A3: (a) ∃t∃x∃i,i∈{ENT}(Li,tx → ∀t',t'≥t Li,t'x);
(b) ∃t∃x∃i,i∈{ENT}(Ki,tx → ∀t',t'≥t Ki,t'x)
Axioms A3 (a) and A3(b) asserts that knowledge, once gained,
cannot be lost.
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A4: ∃t∃x∃y(∃i,i∈{ENT}Li,ty∧C(y,x) →∃j,j∈{ENT}Lj,tx)
If a piece of data is constructed from other pieces of data, then
each piece of data involved in the construction must be known
to some entity.

(a) ∃t∃x∃i,i∈{ENT}( ¬Li,t ks(Σ,Ψ) ∧ ∀t',t' < t, ¬Li,t'(E(x,
ks(Σ,Ψ))) ∧¬(∃y( R(i,t,y) ∧ C(y,E(x, ks(Σ,Ψ))))) → ¬Li,t(E(x,
ks(Σ,Ψ))))

Non-logical Axioms

ks(Σ,Ψ))) ∧¬(∃y( R(i,t,y) ∧ C(y,D(x, ks(Σ,Ψ))))) → ¬Li,t(D(x,
ks(Σ,Ψ))))
Axiom 12 refers to the inability of an entity to encrypt or
decrypt data without knowledge of the appropriate shared
secret key.
A13: ∀t((∀i,i∈{ENT/Σ,Ψ}¬Li,tks(Σ,Ψ) ∧ ∃j,j∈{Σ,Ψ}Lj,tks(Σ,Ψ))

The non-logical axioms reflect the underlying assumptions
of the logic. These assumptions relate to the emission and
reception of messages and to the use of encryption and
decryption in these messages.
A5: ∃t∃x( S(Σ,t,x) → LΣ,tx ∧ ∃i,i∈{ENT/Σ}∃t',t'>t R(i,t',x) )
The emission axiom A5 states that: if Σ sends a message x
at time t, then Σ knows x at time t and some entity i other than
Σ will receive x at time t' subsequent to t.
A6: ∃t∃x( R(Σ,t,x) → LΣ,tx ∧ ∃i,i∈{ENT/Σ}∃t',t'<t S(i,t',x) )
The reception axiom A6 states that: if Σ receives a
message x at time t, then Σ knows x at time t and some entity i
other than Σ has sent x at time t' prior to t.
A7: (a)∃t∃x∃i,i∈{ENT}( Li,tx ∧ Li,tkΣ→Li,t(e(x,kΣ)))
(b)∃t∃x∃i,i∈{ENT}(Li,tx∧Li,tkΣ1→Li,t(d(x,kΣ-1)))
Axioms A7(a) and A7(b) refer to the ability of an entity to
encrypt or decrypt a message when it has knowledge of a
public or private cryptographic key.
A8: (a)∃t∃x∃i,i∈{ENT}(¬Li,tkΣ ∧∀t',t'<t ¬Li,t'(e(x,kΣ)) ∧
¬ (∃y( R(i,t,y)∧C(y,e(x,kΣ)))) → ¬Li,t(e(x,kΣ)))
(b)∃t∃x∃i,i∈{ENT}(¬Li,tkΣ-1 ∧∀t',t'<t ¬Li,t'(d(x,kΣ-1))
∧¬(∃y( R(i,t,y) ∧ C(y,d(x,kΣ-1))))→ ¬Li,t(d(x,kΣ-1)))
Axioms A8 (a) and A8(b) refer to the impossibility of
encrypting or decrypting a message without knowledge of the
correct key. Axiom A8(a) states that if an entity does not
know k at t and does not know, prior to t, the encryption e(x,
kΣ) and also does not receive e(x, kΣ) at t in a message, then
the entity cannot know e(x, kΣ) at time t. Axiom A8b makes a
similar statement for the decryption of a message x without
knowledge of the decryption key.
A9: ∀t(∀i,i∈{ENT}Li,tki-1 ∧ ∀j,j∈{ENT/i}¬Lj,tki-1)
The key secrecy axiom (A9) states that the private keys
used by the system are known only to their rightful owners.
A10: ∃t∃x(∃i, i∈{ENT}Li,td(x,kΣ-1) → LΣ,tx)
Axiom A10 states that if an entity knows and can
reproduce d(x, kΣ-1) and kΣ at time t then it knows and can
reproduce x, this implies that this entity knows at time t that Σ
knows and can reproduce x prior to t.
A11:
(a) ∃t∃x∃i,i∈{ENT} ( Li,tx ∧ Li,tks(Σ,Ψ) → Li,t(E(x, ks(Σ,Ψ))))
(b) ∃t∃x∃i,i∈{ENT} ( Li,ty ∧ C(y,E(x, ks(Σ,Ψ))) ∧ Li,tks(Σ,Ψ)
→ Li,t(D(x, ks(Σ,Ψ))))
Axiom 11 refers to the ability an entity has to encrypt or
decrypt a message using a symmetric system when it has
knowledge of a secret key.
A12:

(b) ∃t∃x∃i,i∈{ENT}( ¬Li,t ks(Σ,Ψ) ∧ ∀t',t' < t, ¬ Li,t'(D(x,

→ ks(Σ,Ψ)∈{KS{Σ,Ψ}}))
Axiom 13 states that only the rightful owners of a shared
secret key know that key and this implies that this key is a
good key.
A14: ∀t((∀i,i∈{ENT/Σ,Ψ}¬Li,tss(Σ,Ψ)∧ ∃j,j∈{Σ,Ψ}Lj,tss(Σ,Ψ))
→ ss(Σ,Ψ)∈{SS{Σ,Ψ}}))
Axiom 14 states that only the rightful owners of a shared
secret know that secret and this implies that this is a good
secret.
A15:
(a)∃x∃t(A(Σ,t,Ψ)→(LΣ,tss(Σ,Ψ)∧ss(Σ,Ψ)∈{SS{Σ,Ψ}}∧R(Σ,t,x)∧C(x
,ss(Σ,Ψ))∧∀t',t'<t¬S(Σ,t',x))→ KΣ,t(S(Ψ,t',x))))
(b)∃x∃t(A(Σ,t,Ψ)→(LΣ,tkΨ∧LΣ,tx∧R(Σ,t,y)∧C(y,e(x,kΨ-1)))→
(∀t’, t’ < t, KΣ,t(S(Ψ,t',y))))
A15 (a) states: If Σ knows a secret ss(Σ,Ψ) that it shares with
Ψ (the secret can be fresh), and this secret is a good secret,
and Σ receives a message containing ss(Σ,Ψ) at t that it did not
send, then Σ knows that Ψ sent this message prior to t.
A15 (b) states: If Σ knows the public key of Ψ (kΨ) and
message x, and if Σ receives a message y containing e(x, kΨ-1)
then Σ knows that Ψ sent message y prior to t.
IV.

FORMAL ANALYSIS OF BRESSON ET AL’S PROTOCOL

Bresson et al.’s key exchange protocol was discussed in
section 2. In this section the CSN logic [4] is applied to the
protocol to check whether any security weakness or flaws
exist in its specifications.
A.
Goals of the protocol
The goals of the key exchange protocol are defined as follows:
Goal 1 states that the Server S knows it will obtain value yi,
where yi = gxi mod p and a signed message from Ui containing
value yi,
Goal 2 states that the low power node Ui will obtain a message
from S containing the counter c and shared secret value Ki
Goal 1 : KS, t1( ∃ t, t<t1, S (Ui, t, X) ∧ C(X, (yi, e(yi, KU-1))),
for all i∈n
Goal 2 : KUi, t2( ∃ t, t1<t<t2, S(S, t, X) ∧ C(X, (c, Ki))), for
all i∈n
Figure 3. Goals of Bresson et al.’s protocol
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B.

Initial assumptions

1: ∀ i, ∀ t, i ∈ {ENT}(Li,tKUi ∧ Li,tKS)
2 : BS, t0( ∀ i, i ∈ {ENT/Ui}, ∀ t, t0<t<t1, ¬ Li,t1yi )
3 : Ks, t0 ( ∀ i, i ∈ {ENT/S}, t1<t<t2, ¬ Li, t K ∧ ¬ Li, tKi
∧ ¬ Li,t GK)
4 : LUi, t0 KUi-1 ∧ KUi,t0( ∀ t, ∀ i, i ∈ {ENT/Ui}, ¬ Li,tKUi-1)
5: LS,t0 KS-1 ∧ KS,t0( ∀ t, ∀ i, i ∈ {ENT/S}, ¬ Li,tKS-1)
Figure 4. Initial assumptions of Bresson’s protocol
Assumption 1 states that the public keys of Ui and S are know
to all entities.
Assumption 2 refers to the fact that yi is generated entirely by
node Ui, there is no timestamp or nonce utilized to establish
the freshness of yi , therefore S only believes in the freshness
of x, as it has no knowledge of it.
Assumption 3 states that Server S generates the fresh group
key K, shared secret Ki, and session key GK and as such it
knows that no entity has knowledge of K, Ki and GK before
step2 of the protocol.
Assumption 4 states that the private key of Ui (KUi-1) is known
only to Ui.
Assumption 5 states that the private key of server S is know
only to S.
C.

Analysis of the message exchanges

The following messages are exchanged during the operation of
Bresson et al’s key exchange protocol.
Step 1: Ui → S: yi, Sign(SKi, yi ),
Step 2: S → Ui: C, Ki;
Rewriting each step in the language of the CSN logic we get:
Step 1:
KS,t1 (R(S,t1,X) ∧ C(X, (yi,e(yi, KUi-1))))
This states that S knows at time t1 that it will receive a
message X from a participant node Ui where i ∈ {1,2,…,n},
and this message contains yi and a signature of yi using the
secret key of Ui, where yi = gxi mod p and xi is a random value
selected from RZ *q .
Applying Axiom A2:
R(S,t1,X) ∧ C(X, (yi,e(yi, KUi-1)))
Applying Axiom A6 and Inference Rule R2:
LS,t1 X ∧KS,t1 ( ∃ i, i ∈ {ENT/S}, ∃ t, t<t1, S(i,t, X)) ∧C(X,
(yi,e(yi, KUi-1)))
Applying Inference Rule R3:
KS,t1 ( ∃ i, i ∈ {ENT/S}, ∃ t, t<t1, S(i,t, X)) ∧C(X, (yi,e(yi,
KUi-1))
Using Assumption 4 states that only Ui has knowledge of
private key KUi-1. This gives S the identity of the entity
sending the signature:
KS, t1( ∃ t, t<t1, S (Ui, t, X) ∧ C(X, (yi, e(yi, KU-1))))

Using assumption 2 which states that S has no knowledge of
the freshness of yi , this assumption allows the above
expression to be rewritten as an expression of belief rather
than knowledge:
BS, t1( ∃ t, t<t1, S (Ui, t, X) ∧ C(X, (yi, e(yi, KU-1)))) : !Goal 1
Only belief achieved, not knowledge
The goal of the timely arrival of the signature and yi is not
achieved. This is due to the fact that the signature and yi could
be compromised because of the fact that only trust and not
knowledge in the freshness of yi is established by assumption
2. Thereby leaving the scheme opens to some active attacks as
presented by Nam et al in [2].
Step 2:
KUi,t2 (R(Ui,t2,X) ∧ C(X, (c, Ki)))
This states that Ui knows at time t2 that it will receive a
message which contains the counter c, and shared secret Ki.
Applying Axiom A2 to reduce the formula: R(Ui,t2,X) ∧ C(X,
(c, Ki))
Applying Axiom A6 and Inference Rule R2:
LUi,t2X∧KUi,t2( ∃ i, i ∈ {ENT/Ui}, ∃ t, t<t2, S(i,t,X)) ∧C(X,
(c, Ki))
Applying Inference Rule R3:
KUi,t2( ∃ i, i ∈ {ENT/Ui}, ∃ t, t<t2, S(i,t,X)) ∧C(X, (c, Ki))
Using Assumption 3 states that the counter c and shared
secret key Ki are only known to Server S and no other entity
has knowledge of c and Ki before step 2 of the protocol.
This gives Ui the identity of the entity sending the counter
and shared secret key. Using Assumption 3 also establishes
the time when c and Ki are generated:
KUi, t2( ∃ t, t1<t<t2, S(S, t, X) ∧ C(X, (c, Ki)))
(Bres1)
Given that c and Ki are not known there is no way for clients
to check whether the values c and Ki are indeed from the
authentic server S or not. Neither certificate nor
authentication algorithm is utilized to authenticate Server S.
Another initial assumption may be introduced:
Bui,to( ∃ t, t<t2, S(S, t,X) ∧ C(X,(c,Ki))) :Initial assumption 6
This new assumption allows expression Bres1 to be
rewritten as an expression of belief rather than knowledge:
:!Goal 2
BUi, t2( ∃ t, t1<t<t2, S(S, t, X) ∧ C(X, (c, Ki)))
Only belief achieved, not knowledge
This means that Goal 2 should be an expression of belief
rather than knowledge. This presents a possible weakness that
will allow a rogue entity to present itself as Server S.
D.
Summary
In summary, the Bresson et al’s key exchange protocol has
many weakness associated with it. The Lack of data freshness
and sufficient entity authentication are the main weaknesses
highlighted here by the formal analysis. Nam et al. in [2]
discovered the weakness in Goal 1 and applied an attack to
impersonate a client in the group and replay the previous
message and signature to pass the authentication in Server S. It
then was able to gain the information from the server
necessary to compute the group session key. This problem has
been highlighted in key-exchange protocols in the past due to
mutual key agreement not being implemented [3]. The
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weakness identified in goal 2 is new, which is not identified in
[2]. This security weakness will allow the adversary to
masquerade as Server S and make the participant clients to
share the session key given by adversary.

C.
Message exchanges of the Nam et al.’s protocol
The following messages are exchanged during the operation of
Nam et al’s key exchange protocol.
Step 1: Ui → S: yi, Sign(SKi, yi ),

V.

FORMAL ANALYSIS OF NAM ET AL’S PROTOCOL

Step 2: S → Ui: c, Ki, PKs, Sign(SKs, c||Ki||PKs)

A.
Goals of the Nam et al.’s protocol
The goals of the protocol are defined as follows:
Goal 1 states that the Server S knows it will obtain value yi,
where yi = gxi mod p and a signed message from Ui containing
value yi,
Goal 2 states that the low power node Ui will obtain a message
from S containing the counter c and shared secret value Ki
Goal 1 : KS, t1( ∃ t, t<t1, S (Ui, t, X)
for all i∈n

∧ C(X, (yi, e(yi, KU-1))),

Rewriting each step in the language of the CSN logic we get:
Step 1:
KS,t1 (R(S,t1,X) ∧ C(X, (yi,e(yi, KUi-1))))
This states that S knows at time t1 that it will receive a
message X from a participant node Ui where i ∈ {1,2,…,n},
and this message contains yi and a signature of yi using the
secret key of Ui, where yi = gxi mod p and xi is a random value
selected from RZ *q .
Applying Axiom A2:
R(S,t1,X) ∧ C(X, (yi,e(yi, KUi-1)))
Applying Axiom A6 and Inference Rule R2:
LS,t1 X ∧KS,t1 ( ∃ i, i ∈ {ENT/S}, ∃ t, t<t1, S(i,t, X)) ∧C(X,
(yi,e(yi, KUi-1)))
Applying Inference Rule R3:
KS,t1 ( ∃ i, i ∈ {ENT/S}, ∃ t, t<t1, S(i,t, X)) ∧C(X, (yi,e(yi,
KUi-1))
Using Assumption 4 states that only Ui has knowledge of
private key KUi-1. This gives S the identity of the entity
sending the signature:
KS, t1( ∃ t, t<t1, S (Ui, t, X) ∧ C(X, (yi, e(yi, KU-1))))
Using assumption 2 which states that S has no knowledge of
the freshness of yi, this assumption allows the above
expression to be rewritten as an expression of belief rather
than knowledge:

Goal 2 : KUi, t2( ∃ t, t1<t<t2, S(S, t, X) ∧ C(X, (c, Ki,, PKs, e
((c, Ki,, PKs), Ks-1 )))), for all i∈n
Figure 5. Goals of the improved protocol
B.

Initial assumptions of the Nam et al.’s protocol

1: ∀ i, ∀ t, i ∈ {ENT}(Li,tKUi)
2 : BS, t0( ∀ i, i ∈ {ENT/Ui}, ∀ t, t0<t<t1, ¬ Li,t1yi )
3 : Ks, t0 ( ∀ i, i ∈ {ENT/S}, t1<t<t2, ¬ Li, t K ∧ ¬ Li, tKi
∧ ¬ Li,t GK)
4 : LUi, t0 KUi-1 ∧ KUi,t0( ∀ t, ∀ i, i ∈ {ENT/Ui}, ¬ Li,tKUi-1)
5: LS,t0 KS ∧ KS,t0( ∀ i, i ∈ {ENT/S}, ∀ t, t<t2, ¬ Li,tKS)
6:BUi,t0( ∀ i, i ∈ {ENT/S}, ∀ t, t1<t<t2, ¬ Li,tKS)
Figure 6. Initial assumptions of the improved protocol
Assumption 1 states that the public key of Ui is known to all
entities.
Assumption 2 refers to the fact that yi is generated entirely by
node Ui, there is no timestamp or nonce utilized to establish
the freshness of yi , therefore S only believes in the freshness
of x, as it has no knowledge of it.
Assumption 3 states that Server S generates the fresh group
key K, shared secret Ki, and session key GK and as such it
knows that no entity has knowledge of K, Ki and GK before
step2 of the protocol.
Assumption 4 states that the private key of Ui, (KUi-1) is known
only to Ui.
Assumption 5 states that Server S generates the new public
key KS, and as such it knows that no entity has knowledge of
KS before step 2 of the protocol.
Assumption 6 refers to the fact that the public key KS is
generated entirely by Server S. Therefore Ui only believes in
KS, as it has no knowledge of it.

BS, t1( ∃ t, t<t1, S (Ui, t, X)

∧ C(X, (yi, e(yi, KU-1))))

: !Goal 1

Only belief achieved, not knowledge
The goal of the timely arrival of the signature and yi is not
achieved. This is due to the fact that the signature and yi could
be compromised because of the fact that only trust and not
knowledge in the freshness of yi is established by assumption
2.
Step 2:
KUi,t2 (R(Ui,t2,X) ∧ C(X, (c, Ki,, Ks, e ((c, Ki,, Ks), Ks-1 ))))
This states that Ui knows at time t2 that it will receive a
message which contains the counter c, and shared secret Ki.
Applying Axiom A2 to reduce the formula: R(Ui,t2,X) ∧
C(X, (c, Ki,, Ks, e ((c, Ki,, Ks), Ks-1 )))
Applying Axiom A6 and Inference Rule R2:
LUi,t2X∧KUi,t2( ∃ i, i ∈ {ENT/Ui}, ∃ t, t<t2, S(i,t,X)) ∧ C(X,
(c, Ki,, Ks, e ((c, Ki,, Ks), Ks-1 ))))
Applying Inference Rule R3:
KUi,t2( ∃ i, i ∈ {ENT/Ui}, ∃ t, t<t2, S(i,t,X)) ∧ C(X, (c,
Ki,,,Ks, e ((c, Ki,, Ks), Ks-1 ))))
Using Assumption 3 states that the counter c and shared
secret key Ki are only known to Server S and no other entity
has knowledge of c and Ki before step 2 of the protocol.
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This gives Ui the identity of the entity sending the counter
and shared secret key. Using Assumption 3 also establishes
the time when c and Ki are generated:
KUi, t2( ∃ t, t1<t<t2, S(S, t, X) ∧ C(X, (c, Ki,, Ks, e ((c, Ki,,
Ks), Ks-1 ))))
Using assumption 6 which states that Ui has no knowledge
of the new generated public key KS, this assumption allows
the above expression to be rewritten as expression of belief
rather than knowledge:
Bui,to( ∃ t, t<t2, S(S, t,X) ∧ C(X, (c, Ki,, Ks, e ((c, Ki,, Ks), Ks-1
)))) :!Goal 2
Only belief achieved, not knowledge
This presents a possible weakness that will allow a rogue
entity to present itself as Server S.
D.
Attacks on the Nam et al.’s protocol
The formal verification of Nam et al.’s group key exchange
protocol shows there are security flaws are detected, and one
of them allows a rogue entity to masquerade as Server S and
share the session key with clients.
To show that the modified protocol is insecure, an
impersonating attack is applied as follows:
1.

2.

In the first step of the protocol, the adversary A
eavesdrops and records the transmitted messages (yi,
σi) from Ui for all i∈n.
Adversary masquerades as Server S and generate
PKs’=gSKs’, where SKs’

∈

RZ

*
q

;

Adversary

Consequently, implicit key authentication is not guaranteed in
the modified protocol, as the adversary can masquerade as the
server, This weakness also make the protocol vulnerable to
reply attacks as such the adversary repeat the messages {c,
{Ki} i∈n, PKs, σs} in the previous run of the protocol, clients
are impossible to detect this attack as they has no knowledge
of the public key PKs before step 2 of the protocol.
VI.

In this paper two group key exchange protocols for low power
mobile network were discussed, the Bresson et al’ s and Nam
et al.’s protocols.
The verification of Bresson et al.’ protocol presented in this
paper highlighted a number of weaknesses in the protocol. The
analysis of the Nam et al.’s modified protocol shows that the
improved protocol doesn’t fix the problem and is still
vulnerable to active attacks.
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computes:

3.

αi’ = yi SKs’
Adversary gives K’ a random number and computes:
Ki’= K’ ⊕ H(c|| αi’ ) for all i∈n,
with the assumption that hash function H() is exposed
to A
The adversary A signs the message c||{Ki’} i∈n||PKs’
use the private key SKs’ to obtain signature σs’ and
broadcasts { c, {Ki’} i∈n, PKs’, σs’} to the clients.
upon receiving { c, {Ki’} i∈n, PKs’, σs’}, each client
Ui verifies the signature σs’ using the public key PKs’
given by the adversary, computes
αi = yi SKs
and then get the shared secret value produced by
adversary K’ as
K’= K’ ⊕ H(c|| αi’ )
Finally, both adversary and clients shared the same
session key as:
GK= H(K||U||S)

CONCLUSIONS
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In this paper we present methods enabling
the analysis of the wireless local area network
(WLAN) signals. Presented procedures enable
estimation the basic parameters of the signal,
identification of the standard and provide
knowledge concerning essential information
about the working network. Efficiency tests of
proposed method of analysis are also
introduced in the work. The Bit Error Rate
(BER) is accepted as the basic merit of the
transmission quality.

2. Problems of WLAN signals analisys
At present there is a lot of standards used
for the wireless transmission. In ISM (Industry,
Science, Medicine) and U-NII (Unlicensed
National Information Infrastructure) band the
following systems are the most popular:
HIPERLAN, HIPERLAN2, 802.11a/b/g, Wi-Max
802.16a and Bluetooth. They use different
techniques of modulation and exploit channels
with various bandwidths that give variable
throughput. Table 1. contains basic parameters
of quoted above systems. Some of them use
the shareable sets of frequency channels that
require an effective recognition of the working
system. At present, to analyze such signals
specialized devices (e.g. spectrum analyzers)
or
dedicated
software
are
used
[1][4][5][6][7][8]. However they have many
limitations resulting from the need of general
purpose construction. Devices or software
dedicated to a specific set of standards would
be more useful. To identify WLAN standard it
seems to be most important to estimate
parameters like: carrier frequency, bandwidth
of the channel, Signal to Noise Ratio (SNR),
throughput, type of the applied modulation,
number of stations in the network, format of
transmitted frame and mode of the network
operation [2].

1. Introduction
Demands on the wireless digital systems
are constantly growing. Systems are expected
to be faster, safer, interferences resistant and
should effectively use available frequency
band. It causes development and introduction
of new extensions of the 802.11standard. They
guarantee better quality of services (802.11e),
the assurance of the safety (802.11i) and
dynamic management of radio frequencies and
power of the transmitter (802.11h). To provide
proper operation of such systems, sometimes
it is necessary to have a possibility to monitor
wireless networks work, detect potential
threats, study compatibility with other systems
and identify the sources of interferences.

System

Bluetooth

802.11b

Band

ISM

ISM

Channel
bandwidth

1 MHz

22 MHz

Modulation
type
Number of
subcarriers
Number of
pilots
Throughput

FHSS
(GFSK)

Up to 3
Mb/s

DSSS
(DBPSK,
DQPSK,
CCK)

Up to 11
Mb/s

802.11g/
802.11a
ISM/
U-NII
20 MHz
OFDM
(BPSK,
QPSK,
16QAM,
64QAM)

HIPERLAN

HIPERLAN2

U-NII

U-NII

23,5 MHz

20 MHz

GMSK

OFDM
(BPSK,
QPSK,
16QAM,
64QAM)

WiMax
802.16a
2-11
GHz
1,5-20
MHz
OFDM
(QPSK,
16QAM,
64QAM)
256

52

52

4

4

4-24

Up to
54 Mb/s

Up to
70 Mb/s

Up to 54
Mb/s

Up to
23 Mb/s

Tab. 1. Wireless systems in ISM and U-NII band
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•

3. Proposed Method
The advantage of the proposed method is
that it realize full analysis using software
application, which means that additional
devices (like WLAN receiver) are not required.
Elaborated method, contrary to commonly
available programs, enables also despreading
of the 802.11b signal and its demodulation.
The analysis is based on the data in
complex IQ form, representing recorded real
signal WLAN, with known center frequency. To
conduct the analysis we assumed that studied
signal is a signal in the digital form, with the
predetermined length of record and known
sample frequency. Program MATLAB Simulink
is a tool used to the analysis of the signal, and
tests are conducted in the „off-line” mode.
We can mark out the following stages of
analysis (Fig.1.):
• definition of carrier frequency and working
channel number,
• estimation of channel bandwidth and SNR,
• identification of WLAN standard,
• correlation signal with the spreading
sequence - despreading signal,
• determination of frame format,
• demodulation
and
descrambling
of
preamble and header of PLCP frame,
• determination of demodulated signal
parameters: frame defragmentation and
specifying characteristic fields content,

•
•
•

demodulation and descrambling the data
field,
decoding the MAC frame,
recognition of the network mode of
operation,
determination of number of users,
network's addresses and physical MAC
card's addresses.

4. Identification of 802.11a/b/g standards
To distinguish standards 802.11b/g from
802.11a, it is sufficient to know carrier
frequency of the signal. If the carrier frequency
belongs to U-NII band, it means that working
network is compliant with 802.11a standard.
One way to distinct 802.11b and 802.11g
standard is determination of signal bandwidth.
If bandwidth of the signal equals 22 MHz, this
means that network works using 802.11b
standard. If bandwidth equals 20 MHz it can be
assumed that network works using OFDM
technology, so it is 802.11g standard.
The calculation of signal constellation is the
next method of WLAN standard identification.
If signal is transmitted using 802.11b standard,
then constellations have form like DBPSK
modulation (in variant A) or DQPSK. When
transmitted signal belongs to 802.11g standard
then can be use one from four modulations
methods: BPSK, QPSK, 16 QAM or 64 QAM.
Fig. 2. presents algorithm of WLAN standard
identification.

Fig. 1. Steps of analyze
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Fig. 2. Algorithm of WLAN standard identification
5. Analysis results for 802.11b standard
The carrier frequency equals to 2.437 GHz,
corresponds channel number 6. Bandwidth of
the channel is 22 MHz, and SNR ≈ 9 dB.
Parameters were defined on the basis of
spectrum analysis of the signal. The most
exact results were obtained using the YuleWalker's parametric method [3].
In the next step standard of the recorded
signal
was
identified.
The
defined
autocorrelation function shown on Fig. 3.
shows, that the signal has the noise character,
so the most probably it was spreaded using the
direct sequence spread spectrum (DSSS)
method.

Fig. 3. Autocorrelation function of analyzed
signal
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Signal despreading is the next step of
analysis. It is realized by correlating the signal
with the 2 sliding windows containing the
spreading Barker and complementary code.

After determination of the frame format the
process of demodulation of preamble and
header of PLCP frame was performed.
Because whole frame is scrambled in the
transceiver side, to correctly decode fields of
PLCP frame preamble and header, signal
should be descrambled in the receiving side.
Fig. 7a. presents fields of preamble and
header before and Fig. 7b. after descrambling.
White color represents logical one, and black
logical zero.
a)

Fig. 4. IQ signals
a) before despreading
b) after despreading
Signal
spectrum
before
and
after
despreading is shown on Fig. 5. On this basis
we can see, that signal after despreading has
power about 10 decibels higher than signal
before despreading. It confirms that the
despreading process is performed properly,
because for WLAN 802.11b the processing
gain is equal 10.4 dB.

b)

Fig. 5. Signal spectrum before and after
despreading
Fig. 7. Preamble and header of PLCP frame
a) before descrambling
b) after descrambling

Next, the header of PLCP frame was dealt
out from the analyzed signal. Phase histogram
created on the basis of the instantaneous
phase samples shows that the modulation
DBPSK (Fig. 6a.) was used. The maxima of
the histogram appear for 0 and 180 degrees.
Header constellation (Fig. 6b.) was done then
and it shows a DBPSK constellation what
confirms earlier considerations that the long
format of frame was used. In the case of using
short frame format, part of header would be
modulated with DQPSK.

After proper despreading, demodulation
and descrambling it is possible to recognize
content of fields in the preamble and the
header of PLCP frame. They show that the
long format of frame was applied for all three
decoded frames of the value SYNC (all zeros)
and SFD (0000 0101 1100 1111).
Signal field (0010 1000) indicates that data is
transmitted with data rate 2 Mbps. Added MAC
frames are transmitted with the data rate
2Mbps,
using
DQPSK
modulation.
Constellation for the data field of analyzed
signal after despreading is shown on Fig. 8.

Fig. 6. PLCP frame header and preamble
a) phase histogram b) constellation
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The network works in the infrastructure mode.
The field of the given MAC frames is encrypted
according to the WEP algorithm, and each
frame is a fragment of the larger message and
it isn’t a retransmission of a previous one.
Additionally it can be confirm that the station
will be in the active mode after the completion
of current transmission. Decoded addresses
fields have following form:
• address of receiver set as the network
address:
60-E2-53-9F-7E-6E;
• address of transmitter, representing
network identifier (BSSID):
F7-02-00-E6-53-C5;
• address of destination, that is receiver
physical address of MAC card:
35-A1-2D-F0-90-8E;
• address of source, that is transmitter
physical address of MAC card:
49-BB-08-4C-2F-35.

Fig. 8. Signal constellation after despreading
Then the field of data was demodulated
using DQPSK demodulator and descrambled,
to decode characteristic fields from the MAC
frame header. The decoded information shows
that received frames are data frames and
recorded part of transmission is an exchange
of data between two stations via access point.

Fig. 9. Results from decoding procedure
values -12, -11, -10 … 9 dB. Then for all
values of SNR operations of despreading,
demodulation
and
descrambling
were
performed. The number of bits used in tests
was 19792 that correspond to 3 frames of
signal. Results BER for various values of
signal to noise ratio are shown on Fig. 11. The
theoretical curve for the DQPSK system is
marked additionally. It can be seen that
despreading process gives processing gain
about 10 dB.

6. Efficiency of the proposed method
To verify robustness of the proposed
method against noise, a complex white
Gaussian noise was added to the recorded
signal. A number of tests were carried out for
various values SNR. As a merit of
demodulation quality a whole frame bit error
rate (BER) was assumed. The measurement of
BER was made according to the scheme
presented on Fig. 10.
Recorded signal after demodulation and
descrambling was used as the source of data
(reference signal). Complex white Gaussian
noise was added to recorded signal for SNR

- 653 -

Fig. 10. Scheme of BER measurement set

Fig. 11. Processing gain between worked out method and DQPSK system
Performed test also showed that correct
descrambling and demodulation is possible for
SNR ≥ -7 dB. For signals with such SNR it was
possible to identify standard and specify

throughput. For SNR ≥0 dB correct MAC frame
decoding is also possible. The Fig. 12. shows
result of analysis for SNR -6 dB.

- 654 -

Fig. 12. 802.11b signal for SNR=-6 dB
a) constellation for data field,
b) constellation for header PLCP frame field,
c) spectrogram before and after despreading,
d) spectrum before and after despreading
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7. Conclusions

References

Proposed methods enable estimation of the
following signal parameters: carrier frequency
and channel number, bandwidth of the signal,
signal to noise ratio SNR, data rate, type of
used modulation scheme, PLCP frame format
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In recent years, several computationally efficient
methods in the form of recursive algorithms have been
proposed for sequential estimation and tracking of some
or all of the EVD components of a time-varying data
covariance matrix. A commonly used approach for the
derivation of subspace trackers is to formulate the
determination of the desired EVD components as the
optimization of the specific cost function involving the
unknown data covariance matrix. To arrive at a
recursive algorithm, the optimization is accomplished
adaptively via an appropriate stochastic search
algorithm. Algorithms of this type have been derived
based on the constrained gradient search [3], the GaussNewton search [4] and the recursive least squares [5].
Another type of approach consists of using classical
algorithms from numerical analysis to compute exactly,
at regular intervals, the EVD of a time-varying sample
covariance matrix or, equivalently, the singular value
decomposition (SVD) of a corresponding data matrix.
Such a technique based on orthogonal iterations is
proposed in [6]. Another approach consists of
interlacing the recursive update of a sample covariance
or data matrix with only a few steps of certain standard
iterations for EVD or SVD computation. Subspace
tracker based on the inverse power method [7] is an
example algorithm of this approach.
From the computational point of view, we may
distinguish between methods having O(n2r), O(nr2), or
O(n3) operation counts where n is the number of sensors
in the array and r is the dimension of signal subspace.
Real time implementation of subspace tracking is
needed in some applications and regarding that the
number of sensors is usually much more than the
number of sources ( n >> r ), algorithms with O(n3) or
even O(n2r) are not preferred in these cases. It is
noteworthy that in this paper operation counts are
expressed in terms of multiply/accumulate (MAC)
operations.
In this paper, we propose recursive algorithms for
tracking the signal subspace spanned by the
eigenvectors corresponding to the r largest eigenvalues.
These algorithms rely on a new interpretation of the
signal subspace as the constrained optimization
problem. Therefore, we call our approach as subspace

ABSTRACT
In this paper, we present a new algorithm for
tracking the signal subspace recursively. It is based on a
new interpretation of the signal subspace. We introduce
a novel information criterion for signal subspace
estimation. We show that the solution of the proposed
constrained optimization problem results the signal
subspace. In addition, we introduce three adaptive
algorithms which can be used for real time
implementation of the signal subspace tracking. The
computational complexity of the proposed signal
subspace tracking algorithms are O(nr2) which is much
less than the direct computation of singular value
decomposition or even some algorithms. To reduce the
computational complexity, a fast alternative algorithm
is proposed. The complexity of the latter algorithm is
O(nr) which makes it feasible in real time applications.
Simulation results in the direction of arrival (DOA)
tracking context depict excellent performance of the
proposed algorithms.
Index Terms— subspace tracking, constrained
optimization, adaptive algorithm.

I. INTRODUCTION
Subspace-based signal analysis methods play a
major role in contemporary signal processing, with
applications including direction of arrival estimation in
array processing and frequency estimation of sinusoidal
signals in spectral analysis. As their distinguishing
feature, these methods seek to extract the desired
information about the signal and noise by first
estimating either a part or all of the eigenvalue
decomposition (EVD) of the data covariance matrix.
For example, knowledge of the eigenvalues can be used
in connection with a criterion such as AIC or MDL to
estimate the number of dominant signal sources present
in the observed data [1]. Additional knowledge of the
eigenvectors can be used in a high resolution procedure
such as MUSIC to estimate unknown parameters of
these dominant sources [2].
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λ1 > λ 2 > ... > λ r > λ r +1 = ... = λ n

information criterion (SIC). We show that the solution
of the optimization problem results signal subspace.
Then, three adaptive algorithms for implementation of
the optimization problem are proposed. In order to
reduce the computational complexity, fast SIC (FSIC) is
proposed. Simulation results are given to evaluate the
performance of the SIC in the context of adaptive DOA
estimation.
This paper is organized as follows. Section II
introduces the signal model. In section ІIІ, our approach
as a constrained optimization problem presented and
derivation of the solution is described. Recursive
implementation of the proposed solution is derived in
section ІV. Section V introduces low complexity
version of the SIC algorithm. In section VI, simulations
are used to evaluate the performance of the proposed
algorithms. Finally, the main conclusions of this paper
are summarized in section VII.

The signal subspace is defined as the column span of
Q s = [q1 , q 2 ,..., q r ]
(4)
and the noise subspace is defined as the column span of
Q n = [q r +1 , q r + 2 ,..., q n ]
(5)
We consider the following constrained minimization
problem
2 ⎫
⎧
minimize J ( W ) = E ⎨ xx H − WW H ⎬
F⎭
W
⎩

subject to W H (t ) W (t ) = I r

where

denotes

the
is

Frobenius
an

norm

n×r

and

matrix

W ∈C
(r < n) which is assumed to be full rank.
This is no restriction on W, if the rank of W is rˆ < r ,
W in (6) can be replaced by a full rank n × rˆ matrix Ŵ
ˆW
ˆ H = WW H . The orthonormality
satisfying W
constraint can be accomplished by the Gram-Schmidt
orthonormalization (GS-orth) procedure.
Now, we want to consider the following questions
about the aforementioned minimization problem:
•
Is there a global minimum of J(W) ?

where x ∈ C n is the vector of sensor outputs, s ∈ C r is
the vector of complex signal amplitudes, n ∈ C n is an
additive noise vector, A(θ)=[a(θ1),a(θ2),…,a(θr)]
∈C n× r is the matrix of the steering vectors a(θj), and θj
; j=1,2,…,r is the parameter of the jth source, for
example its DOA. It is assumed that a(θj) is a smooth
function of θj and that its form is known (i.e. the array is
calibrated). We assume that the elements of s(t) are
stationary random processes, and the elements of n(t)
are zero-mean stationary random processes which are
uncorrelated with the elements of s(t). The covariance
matrix of the sensors’ outputs can be written in the
following form
(2)
R = E x(t )x H (t ) = ASA H + R n

{

F

(6)

n×r

Consider the samples x(t), recorded during the
observation time on the n sensor outputs of an array,
satisfying the following model
(1)
x(t ) = A (θ )s(t ) + n (t )

}

.

W = [ W1 , W2 ,..., Wr ]

II. SIGNAL MODEL

{

(3)

•

Are there any local minima of J(W) ?

•

What is the relation between the minimum of
J(W) and the signal subspace of C ?

We will answer the first and the second questions by the
following theorem.
Theorem 1: J(W) has one and only one global
minimum and there are not any other minima or
maxima in J(W).
Proof. We can write the minimization problem as
follows

}

J ( W ) = α − 2tr (CWW H ) + tr (( WW H ) 2 )
where

where S = E s(t )s H (t ) is the signal covariance
matrix assumed to be nonsingular (‘’H” denotes
Hermitian transposition), and Rn is the noise covariance
matrix. A large number of methods such as SVD or
EVD use covariance matrix of data to estimate the
signal subspace.

α = tr ( E{(xx H ) 2 })

(7)
(8)

We define Z = WW H , so (7) can be changed to the
following form
J (Z) = α − 2tr (CZ) + tr (Z 2 )
(9)
For discussing about the minima and maxima of J(W),
we expand (9) as below

III. A NEW SIGNAL SUBSPACE
INTERPRETATION

J=

n

Let x ∈ C be a complex valued random vector
process
with
the
autocorrelation
matrix
C = E xxH which is assumed to be positive definite.
The normalized orthonormal eigenvectors and the
positive eigenvalues of C are denoted by qi and λi
(i=1,2,…,n) respectively. If the number of signal
sources r is less than n, then the eigenvalues of R are
given by

n

∑
i =1

{ }

2
[( z12i + z 22i + ... + z ni
)−

where z ij

2(c1i zi1 + c2i z 2i + ... + cni z ni )] + α
(10)
and c ij ( i,j = 1,2 ,...,n) are the corresponding

elements of the ith row and jth column of the matrices Z
and C respectively.
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Since (10) shows a quadratic equation, it is clear that it
has convex shape and has one and only one minimum
and it has not any other minima or maxima.

ˆ (t ) W (t − 1) +
W (t ) = W (t − 1) − μ[−C

To answer the third question about the relation of
the minimum point and the signal subspace, the
following theorem is presented.

ˆ (t ) is an estimate of the correlation matrix C at
where C
the instant t. We may use an exponentially weighted or
ˆ (t ) . The simplest choice
a sliding window estimate for C

Theorem 2: J reaches its minimum when W spans
the signal subspace. In this case, W is an arbitrary basis
for the signal subspace.
Proof. We can write (7) as follows

ˆ (t ) = x(t )x H (t ) as used
is the instantaneous estimate C
in the least mean square (LMS) algorithm for adaptive
filtering. The obtained subspace update is expressed by

W (t − 1) W H (t − 1) W (t − 1)]
(16)



H

H

H

J ( W ) = α − 2tr ( W CW) + tr ( W WW W )

y (t ) = W H (t − 1)x(t )

(11)

W (t ) = W (t − 1) + μ[x(t )y H (t ) −

Respect to the constraint W H (t ) W (t ) = I r , (6) can be
replaced with the following problem
maximize

W (t − 1) W H (t − 1) W (t − 1)]
(18)
We note that a further simplification of the above
algorithm
can
be
obtained
by
replacing
H
W (t − 1) W (t − 1) in (18) with identity matrix
achieved by the constraint in the previous step. So, we
have
W (t ) = W (t − 1) + μ[x(t )y H (t ) − W (t − 1)]
(19)
Table 1 summarizes the so called SIC1 algorithm.
ˆ (t ) can be achieved by estimate
Another estimation of C
it with exponentially weighted window. Thus, (16) can
be changed as follows

Jˆ ( W ) = tr ( W H CW)

W

subject to W H (t ) W (t ) = I r

(17)

(12)

It is well known that the W which maximizes the
aforementioned constrained optimization problem is
equal to Qs. Thus, W is the signal subspace of the
received data.


It is noteworthy that at the global minimum of
J(W), W does not contain the signal eigenvectors
necessarily. Instead, we attain an arbitrary orthonormal
basis of the signal subspace. This is because J(W) is
invariant with respect to rotation of the parameter space,
indeed J(W)= J(WU) when UUH=In. In other words, W
is not determined uniquely when we minimize J(W).

t

ˆ (t ) =
C
∑ β t −i x(i)x H (i) = βCˆ (t − 1) + x(t )x H (t ) (20)
i =1

ˆ (t ) W (t − 1) − W (t − 1)]
W (t ) = W (t − 1) + μ[C

(21)

where β is the forgetting factor used to ensure that data
in the past are downweighted in order to afford the
tracking capability when the system operates in a
nonstationary environment. Table 2 summarizes the so
called SIC2 algorithm.
A simplification is obtained by approximating the
second W(t-1) term in (21) by W(i-1). For stationary or
slowly varying signals, the difference between
x(i)WH(t-1) and x(i)WH(i-1) is small, in particular when
i is close to t. So, in this case, (16) can be expressed in
the following form

IV. ADAPTIVE SIGNAL SUBSPACE
TRACKING

Subspace tracking methods have applications in
numerous domains, including the fields of adaptive
filtering, source localization, and parameter estimation.
In many of these applications we have a continuous
stream of data. Thus, developing adaptive algorithms is
very useful for these applications. In this section, we
propose three adaptive algorithms for signal subspace
tracking.
The constrained minimization of the cost function
(6) can be accomplished by a constrained gradient
search procedure. If the step size be fixed, the weight
matrix is updated as
W (k ) = W (k − 1) − μ∇J
(13)
with
W (k ) := orthonormalization of the columns of W (k )
(14)
where μ is the step size and ∇J is the gradient of J
respect to W. The gradient of J(W) is given by

C xy (t ) =

t

∑ β t −i x(i)y H (i) = βC xy (t − 1) + x(t )y H (t )
i =1

W (t ) = W (t − 1) + μ[C xy (t ) − W (t − 1)]

(22)
(23)

In table 3 summary of the so called SIC3 algorithm has
been shown. It should be noted that all proposed
adaptive algorithms require orthonormalization
procedure,
such as Gram-Schmidt (GS)
orthonormalization, at the end of each iteration. It can
be easily shown that the SIC1, SIC2, and SIC3 have
O(nr), O(n2r), and O(nr) respectively. Moreover, the
orthonormalization procedure which needs at the end of
each iteration requires additional O(nr2) operations in
the algorithms.

∇J = −2CW + 2WW H W
(15)
Thus, the signal subspace update can be written as
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TABLE 1. The SIC1 Algorithm

The classical projection approximation [5] is equivalent
to W (t - 1) ≈ W (t - 2) at each time step. Thus, (26) can
be written in the following form
W (t ) = γW (t − 1) + μx(t )y (t )
(27)
where
γ = 1 − μ + βμ
(28)
The fast orthonormal SIC algorithm consists of the
expression (27) plus an orthonormalization step of the
weight matrix at each iteration

FOR t = 1,2,... DO
y (t ) = W H (t − 1)x(t )
W (t ) = W (t − 1) + μ[x(t )y H (t ) − W (t − 1)]
W (t ) := GS - orth. of the columns of W (t )

TABLE 2. The SIC2 Algorithm

W (t ) := W (t )[ W H (t ) W(t )]

FOR t = 1,2,... DO
ˆ (t ) =
C

t

∑β

t −i

−1
2

(29)

−1

where [ W H (t ) W (t )] 2 denotes an inverse square root

ˆ (t − 1) + x(t )x (t )
x(i)x (i ) = β C
H

H

of [ W H (t ) W(t )] . To compute the (29), we use the
updating equation of W(t). Keeping in mind that W(t-1)
is now an orthonormal matrix.
By invoking (27) we have
W H (t ) W (t ) = γ 2 I r + γμW H (t − 1)x(t )y H (t ) +

i =1

ˆ (t ) W (t − 1) − W (t − 1)]
W (t ) = W (t − 1) + μ[C
W (t ) := GS - orth. of the columns of W (t )

γμy (t )x H (t ) W(t − 1) + μ 2 y (t )x H (t )x(t )y H (t )
(30)
Using projection approximation (17) leads to
W H (t ) W (t ) = γ 2 I r + γμy (t )y H (t ) + γμy (t )y H (t ) +

TABLE 3. The SIC3 Algorithm

FOR t = 1,2,... DO
y (t ) = W H (t − 1)x(t )

μ 2 y (t )(x H (t )x(t ))y H (t )
(31)
For reduce the complexity further, we apply the matrix
inversion lemma to (31). The matrix inversion lemma
(MIL) can be written as follows

C xy (t ) = βC xy (t − 1) + x(t )y H (t )
W (t ) = W (t − 1) + μ[C xy (t ) − W(t − 1)]
W (t ) := GS - orth. of the columns of W(t )

( A + BCD) −1 = A −1 − A −1B(DA −1B + C −1 ) −1 DA −1
(32)
By employing (32), the following expression can be
obtained

SIC1 requires the minimum operations and the SIC2
needs the maximum operations. The SIC3 requires a
little more operations than the SIC1.

[ W H (t ) W (t )] −1 =

V. FAST SIC ALGORITHM

W (t ) = (1 − μ ) W (t − 1) + μ[ β C xy (t − 1) + x(t )y

γ2

[I r −

y (t )y H (t )
y H (t )y (t ) + δ (t )

]

(33)

where

In this section, a fast implementation of the SIC
algorithm is proposed. SIC3 has O(nr) complexity and
an additional O(nr2) operations for orthonormalization.
The main computational complexity corresponds to
orthonormalization step. To reduce the computational
complexity,
Gram-Schmidt
orthonormalization
procedure is replaced with an alternative approach.
To this end, using (22) and (23) leads to the following
expression
H

1

δ (t ) =

γ2

It can be shown that [ W
in the following form
[W
where

(t )]

H

τ (t ) =

(34)

2γμ + μ 2 x H (t )x(t )

−1
(t ) W (t )] 2

H

−1
(t ) W (t )] 2

can be obtained

= γ −1 [I r + τ (t )y (t )y H (t )]

1

1

− 1)
1 + δ −1 (t )y H (t )y (t )
Substituting (27) and (35) into (29) results that

(24)
It can be inferred from (23) that
1
C xy (t − 1) = [ W (t − 1) − (1 − μ ) W (t − 2)]
(25)
μ
Substituting (25) into (24) results
W (t ) = (1 − μ + β ) W (t − 1) − β (1 − μ ) W(t − 2)
+ μx(t )y (t )
(26)

(y

H

(t )y (t ))

(

(35)
(36)

W (t ) = [γW (t − 1) + μx(t )y (t )]γ −1 [I r + τ (t )y (t )y H (t )]
(37)
Finally, the following recursive expression is used for
updating the signal subspace
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Table 4. The FSIC algorithm

80

FOR t = 1,2,... DO
Maximum principal angle (degree)

H

y (t ) = W (t − 1) x(t )

γ2

δ (t ) =

2γμ + μ 2 x H (t )x(t )
1
1
− 1)
τ (t ) =
(
H
−
1
(y (t )y (t )) 1 + δ (t )y H (t )y (t )
W(t ) = W (t − 1) + τ (t )( W (t − 1)y (t ))y H (t ) +

μ + μτ (t )y H (t )y (t )
(
) x (t ) y H (t )
γ

SIC1
SIC2
SIC3
FSIC
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Figure 1. Maximum principal angle vs. snapshots
Table 5. Computational complexity of the algorithms

Cost (MAC)

80

SIC1

O(nr2)+3nr

70

SIC2

n2r+2n2+O(nr2)+2nr

SIC3

O(nr2)+5nr

FSIC

4nr+n+r2+O(r)

Maximum principal angle (degree)

Algorithm

W (t ) = W(t − 1) + τ (t )( W (t − 1)y (t ))y H (t ) +
H

μ + μτ (t )y (t )y (t )
)x(t )y H (t )
γ
(38)
This fast SIC algorithm, which is referred as to FSIC,
requires only O(nr) operations which makes it feasible
in real time applications. Table 4 summarizes the FSIC
algorithm.
Table 5 is given to compare the computational
complexity of the proposed algorithms. It can be
inferred from this table that the FSIC and SIC2 have the
lowest and highest computational complexity,
respectively. Since the complexity of SIC2 is O(n2r),
this algorithm is not preferred in on-line applications.
On the other hand, the FSIC algorithm can be used in
on-line applications.
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Figure 2. Maximum principal angle vs. snapshots
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VI. SIMULATION RESULTS
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Figure 3. Estimated trajectory vs. snapshots

In this section, we use simulations to demonstrate
the applicability and performance of the SIC
algorithms. To do so, we consider the proposed
algorithm in DOA estimation context. We use MUSIC
algorithm for finding the DOAs of signal sources
impinging on an array of sensors. We consider a
uniform linear array where the number of sensors is
n=21 and the distance between adjacent sensors is equal
to half wavelength. In the first scenario of this section
the number of simulation runs used for obtaining each
point is equal to 100.
In the first scenario, we assume that two signal
sources are located constantly at (-40o,40o) and their

SNR is equal to 10 dB. In addition, we let the step size
μ equal to 0.001. To evaluate the performance of the
proposed SIC algorithms in tracking of the signal
subspace, the maximum principal angles of the adaptive
algorithms are measured. Principal angle is a measure
of the difference between the estimated subspace and
the real subspace. The principal angles are zero if the
compared subspaces are identical. In figure 1, we have
depicted the maximum principal angle for this scenario.
From this figure, it can be seen that the performance of
the SIC1 and FSIC are approximately equal. Figure 1
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shows that performance of SIC2 outperforms the other
algorithms. The SIC1, SIC3, and FSIC have the same
performance.
To demonstrate the performance of the proposed
algorithms in low SNR, two sources with 0 dB SNR are
considered. In addition, we let the step size μ equal to
0.01. Figure 2 shows the maximum principal angles for
SIC3 and FSIC algorithms. It depicts the appropriate
performance of the SIC3 and FSIC algorithms.
For investigation the performance of the proposed
algorithms in nonstationary environments, we consider
the first scenario. To this end, we assume that two
signal sources change their locations from (-40o,40o) to
(0o,10o) and SNR of each source is equal to 10 dB as the
previous scenario. Figure 3 shows the estimated
trajectory of the sources achieved by the MUSIC and
FSIC algorithms. This figure depicts that the SIC’s
algorithms can be used for subspace tracking in DOA
tracking context.

Respect to the computational complexity and the
performance of the algorithms shown in the simulation
results section, the FSIC algorithm is superior to the
other algorithms and has perfect performance.
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VII. CONCLUDING REMARKS

In this paper, we introduced a new interpretation of
the signal subspace which is based on a novel
constrained optimization problem. We proved that the
solution of the proposed constrained minimization
results the signal subspace. Then, we derived three
adaptive algorithms for signal subspace tracking. To
reduce the complexity, FSIC proposed. The total
computational complexity of the SIC1, SIC2, SIC3, and
FSIC are O(nr2), O(n2r), O(nr2), and O(nr) respectively.
Simulation results in DOA tracking context showed the
perfect performance of the proposed algorithms.
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