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Abstract

Providing guarantees in the Quality of Service (QoS) has become essential to the
transmission of multimedia traffic over wireless links with fading channels. However this
poses significant challenges due to the variable nature of such channels and the diverse QoS
requirements of different applications including voice, video and data. The benefits of
dynamic adaptation to system and channel conditions have been accepted, but the true
potential of optimized adaptation is lost if the layers operate independently, ignoring possible
interdependencies between them. Cross-layer design mechanisms exploit such
interdependencies to provide QoS guarantees for the transmission of multimedia traffic over

fading channels.

Channel adaptive M-QAM schemes are examples of some of the earliest works in the area of
cross-layer design. However, many of the original schemes use the assumption that
thresholds designed for AWGN channels can be directly applied to slow-fading channels.
The thresholds are calculated with a commonly used approximation bit error rate (BER)
expression and the first objective of the thesis was to study the accuracy of this commonly
used expression in fading channels. It is shown that that the inaccuracy of the expression
makes it unsuitable for use in the calculation of the threshold points for an adaptive M-QAM
system over fading channels. An alternative BER expression is then derived which is shown
to be far more accurate than the previous one. The improved accuracy is verified through

simulations of the system over Nakagami-m fading channels.

Many of the cross-layer adaptation mechanisms that address the QoS provisioning problem
only use the lower layers (physical and data link) and few explore the possibility of using
higher layers. As a result, restrictions are placed on the system which introduces functional
limitations such as the inability to insert more than one class of traffic in a physical layer
frame. The second objective in this thesis was to design a physical and application layer
cross-layer adaptation mechanism which overcomes this limitation. The performance results
of the scheme in both AWGN and fading channels show that the cross-layer mechanism can

be efficiently utilized for the purposes of providing error rate QoS guarantees for multimedia

traffic transmissions over wireless links.
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Chapter 1

Introduction

1.1 Background

The proliferation of the Internet and broadband wireless access has made the vision of any-
time, any-where computing and communication a reality. Today wireless access is available
in the form of PANs (personal area networks e.g. using Bluetooth), LANs (local area
networks €.g. using IEEE 802.11), MANs (metropolitan area networks e.g. using IEEE
802.16) or in the form of current 3G cellular networks. There has also been a surge in the
number and type of applications that can be run over wireless networks. Multimedia
applications such as videoconferencing, emergency services, surveillance, telemedicine,
remote teaching and learning have been added to traditional uses of the Internet such as
Voice over IP (VoIP), video streaming and data transmission through e-mail, file transfers
(FTP) and web browsing. Guaranteeing quality of service (QoS) for the transmission of
multimedia traffic is vital if these applications are to receive wide spread acceptance. The
salient QoS requirements of such multimedia applications are high bandwidth, low delay and
loss-tolerance, and these vary significantly from application to application. Achieving this in
the wired environment, with its high resource availability, is not as much of a challenge as in
the wireless environment where the resources are relatively very limited. The problem in the
wireless networks becomes exacerbated when users expect a similar QoS from the wireless

access as they experience in the wired networks.

The following factors make the greatest difficulty in providing QoS guarantees in

wireless/mobile network as compared to wired networks:

The amount and quality of resources available in wireless networks are scarce when
compared to wired networks. The resources include bandwidth and the number of
users the network can accommodate simultaneously.

Wireless channels are far less reliable than channels on wired networks and are
susceptible to errors due to noise, multipath fading, shadowing and interference.

The mobility in wireless networks not only create problems such as multipath

interference, but also cause mobility hand-off problems that need to be solved.



Thus there has been significant research and development effort in the area of multimedia
QoS provisioning in order to improve the quality of experience that the user gets from the
use of wireless networks while enjoying facilities such as mobility and roaming. A novel
methodology in this research effort called cross-layer design has received a great deal of

interest recently and is presented in the next section.

1.2 Cross-layer design

The classical approach to solving the problem of guaranteeing QoS in wireless networks has
been to adapt existing wired algorithms and protocols for multimedia transmission to the
rapidly varying and scarcely resourced wireless networks [1]. This has resulted in importing
the paradigm of the OSI (open systems interconnection) layered structure in the transmission
of data. In this structure each layer of the stack optimizes its performance by adapting its
parameters to varying network conditions and thus providing its best service to adjacent
layers. The solutions developed in this paradigm however do not take into consideration the
various characteristics of multimedia traffic. This type of optimization leads to simple
independent implementations of the protocol layers, but results in suboptimal performance

for multimedia transmissions in wireless links.

In order to break out of the strict layered architecture paradigm, researchers recently have
been viewing the protocol layers as interdependent as opposed to isolated, independent
operations. In this view the interdependence is exploited such that there is a high level of
information sharing between the layers so that the system as a whole can be optimized to
perform more effectively and efficiently. This has led to the development of the research
area broadly referred to as cross-layer design. The general objective of the research is to
develop an integrated framework for jointly analysing; selecting and adapting the different

strategies available at the various OSI layers in order to improve the performance of

multimedia transmissions over wireless networks.

1.3 Classification of cross-layer solutions

To gain an overview of the principles that direct currently proposed cross-layer designs the

following classification is presented in [1]:

® Top-down approach — In the schemes that fall in this category, a higher layer
protocol optimizes its parameters and then the strategies at the layer below it. An

example of this would be a case where the application layer dictates the MAC



parameters and strategies and MAC has to select its parameters and operation
accordingly.

e Bottom-up approach — In these schemes the lower layers try to protect the higher
layers from losses and channel variations. This solution is not always optimal for
multimedia transmission due to the resulting delays and throughput variations.

e Application-centric approach — The application layer optimizes each lower layer
parameter consecutively in either a top-down or bottom up manner based on its
requirements. However, there are efficiency limitations in such an approach because
the application layer operates at slower timescales and coarser data granularities than
the lower layers and is not able to instantaneously adapt its performance.

e MAC-centric approach — In this approach the MAC layer receives the application
layer’s traffic information and requirements. The MAC then is responsible for
deciding which application layer packets should be transmitted and for selecting the
physical layer parameters based on the available channel information.

e Integrated approach — The strategies of the various layers are determined jointly in
this approach. However, trying all possible strategies and parameters in the
interacting layers in order to choose a composite strategy which will lead to the
optimum system performance results in a complex cross-layer optimization problem

which may not always be practical.

The above cross-layer design approaches have different advantages and disadvantages and
the optimum solution depends on the application, complexity and power requirements of the
multimedia transmission system being implemented. The application of cross-layer design

for QoS provisioning is discussed in the next section.
1.4 QoS provisioning with cross-layer design

An excellent review of the challenges, principles and proposed schemes for improving QoS
in multimedia applications through cross-layer strategies has been provided in [1]. Cross-
layer design has been used to design resource allocation algorithms for multimedia QoS
guarantees in [2-12]. The radio resources managed at the physical and data link layers in the
work in [2] were frequency bands and bandwidth. In addition, the scheme in [2] performed
scheduling of users at the MAC layer depending on each user’s channel quality. The cross-
layer resource allocation scheme in [3] tackled the problem of packet dropping during a
hand-off. Call-admission control and resource reservation mechanisms were used at the data

link layer to allocate resources adaptively to real-time service classes with stringent delay



bounds. The system in [3] also accommodated adaptive multimedia applications at the
application layer to further reduce blocking and dropping probabilities. The work in [4]
proposed a suite of cross-layer design modules for multimedia QoS guarantees. The suite
included priority admission control which admitted users depending on their QoS profiles, a
resource allocation module which allocated optimum combination of all system parameters
and a scheduling mechanism which aimed at achieving better overall throughput gain and
guaranteed the QoS requested by different users’ service levels. The adaptive resource
allocation scheme in [6] combined a truncated ARQ at the data link layer with an adaptive
modulation and coding (AMC) at the physical layer to optimize the system performance for
QoS guaranteed traffic. The dynamic resource allocation scheme in [9] was proposed for an
orthogonal frequency division multiplexing (OFDM) system transmitting traffic with
heterogeneous delay constraints. The resource allocation in [9] was based on the users’
channel information at the physical layer, source statistics at the application layer and delay
requirements of each class of traffic. The scheme in [10] is also based on an OFDM system
but the resources managed in the scheme were sub-carriers and transmission power, The
scheme in [11] is based on a multiple-input-multiple-output OFDM (MIMO-OFDM)
wireless network and combined an adaptive physical and MAC layer. At the physical layer
the dynamic resource allocation algorithm in [11] adaptively allocated transmit antennas and
modulation levels for real and non-real time traffic to increase the system spectral efficiency
while guaranteeing distinct BER-QoS requirements. At the MAC layer the scheme
dynamically assigned time-slots for real-time users in a time division mode (TDM) to
guarantee bounded delays while adaptively allocating sub-carriers for non-real time traffic in
frequency division mode (FDM) to maximize the system throughput. The work in [12]
proposed a scheme for the transmission of multimedia traffic with diverse QoS requirements
for a WiMAX system. The cross-layer design was aimed at maximizing the system
throughput while satisfying diverse QoS requirements by Jointly designing packet

scheduling, sub-carrier allocation and adaptive modulation and coding.

The cross-layer design approach was used to develop scheduling schemes for multimedia
QoS provisioning in [13-18]. Generally, the schemes combined a channel adaptive module at
the physical and data link layer with a traffic aware scheduling scheme at the MAC layers

with the objective of guaranteeing multimedia QoS while improving system performance in

terms of metrics such as fairness and throughput.

Most of schemes referenced above used a combination of the physical, MAC and data link

layers. The common thread between the cross-layer designs in [19-21] was that the schemes



used the application layer in conjunction with the lower layers. In [19] the source code rate at
the application layer, congestion contro! at the transport layer were jointly designed to
reduce throughput degradation caused by the transmission errors of the wireless channel and
to support the QoS requirements of the video streaming application. In a similar scheme in
[20], the scheme abstracted parameters at the application layer to describe the rate-distortion
characteristics of the pre-encoded video streams. At the lower layers the abstracted
parameters described the current transmission characteristics of each user. Then joint
optimization of these layers were performed to propose an adaptive resource allocation
scheme at the physical and data link layers and a decision making mechanism at the
application layer to determine which frames to send in the next transmission. The cross-layer
scheme in [21] was designed for the transmission of scalable video transmissions over 3"
Generation (3G) wireless networks. The scheme took into consideration the time-varying
channel/network conditions and scalable video codec characteristics to allocate resources
between the source and channel coders based on a minimum distortion and minimum power
criterion. A hybrid unequal error protection (UEP) was used at the application layer source

coder and an adaptive delay constrained automatic repeat request (ARQ) was used at the data

link layer.

In summary, if the classification presented in the previous section is used, it can be observed
that the cross-layer schemes in [13-18] used a MAC-centric approach, those in [19-21] used
an application-centric approach while the schemes in [2-12] used the integrated approach to
combine various layers to guarantee QoS targets while meeting some particular objective.
The application-centric bottom-up approach is used further on in this thesis where the
concept of combining an unequal error protection scheme at the application layer with a
channel adaptive scheme at the lower layers is used to design a novel cross-layer scheme to

guarantee QoS targets (in terms of packet error rate (PER)) for multimedia traffic.

1.5 Main contributions

The main contributions of this thesis are as follows:

® The thesis re-addressed the method used to determine the switching thresholds for an
adaptive M-QAM scheme used in the AMC module of a cross-layer design
operating in a fading channel. QAM here stands for quadrature amplitude
modulation, and M represents the QAM modulation mode, and thus the number of
bits per symbol, used by the AMC module. It is first shown that an approximate

BER expression for M-QAM commonly used in literature for determining the



system thresholds and average BER performance in a fading channel leads to
significant inaccuracies. Alternative BER expressions for M-QAM in additive white
Gaussian noise (AWGN) are then derived and used to improve the accuracy of the
adaptive M-QAM system design in Nakagami-m fading channels. The accuracy
improvement in the theoretical design is verified via simulations.

* A novel physical and application layer cross-layer scheme is proposed that aims to
provide error rate QoS guarantees for multimedia traffic transmissions over wireless
channels. The proposed system facilitates a more efficient dynamic resource
allocation where more than one class of traffic can be transmitted simultaneously in
a physical layer frame. The theoretical performance of the cross-layer design is

verified through system simulations in AWGN and Nakagami-m fading channels.
1.6 Organization of the thesis

The remainder of the thesis is organized as follows.

The accuracy of a commonly used approximate BER for M-QAM in a fading channel is
investigated in Chapter 2. The inaccuracy of the approximate expression is demonstrated via
accurate simulations over a slowly varying Nakagami-m block-fading channel. It is also
shown that threshold points for an adaptive M-QAM system, given a target BER, determined
using the approximate BER expression lead to inappropriate operation of the system in a

fading channel.

In Chapter 3, two alternative approximate BER expressions for M-QAM in AWGN are
derived and used to calculate the average BER of M-QAM over a Nakagami-m fading
channel. The new average BER expressions are shown to be far more accurate than the
commonly used method discussed in Chapter 2. The threshold values for the adaptive M-
QAM system are then determined using one of the average BER expressions and simulation

results are presented to show the accuracy of the new threshold points.

Chapter 4 discusses a few cross-layer design mechanisms for QoS provisioning for
multimedia traffic and highlights a functional limitation in most of the schemes in that only a
single class of traffic can be transmitted in a physical layer frame. The motivation for

overcoming this limitation is then discussed.

A novel physical and application layer cross-layer design mechanism is proposed in Chapter

> which overcomes the limitation discussed in Chapter 4. A detailed system design is



presented and verified through simulations in the AWGN channel. Using the more accurate
physical layer adaptive M-QAM scheme proposed in Chapter 3, the cross-layer design in
Chapter 4 is re-designed for operation in a Nakagami-m fading channel and this is presented
in Chapter 6. System simulations in the fading channel are once again used to verify the

theoretical design.

Chapter 7 concludes the thesis and discusses possible future research directions.

This work has been presented in the following publications:

Quazi T., Xu H. Takawira F., “QoS Provisioning using Cross-Layer Design”, In
Proceedings of Southern African Telecommunications Networks and Applications

Conference (SATNAC), ISBN 978-0-620-39352-5, Mauritius, Sep. 2007,

Quazi T., Xu H,, Takawira F., “Quality of Service for Multimedia Traffic using Cross-Layer
Design”, IET Communications Journal, vol 3, issue 1, pp 83-90, Jan. 2009.

Quazi T., Xu H., “Performance Analysis of Adaptive M-QAM over a Flat Fading Nakagami-

m Channel,” [Prepared for submission to IET Communications Journal]



Chapter 2

Review of adaptive M-QAM

2.1 Introduction

One of the earliest contributions in the research area of cross-layer design was to increase the
spectral efficiency of transmissions by adapting certain parameters of the signal to match the
wireless channel conditions. Physical and data link layers were combined to allow the
adaptive variation of the transmission power, symbol rate, channel coding rate, constellation
size or any combination of these parameters. Channel adaptive M-QAM schemes have been
proposed which provide higher average link efficiency by taking advantage of the time-
varying nature of wireless fading channels: transmitting data using high modulation schemes
when the channel is good, and smoothly moving to lower modulation schemes as the channel
degrades. Much of the earlier work on such schemes uses the assumption that thresholds for
adaptive M-QAM designed for AWGN channels can be directly applied to slowly varying
block fading channels. This is done assuming that the channel signal-to-noise ratio is
approximately constant in each bin [28]. The thresholds are calculated with a commonly
used approximate bit error rate (BER) expression in these schemes. In this chapter the first
aim is to study this commonly used expression and investigate the accuracy of its use to
derive the average BER of M-QAM in a fading channel. This is done by comparing the
result of the average BER expression derived using the approximate expression with results
of simulations over a Nakagami-m block fading channel. The second aim in the chapter is to
show that the inaccuracy in the threshold values determined using the closed form
approximation expression will lead to inappropriate operation of the adaptive M-QAM
scheme in a fading channel. This is done by comparing expected theoretical values with the
simulation results. The accuracy of the adaptive M-QAM in a fading channel is investigated
in this chapter because it is used in the adaptive modulation and coding (AMC) module of a

cross-layer design proposed later in the thesis, and the accuracy of the AMC module is

essential to scheme’s operation.



2.2 Related work

Discrete-rate M-QAM has been applied to various channel adaptive transmission schemes
[22-36]. The objective of all of these schemes is to enhance the spectral efficiency of the
transmissions by using M-QAM to adapt the transmission rate to a time-varying fading
channel. The work in [22-24] demonstrated the improvement in spectral efficiency of the
adaptive system while achieving a specified QoS bit error rate (BER) target in the operable
signal-to-noise ratio (SNR) range. The work in [25-28] further improved the performance of
the adaptive system by combining coding with rate adaptive M-QAM. The work in [29-31]
used an adaptive M-QAM and coding system in the physical layer module of the cross-layer
design mechanisms. The work in [29-30] combined the adaptive physical layer with the data
link layer while in [31] it was combined with the application layer. The work in [32-35]
combined M-QAM adaptive modulation to diversity combining to propose schemes where
the modulation mode and the diversity combiner structure are adaptively determined based
on the channel fade condition and the error-rate requirement. The work in [36] analyzes the
performance of an amplify and forward cooperative system with constant-power, rate-

adaptive M-QAM transmission.

In the system design and performance analysis in most of the works referenced above [22,
24-33, 31-33, 35-36], the derivation of the system BER has been done using a common
approximate expression for BER of M-QAM in AWGN [22, eq 3]. This expression is used to
derive the average BER expression for the performance analysis of these systems in a fading
channel. Additionally, this simple closed form BER expression has been used to determine
the SNR boundaries of the adaptive system. The assumption of all the works in [22-36] is
that the threshold values, determined using an AWGN BER expression, can be used for the
adaptive system in a fading channe] because slowly fading block fading channels can be
modelled as AWGN channels. This follows from the assumption that the channel signal-to-
noise ratio is approximately constant within each bin [28]. Most of these works referenced
above presented the BER performance of the system over Nakagami-m fading channel using
only theoretical analysis and did not verify the system design using simulations, and only the
work in [24] has presented system simulations. Although [24] is an exception, the
performance curves show that there is a significant gap between the analytical expression
and the simulation result. The authors of [24] explain that gap exists as a result of choosing
overly conservative design values for the threshold points. The authors in [36] also confirm
this statement and mention that the threshold can be further optimized. The motivation for

the work in this chapter is to investigate the accuracy of using the common BER expression



for deriving the average BER of M-QAM in a fading channel and the accuracy of the
assumption that threshold values designed for AWGN channels can be used in Nakagami-m

fading channels.
2.3 Approximate BER expression

The adaptive schemes in [22, 24-33, 31-33, 35-36] use the approximation expression for
BER of coherent M-QAM with two-dimensional Gray coding over the AWGN channel [22,
eq. 3] given by

-3 2.1
Py ()/) = 0.2exp (Z_(M_—yﬁ) ) @D

where M represents the M-QAM modulation, y is the received signal-to-noise ratio (SNR)
per symbol. The authors of [25] motivate the use of the above expression because it is an
upper bound on the BER performance of M-QAM for M > 4 and because it is “invertible” in
the sense that it provides a simple closed-form expression to determine the BER of an M-

QAM modulation given a SNR value

y=2KM-1), (22)

where Ky, = —In(5BER).

2.4 Average BER of M-QAM in a Nakagami-m fading

channel

2.4.1 Fading channel model

In transmissions over Nakagami-m fading channels, at the receiver, the received signal is
given by r = at + n where a is the Nakagami-m fading channel gain, t is the transmitted
signal and n is the additive white Gaussian noise which has a zero-mean and a variance of

Ny, where Ny is the single sided power spectrum density of the noise. The probability density
function (pdf) of the Nakagami-m fading channel gain (a) is given by (2.3)



pa(@) = ﬁ (%)m a’™ lexp (—%az) , (2.3)

where m is the Nakagami fading parameter and T'(m) is the gamma function defined by
r(m) = fomym‘lexp(—y)dy and 2 = E[|al?], E being the expectation. Define the

2
la|“Eq

received instantaneous SNR as y = (E; 1s the symbol energy). For a Nakagami-m

fading channel, then the pdf of y is given by [22]:

m_lexp(—%)

) =(2)" "

’ 207
7 4

r(m) (2.4)

where

_ _ o5 (2.5)
7V =Elyl = IZNO-

The average BER of M-QAM in a slow flat Nakagami-m fading channel may be derived by

averaging the error rates for the AWGN channel (2.1) over the range of the SNR in
Nakagami-m fading:

Py (¥) * »
"~ [ xpydy (26)
0
- m
foooz < -3y ) <m)m)’m 1eXP (—TV)d
= LeXP N ————— | X |—
0 P Z(M - 1) 1 r(m)
0.2 moe
= 15 (5) Iy texp(-vB)ay
3y M-~ .
where f = %(_1), and yis the average SNR per symbol defined in (2.5). After
2(M-1)y ( )

completing the integration (refer to Appendix 1) and some simplification the expression for

the average BER can be derived as



Pp(7) = 0.2 (%)m (2.7)

2.4.2 Simulation of Nakagami-m channels

In order to investigate the accuracy of (2.7), the system needed to be simulated over the
Nakagami-m fading channel. Recently a novel procedure for the generation of accurate
Nakagami-m processes with arbitrary values of m = 0.5 was presented in [38-39]. The
author cites previous works, including [37], none of which presents schemes capable of
generating Nakagami-m processes with accurate phase statistics. The key contribution in
[38] is a technique referred to as random mixture in which the Nakagami-m process is
generated not by adding, but rather by drawing from (or mixing) a pair of different
Nakagami-m processes. The technique is mathematically founded on known properties of

Nakagami-m processes and its corresponding proofs and derivations can be found in [38].

Using the technique in [38], M-QAM, with M = 16,32,64 and 128 was simulated over
m=1 and m = 2 Nakagami-m fading channels and compared to the theoretical results
obtained from using the approximate average BER expression (2.7). The first point of note is
the gap between the simulation and theory graphs for all four modulation schemes. For
purposes of clarity only the graphs for M = 16 and 128 are shown in Figure 2-1 and Figure
2-2form =1 and m = 2, respectively. As the graphs show, there is a significant difference
(a gap of up to 4dB) between the average BER computation using (2.7) and the simulation
for 128-QAM. The gap increases as M increases. We propose that the major reason for the
performance difference between the simulation curve in [24] (and the ‘exact’ curve in [22])
and the analysis of the rate adaptation scheme is the inaccuracy of the expression in @.7).
Even though the gap for 16-QAM appears small, it will contribute to the inaccuracies in the
operation of the adaptive M-QAM system in a Nakagami-m fading channel, which will lead

to the inappropriate operation of the adaptive system in such a channel.
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Figure 2-1: Average BER of M-QAM over an m = 1 Nakagami-m fading channel using the

approximation BER expression (2.7)
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Figure 2-2: Average BER of M-QAM over anm = 2 Nakagami-m fading channel using the

approximation BER expression (2.7)
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The effect of varying the Nakagami m parameter is shown in Figure 2-3, where the theory
and simulation curves for 128-QAM is plotted for the m =1 and m = 100 Nakagami-m
fading channels. The graphs show that as the value of the m parameter increases the gap
decreases. Thus when m = oo, the fading channel would resemble the Gaussian channel and
the gap would be considerably smaller, however for smaller values of m, such as m =1

which corresponds to Rayleigh fading, the gap is significant as shown in Figure 2-3.

)
[0
ia
2
i
5
()
[e)]
@
q) L
> :
< - .
P I j 1 )
10% T 128-QAM Approx, m=1 | 8
—6— 128-QAM Simulation, m=1 Y
"""" 128-QAM Approx, m=100 !
s —B— 128-QAM Simulation, m=100 i
1071 i v
5 10 15 20 25 30 35 40

Awerage SNR per symbol [dB]

Figure 2-3: Average BER of 128-QAM overm = 1 and m = 100 Nakagami-m fading

channels

2.5 Adaptive M-QAM modulation

A block diagram of the channel adaptive M-QAM system is shown in Figure 2-4 [24].
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Figure 2-4: Adaptive M-QAM system model [24]

In the modulation mode controller of Figure 2-4, Gray coded discrete (square and
rectangular) M-QAM modes with M := 2"(n=1,2,3,...,N) are used for the channel
adaptive scheme. The transmissions are assumed to be over a slowly varying flat fading
channel with the fading assumed to follow a Nakagami-m distribution. This corresponds to a
block fading mode! where the rate adjustment occurs on a frame-by-frame basis. The signal
at the receiver is perturbed by an additive white Gaussian noise (AWGN) which is modeled
as a zero-mean complex Gaussian random variable with variance Ny /2 per dimension, where
Ny is the single sided power spectrum density of the noise. It is assumed that perfect channel

estimation is possible at the receiver, and that the feedback channel is instantaneous and

error free.

The received SNR range is split into (N + 1) fading regions (bins), with region n having a
corresponding mode n. The set {y,}N~; contains the lower thresholds for the N fading
regions, calculated such that the target BER (referred to as BER,) is achieved for each M-
QAM modulation scheme. ¥, is set to 0 and yy,; to oo. Thus when the received
instantaneous SNR, y, falls within region n (¥, < ¥ < y,41), the associated fading index
n is sent back to the transmitter through a dedicated feedback channel. To avoid deep fades,

no data is sent when yy <y < y; (outage).

In the proposed scheme in [22], if a target BER is set to BER,, the region boundaries (or

switching thresholds) {y,}¥_, are set to the SNR required to achieve the target BER,, using
M-QAM over an AWGN channel. Specifically,

v1 = [erfc 2 (2BER,)]?; for BPSK (2.8)
Yo = §K0(2" —1); n=23,..,N;for M-QAM (2.9)
Yv+1 = +® (2.10)



where K, = —In(5BER,), erfc™! denotes the inverse complementary error function which

is defined as shown in (2.11) [43].

erfc(x) 2 \/_ZE_f e tdt 211

It should be noted that all the y,;s (except for 1) are chosen according to the approximation
BER expression (2.1). Since (2.1) is an upper bound of the BER only for M > 4, y, is chosen
according to the exact BER performance of BPSK.

If BER, is set to 1 X 1073, the switching thresholds for adaptive M-QAM using (2.8) —
(2.10) are given in Table 2-1. R,, is the bits per symbol for mode n.

Table 2-1: Boundary points for adaptive M-QAM modulation, for BERy = 1 x 1073

Mode (n) | G Y A R 4 5 6 7

M BPSK 4QAM | 8QAM | 16QAM | 32QAM | 64QAM | 128QAM
SNR(dB) 6.79 10.25 13.93 17.24 20.39 23.47 26.52

R, 1 2 3 4 5 6 7
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Figure 2-5: Average BER of adaptive M-QAM over an m = 1 Nakagami-m fading channel

with thresholds calculated using the approximation BER expression (2.7)

In order to assess the accuracy of (2.1) in a fading channel, M-QAM, with M = 16,32, 64
and 128 are considered. The threshold points for an adaptive M-QAM system for a target
BER of 1 x 1072 according to Table 2-1 are 17.24dB, 20.39dB, 23.47dB and 26.52dB
respectively. However the simulation results for the adaptive M-QAM system for them = 1
Nakagami- m fading channel in the region from 18dB to 30dB in Figure 2-5 shows that the
system BER at these points would be near 2 X 1072, pointing to the inaccuracy of these
threshold values for the fading channel. Similar discrepancies were found for Nakagami-m
fading channels with other values of m. Thus given a BER target, using (2.1) for
determining the thresholds for M-QAM in a fading channel would result in inaccurate

operation of the adaptive M-QAM system in a fading channel.

2.6 Conclusion

This chapter investigated the accuracy of the use of a commonly used approximate BER

expression for M-QAM in an AWGN channel (2.1) in a fading channel. The conclusion of

17



the investigation is that approximate expression displays significant inaccuracies when used
in a fading channel. The objective in the next chapter is to derive an alternative average BER
expression which will improve the accuracy of the of the adaptive M-QAM system in a

fading channel.



Chapter 3

Alternative adaptive M-QAM design for fading

channels

3.1 Introduction

The simulation results in chapter 2 showed that using the approximate expression (2.7) will
result in inaccuracies in an adaptive M-QAM modulation scheme over a Nakagami-m fading
channel. Thus the aim of this chapter is to derive a more accurate expression for the BER

performance of adaptive M-QAM in a fading channel in order to improve the accuracy of the

channe] adaptive system.
3.2 BER for M-QAM in AWGN

The exact symbol error rate (SER) for square M-QAM (i.e. log,M is even) in an AWGN

channel is given by [40]:

Ps(even)(y)z 4(1_\/%)(2 (M?’—Zl) _ 4(1_L) 02 3—}/ 3.

where M represents the M-QAM modulation, y is the received SNR per symbol [41]. The
SER for a rectangular M-QAM (log, M is odd) is tightly bound by [40]:

LD () < 4(1—\/%)0 ——(Mgf 5 |- 4(1_L) 02 3y (32)
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As it was discussed in Chapter 2, (2.1) is not an accurate approximation for determining the

average BER of M-QAM in Nakagami-m fading channels. This was demonstrated by

showing the inaccuracy of (2.7) by comparing the theoretical results with the simulation

results. In order to formulate a more accurate approximation, two methods are considered in

this chapter for the evaluation of Q(x) and Q2(x) functions used in (3.1). The first method

used the following approximations for the two functions [42-43]:

1 —x?2 . 1 —2x?
Q) ~ exp| = 1P\ 73

02() ~ gexp(~x?)

Applying (3.3) and (3.4) into (3.1), the SER for M-QAM in AWGN is given by:

P ~ afexp(

—b
—Zby) N exp (Ty) a X exp(—by)
3 3 2

where a = (1 —%); b=

This is referred to as Method 1 in the rest of the chapter.

For the second method, the Q(x) and Q% (x)functions are defined as [41]:

2

25in29)d9

1 /2
Q= e

1 /4 _ 2
Q) = = f exp(——)do
0

T 2s5in29

(33)

(3.4)

(3.5)

(3.6)

(3.7)

(3.6) or (3.7) cannot be evaluated in a closed-form, however the integration can be computed

using a numerical integration. The trapezoidal rule for numerical integration is given as

follows:;
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fbf(x) zb;a f(a)+f(b)+pzlf(a+kb1—la)

2

where p is the number of summations. Applying the trapezoidal rule to equation (3.6) the

following expression is derived [42]:

Qp(x) = ﬂ_—zi—) + %pil exp (__XZ_> (3.8)

in
where 0; = o

Q?(x) can also be derived using a similar process and is given by [42]:

20y P 1 —’
Qp"(x) = 8p + L};)Z1 exp 25in20; (3.9)

in
where 6; = pr

It is shown in [42] that applying a p larger than 6 results in a perfect match between the
exact simulation and the numerical computation for (3.1) and (3.2). Applying (3.8) and (3.9)
into (3.1), and after some simplification, the SER for M-QAM is given by:

—by p-1
P.(y) = alexp (—2 ) a X exp(—by) e —by
=% 2 2 a);exp( 3 ) (3.10)
2p-1
- ) en(
exp 51)
i=p
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where a = (1“\7%);b = ﬁ; S; = 2sin? (g;) and y =5—Z

This s referred to as Method 2 in the rest of the chapter.

3.3 Alternative average BER derivation in Nakagami-m

fading

The average SER over a Nakagami-m fading channel is found by averaging (3.5) and (3.10)
over the pdf of the SNR in Nakagami-m fading:

1 f P.(¥) % p,(¥)dy

0 m mym"lexp (—ﬂ) (3.11)
= | o< () —

where 7 is defined in (2.5). The evaluation of (3.11) leads to the following closed form

expressions for the average SER PJ(7) and PZ(¥) using Method | and Method 2,

respectively:

pl(o) = ( 3m )m+1( 2m )m a( m )m
s =\ gms27) *3\@mry) 2 m+ by (3.12)
p-1
ally; 2m \™ a; m \m mS. \™
o= it S -0 B
s() p|2\2m + by 2\m+by) T 1-a) £ \imS; + by (3.13)

Bit error rate, P} (7) and PZ(¥), for both Method 1 and 2 is derived from the approximate
relationship given by [40]

22



_ Ps
Po(7) =22, 319

where k = log, M bits/symbol.

Figure 3-1 and Figure 3-2 present the plots of the same modulation schemes (M = 16 and
128 ) used in Figure 2-1 and Figure 2-2. However the P, (y) is determined using Method 1
and Method 2. The graphs show that, when compared to the results in Figure 2-1 and Figure
2-2, there is a much closer match between the results from the analysis expression and the
simulation. The 3 to 4dB gap for 128-QAM in Figure 2-1 has been reduced to less than
0.5dB in Figure 3-1. Thus (3.14), using either method can be more confidently used for
computing the average BER of M-QAM over a Nakagami-m fading channel than (2.7).
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Figure 3-1: Average BER of M-QAM overanm = 1 Nakagami-m fading channel derived
using Method 1 and Method 2
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Figure 3-2: Average BER of M-QAM over an m = 2 Nakagami-m fading channel derived
using Method 1 and Method 2

Figure 3.1 and Figure 3.2 also show a noticeable gap between the simulation and expected
theoretical values for M = 128 in lower SNR regions (SNR < 17dB). This can be attributed
to the limitation of Gray coded modulation and the approximation in (3.14) at low SNR
values. The results in Figure 3.1 and Figure 3.2 show that the Gray coded modulation
assertion of one symbol error equating to one bit error is upheld for high SNR values. Thus
simply dividing the SER by the number of bits per symbol (k) gives an accurate BER value.
However when the SNR value is low, one symbol error could be as a result of more than one
bit error, and so the division by k leads to inaccuracies. This is highlighted by the plots for
M = 128, which have higher number of bits per symbol than the other two modulation
schemes. This difference between the simulation and theory curves at the lower SNR region
is however ignored in the design of the adaptive M-QAM system because transmission using
modulation schemes with high bits per symbol, such as 64-QAM or 128-QAM, is not
considered in the low SNR regions where the BER is high. It should also be noted that

Method 2 produces a slightly closer match to the simulation results when compared to
Method 1.
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3.4 Improved adaptive M-QAM design

The system model in this chapter is slightly modified version of that used in section 2.5 in

that BPSK is no longer used. Thus the index for the set {y, }_, now begins at 2 and y, (as

opposed to y,) is set to 0. The outage region is modified to y; <y < y,.

The next step in designing the channel adaptive M-QAM modulation scheme is to use the
more accurate BER expression (3.14) to determine the SNR threshold set {y,}N_, for the
Nakagami-m, m = 1,2 and 5, fading channel for a given QoS BER target. Due to its closer
match to the simulation results Method 2 is used for the calculation of the threshold set.
Using Method 2, the P, (¥) based on (3.14) for M-QAM, M = 4,8,16,32,64 and 128 over
m =1,2and 5 Nakagami-m, fading channels are plotted in Figures 3-3, 3-4 and 3-5
respectively. The QoS BER target (BER,) is set to 1 X 1073, Since it is not possible to get a

simple BER expression which is similar to (2.1), the boundary points are determined

numerically. The bin thresholds are shown in Table 3-1.
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Figure 3-3: Average BER for M-QAM modulation over m = 1 Nakagami-m fading
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Figure 3-5: Average BER for M-QAM modulation over m = 5 Nakagami-m fading
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Table 3-1: Boundary points for adaptive M-QAM modulation overm = 1,2 and 5
Nakagami-m fading channels for BERy = 1 X 1073

e 7
. .
4QAM | 8QAM| 16QAM | 32QAM | 64QAM | 128QAM
2696 | 30.67 32.49 35.02 37.52 40.05
m =
4QAM| 8QAM| 16QAM | 32QAM | 64QAM | 128QAM
1740 | 21.50 23.67 26.50 29.29 32.06
m =
40AM | 8QAM | 16QAM | 32QAM | 64QAM | 128QAM
12.64 16.93 19.25 22.23 25.14 28.03

Finally simulation results are presented to demonstrate the improved accuracy of the
adaptive M-QAM modulation scheme over a Nakagami-m fading channel. The BER
performance of the system shows that the proposed scheme meets its BER target of 1 X
1073, Figure 3-6, 3-7 and 3-8 shows that there is a much tighter fit between the analytical
expression and simulation curves for Nakagami-m, m = 1, than those of previous studies
referenced. Figure 3-6, 3-7 and 3-8 also demonstrate that the system BER, target is met
throughout the operable SNR range for m = 1,2 and 5. Unlike the results presented in [24,
Fig 7], Figure 3-6 shows that there is no transmission below the SNR point y,, which
corresponds to the instantaneous SNR boundary for 4-QAM. For a Nakagami-m fading
channel, transmitting below this SNR point using 4-QAM will result in an average BER
value higher than the BER, target. The graph also shows that the average BER performance
higher than y; is dominated by the highest modulation mode (128-QAM) of the adaptive

scheme.
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Figure 3-8: Average BER of the adaptive M-QAM over an m = 5 Nakagami-m fading

3.5 Conclusion

To improve the accuracy of the channel adaptive M-QAM system BER performance, the
average BER over a Nakagami-m fading channel was re-derived using two alternative
approximate BER expressions for M-QAM in AWGN. The threshold values for the adaptive
M-QAM system were then determined using one of the average BER expressions. Finally
simulation results were used to verify the accuracy of the new threshold points and the new

average BER expression over the Nakagami- m fading channel.
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Chapter 4

Cross-layer design for QoS provisioning

4.1 Introduction

Cross-layer design has been proposed as a methodology to extend the paradigm of single,
independent layer optimization to adaptation and optimization across multiple
interdependent layers. Recently many cross-layer adaptation mechanisms have been
proposed which attempt to solve the QoS provisioning problem. However, most of these
schemes [2-18] only focus on interactions between lower (physical and data link) layers and
ignore the possibility of sharing information with, and thus combining, higher layers in the
optimization process. The drawback to this are the introduction of functional and efficiency
limitations, which could be eliminated if higher layers were included. In this chapter one
such limitation is highlighted, namely the inability to insert more than one class of traffic in a
physical layer frame and the motivation for overcoming this limitation using cross-layer

design is presented.

4.2 Related work

The desired outcome of QoS provisioning schemes for multimedia traffic varies from one
scheme to the next and is incorporated into the QoS metric emphasized by a particular
scheme. A good review of this discussion is provided in [1] and includes example solutions
to the problem. The work in [17, 45-46] considers packet delay violation as the main metric
while the work in [47] uses handoff dropping probability and average allocated bandwidth.
Other QoS metrics include packet loss rate through buffer overflow [45], throughput and
fairness [11, 15]. These are MAC or higher layer based adaptive cross-layer schemes which
assume that the physical layer is either error free or adapts to the channel to guarantee a

single error target; and is independent of the upper layers in its operation.

QoS provisioning using cross-layer design has been proposed by combining the physical and
Data Link layers of the protocol stack [29-30]. In these schemes multiuser scheduling at the

MAC layer is used with a channel adaptive AMC module at the physical layer which
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guarantees a single error target. The consequence of having a single error target is that each
frame can only hold one class of traffic. In the concluding section of their paper [30] the
authors note this limitation and suggest that multiple connections allowing heterogeneous
traffic may lead to better performance. The work in [44] has a similar objective to the one
proposed in this paper, namely to allow the transmission of different classes of traffic in a
single unit of transmission, however theirs is a CDMA setting and has a higher degree of
freedom during resource allocation, as compared to the schemes in [29-30]. The effective
capacity model [38] has been employed in cross-Layer resource allocation mechanisms for
achieving statistical QoS guarantees in terms of delay violation in the transmission of
heterogeneous traffic. This model was used in [44] and more recently in the work in [45].
The works in [17, 46] study the scheduling of heterogeneous traffic over wireless links. The
objective of both the schemes is to determine the order in which the packets in the queue
should be transmitted, thus allowing for only a single packet to be transmitted in a frame.
Furthermore, the high computational cost of both the schemes is a disadvantage. The cross-
layer mechanism in [49] exploits coupling between the physical and MAC to achieve muiti-
user diversity. However, because the scheme does not consider the type of traffic being
transmitted, the opportunity for diversity across multiple classes of traffic with different QoS

requirements is missed. In this chapter the benefit of exploiting diversity across multiple

classes of traffic is discussed.
4.3 System model QoS provisioning cross-layer design

A cross-layer multiuser scheduling scheme with prescribed QoS guarantees in adaptive
wireless networks was proposed in [29-30]. In these schemes traffic is classified into types
and each type has a certain set of QoS requirements. The cross-layer mechanism, which is a
combination of a multiuser scheduler at the medium access control (MAC) sub-layer of the
data link layer and the adaptive modulation and coding (AMC) of the physical layer,

coordinates the transmission of the different types of traffic while adapting to the channel

variation for each user.
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Figure 4-1: Wireless link from the central unit to each user

Figure 4-1 models the proposed system considered in [29]. The link between one of the
multiple users or nodes connected to a central unit which could be a base station or a
backbone gateway is shown. The transmissions are assumed to be over wireless fading

channels using time-division multiplexing/time-division multiple-access (TDM/TDMA).

A finite length buffer is implemented at the central unit for each user and operates in a first-
in-first-out (FIFO) mode. The AMC controller follows the buffer (queue) at the central unit
(transmitter) and the AMC selector is implemented at each user (receiver). The processing
unit at the data link layer is a packet consisting of multiple information bits. The processing
unit at the physical layer is a frame consisting of multiple transmitted symbols. It is assumed
that multiple transmission modes are available at each user, with each mode representing a
pair of a specific modulation format and a FEC code as in the HIPERLAN/2 and the IEEE
802.11b standards. The modes are designed such that the transmission rate R, (bits per
symbol) is in ascending order with the index n. Thus the rates from modesn = 1,2, ..., 5 are
R, = 0.5,1.0, 1.5, 3.0,4.5 bits/symbol respectively. The details of the transmission modes
can be found in [29, Table I]. Based on the channel estimation obtained at the receiver, the
AMC selector determines the mode n, which is sent back to the transmitter through an error
free feedback channel, for the AMC controller to update the transmission mode. Coherent
demodulation and maximum-likelihood (ML) decoding is used at the receiver. The decoded

bit streams are mapped to packets which are then transferred to the data link layer at the

receiver.
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Figure 4-2: Packet structure at each layer

Figure 4-2 shows the packet structure at each layer of the cross-layer scheme [29]. At the
data link layer, each packet contains a fixed number of bits (N, ), which includes the packet
header; data payload and the cyclic redundancy check (CRC) bits. The packet is then passed
to the AMC module which uses mode n of rate R,, to map the bits into a symbol block
containing N, /R, symbols. At the physical layer, the data is transmitted frame by frame
through the fading channel. A block fading channel is assumed in which the channel is
frequency flat and remains constant per frame but varies from to frame. Thus the AMC
module adjusts its parameters in a frame by frame basis. With TDM, each frame is divided
into N, + Ny time slots, where N, time slots contain control information and pilots and Ny

contains the data. The data slots are scheduled to different users with TDMA dynamically.

The packet error rate (PER) QoS target is guaranteed by the operation of the AMC module at
the physical layer [29]. The objective of the module is to maximize the data rate by adjusting
transmission parameters to the channel conditions, while maintaining a prescribed packet
error rate Py. Assuming the AMC uses N number of transmission modes, the entire SNR
range is partitioned into N + 1 non-overlapping consecutive intervals with boundary points
denoted as {y,}X5. The mode selector at the receiver selects mode n when y € [y, Yoy 1).
The design objective of the AMC is to determine the boundary points {y,}N3 so that the

average packet error rate for each mode is exactly P,. The details the AMC module design

can be found in [29] and the references therein.
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4.4 Limitation for current system

The limitation of this cross-layer scheme can be found in the method it uses to guarantee the
packet error rate (PER) QoS targets for different classes of traffic. Multimedia transmission
consists of voice, video and data traffic, and each class of traffic has its own QoS target in
terms of packet error rate. Typical PER targets for voice, video and data are 107%,107 and
10~* respectively [44]. However, since the AMC module only guarantees a single value for
PER in its design, once a target PER Py has been chosen for a frame (depending on the QoS
requirement of the type of traffic being transmitted), then only that type of traffic can be
inserted into the frame. If P, is set for voice traffic then, although the AMC will ensure that
the PER target for voice will be met, the PER will not be low enough for video or data, if
such traffic were to be inserted into the frame. At the other end of the scale, if the PER target
is set for data traffic, the AMC system operation will be inefficient in its transmission of
voice and video traffic. The functional limitation is shown diagrammatically in Figure 4-3
and Figure 4-4, where the packets in a frame labelled ‘V’ represents voice packets while ‘D’
represents data packets. The current system will allow the scheduling of a frame structure as

shown in Figure 4-3 but not one that is shown in Figure 4-4.

Pilots + control info \Y) \Y \Y) \Y) Vv Vv Frame

Figure 4-3: Frame structure allowed in the current system

Pilots + control info \Y) Vv Vv D D D Frame

Figure 4-4: Frame structure not allowed in the current system

Echoing the comments made by the authors in [30] it is proposed in this thesis that the
efficiency of the resource allocation module of a cross-layer QoS provisioning system would
be noticeably higher if heterogeneous traffic could be inserted into a single frame and it had
a finer control over the allocation of resources for the different classes of traffic being
transmitted. In order to facilitate this functionality, the paradigm of the cross-layer design
discussed in this chapter is extended in the next chapter where the AMC and data link
module is combined with a channel adaptive coding mechanism at the application layer to

guarantee QoS performance in terms of PER for voice, video and data traffic.
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4,5 Conclusion

A QoS provisioning cross-layer design has been discussed in this chapter. The system model
and operation of the scheme was briefly outlined. More importantly, it was discussed how
the scheme’s mechanism for guaranteeing packet error rate for different multimedia traffic
types has a functional limitation, which if overcome can lead to improvements in terms of
resource allocation efficiency. The next chapter discusses a cross-layer mechanism which
will overcome the functional limitation discussed in this chapter and facilitate the

improvement in terms of efficiency.
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Chapter 5

Physical and application layer cross-layer

design for multimedia traffic transmission

5.1 Introduction

A physical and data link layer cross-layer mechanism for guaranteeing PER targets in
wireless channels was discussed in the last chapter. An analysis of the operation of the cross-
layer design showed that it introduces functional limitations in that a physical layer frame
can only contain one class of traffic. In this chapter the cross-layer mechanism is extended to
include a channel adaptive coding scheme at the application layer which offers adaptive error

protection depending on the class of multimedia traffic being transmitted in the frame.

The concept of combining the physical and the application layer for error protection has been
applied in the area of video transmission over wireless links [50-51]. The physical layer
parameters are adapted to the different channel conditions while an application layer FEC
provides an additional error control strategy. The novelty in the use of an application layer
FEC for video transmission is that it can offer the flexibility of unequal or selective error
protection. A multiple description source encoder splits a video stream into multiple bit
streams or descriptions, and each sub-stream has a different priority. The priority is based on
the level of fidelity with which each sub-stream describes the original stream. Thus a higher
level of FEC protection is then applied to a high priority bit-stream than one with a lower

priority.

The system proposed in this chapter applies the unequal error protection concept mentioned
above to the three classes of traffic to be transmitted over the wireless link. Data traffic has
the highest priority in terms of QoS error protection and receives the highest level of
protection while voice traffic, having lowest priority, receives the lowest level of protection,

and the level of protection for video traffic is in between the two.
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5.2 System model

5.2.1 System description

The system under consideration has multiple users or nodes connected to a central unit
which could be a Base Station or a backbone gateway for a WLAN or ad hoc network. Each
user/node is connected to the central unit over the wireless channel using time-division
multiplexing/time-division multiple-access (TDM/TDMA). Only the downlink is considered

in this system, with the assumption that the results for the uplink would not be dissimilar.

The wireless link between two nodes is shown in Figure 5-1,

Transmitter Receiver

~\

-

Buffer
: Fading A
AMC J R AMC J
Channel
. feeeeren... Fed back Channel

Figure 5-1: Wireless link between communicating nodes

This is a modification of the model used in other AMC schemes, as the ones presented in

[29-30]. The main differences between these schemes and the one proposed in this chapter

are as follows:

a) The schemes in [29] and [30] only accommodate one class of traffic while the

proposed scheme accommodates multiple classes of traffic.

b) The schemes in [29] and [30] use only the physical and data link layer while the
proposed cross-layer design adds a third layer, in the form of the application layer, to

cater for multiple classes of traffic.

In the proposed scheme, the AMC module at the physical and data link layer provides a

certain level of error protection which is the same as in [29-30]. The application layer
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module, using an adaptive application layer coder, provides additional error protecting to
different classes of traffic by varying its coding parameters; depending on the channel
conditions and the class of traffic being transmitted. Thus the three layers combine to
guarantee QoS (in terms of error performance) to various classes of traffic. A buffer (queue)
is implemented at the central node for each user and operates in a first-in-first-out (FIFO)
mode. The AMC module follows and precedes the buffer at the transmitter and receiver
respectively. The AMC controller is implemented at the central node (transmitter) and an

AMC channel estimator at each user (receiver).

The traffic (voice/video/data) streams are encoded by the coder at the application layer to
form code blocks. These code blocks are passed to the data link layer as packets which are
then stored in the buffer waiting to be served by the AMC module of the physical layer.
After the AMC module processing, the symbols are packaged into a frame which is
transmitted over the wireless channel. The AMC module allows each user to have multiple
transmission modes, each of which represents a pair of a specific modulation format and an
FEC code. Such transmission modes are implemented in systems operating the
HIPERLAN/2 and IEEE 802.11a protocol standards. Channel estimation is done at the
receiver and the results are fed back to the transmitter. This information is fed to both the
AMC controller and the adaptive application layer coder, and they adjust their parameters
accordingly. The channel state information (CSI) is used by the AMC controller to determine

a modulation-coding pair (or mode) and by the application layer coder to determine a coding

rate.

5.2.2 Packet structure at various layers

e The application layer: The voice, video or data packets are encoded into Reed
Solomon (RS) code blocks. The encoder takes k data symbols of L bits each and
adds parity symbols to make an n symbol code word/block.

e The data link layer: Each packet contains a fixed number of bits (Np) and this
includes the packet header, the payload from the application layer coder and cyclic
redundancy check code (CRC) bits. Each packet is mapped to a symbol block
containing Ny, /R,, symbols where R,, is the rate for mode n.

® The physical layer: Each frame contains a fixed number of symbols (N;). The
symbol rate is fixed and so the frame duration (Tf) remains constant. With TDM, the
frame is divided into N, + N, time slots, where N, is the number of time slots with

control information and pilots while Ny is the number of time slots that convey the
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data being transmitted. Each time slot contains a fixed number of Ny /R, symbols
[29]. Given a transmission mode n, each time slot will then contain R, /R, packets.
For example a time slot will contain R,,/R, =1 packet with moden =1, R,,/R, =
2 packets with mode n = 2 etc.. The data time slots are scheduled to different users
using TDMA dynamically. The aim of this work is to allow various class of traffic to

be transmitted to one user or many users in the same frame.

The data structures at the interacting layers are shown in Figure 5-2.
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Figure 5-2: Data structures at the interacting layers
5.2.3 Operating assumptions

The channel model assumed for this system is a block fading model where the channel
between users is frequency flat and invariant for the duration of one frame, but varies from
frame to frame. Such a model is suitable for slowly varying wireless channels [30]. The
adaptive schemes at the physical and application layer are then adjusted on a frame-by-frame

basis. Perfect CSI is available at the receiver which is derived from training-based channel
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estimation. The feedback channel is assumed to be error free and instantaneous, thus the

determined SNR value is fed back to the transmitter without error and latency.

5.3 System design

5.3.1 Physical layer

The objective of the adaptive algorithm at the physical layer is to maximize the data rate,
while maintaining the required bit error rate (BER) performance at a target value. The
transmission modes (no coding is used currently in the system) at the physical layer are
arranged such that the rate increases as the mode index n increases. This is shown in Table

5-1.

Table 5-1: Boundary points for adaptive non-coded modulation, given BER =1 X 1073

Mode (n) 1 2 _ 3 4 5 6 7

M BPSK | 4QAM | 8QAM | 16QAM | 32QAM | 64QAM | 128QAM
SNR(dB) | 6.79 10.25 13.93 17.24 20.39 2347 26.52

R, 1 2 3 4 5 6 7

Let N denote the total number of transmission modes available. Assuming constant power,
the received SNR (y) range is partitioned into N + 1 non-overlapping consecutive fading

intervals with the boundary points denoted as {y,, }n23-
Mode 7 and thus the constellation size M is chosen when: ¥ € [V, Yn+1) forn=1,2,..,N

To avoid deep fades, no payload bits are sent when the SNR (y) is below a certain threshold
(y1)- Table 5-1 shows the boundary points for the non-coded modulation scheme for a target
BER value of 10” (appropriate for voice traffic) using M-QAM over an AWGN channel.
The expressions used to determine the boundary points for the adaptive M-QAM system are

derived in [22] as detailed in chapter 2 and are reproduced here as

v1 = lerfc Y (2BERy)]?, for BPSK , 5.1
Vo = %KO(Z” —~1); n=23,..,N;for M-QAM , (52)
Yn+1 = + 00, (5.3)
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where erfc~1(.) denotes the inverse complementary error function and K, = —In(5BERy).
All of the thresholds or boundary points (except for y4) are calculated using (5.2), which is
the inverse of the following BER approximation [22, eq 28]

—3y ) (5.4)

Pb(}/) = 0.2€Xp ('Z(Tﬁ

As discussed in chapter 2, the authors in [22] motivate the use of the approximation by the
fact that both (5.4) and its inverse (5.2) are very simple functions which lead to closed-form
analytical expressions and that further insights are unattainable with more complicated BER
expressions. However, (5.4) is an upper-bound for the BER only for M > 4 and thus y, is
chosen according to the exact BER performance of BPSK. The inverse of (5.1) used to
determine the BER performance of BPSK is given by:

BERgpsk(v) = Q(\/Z_}’) (5.5)

When the switching thresholds are chosen according to the boundaries using (5.1) and (5.2),
the physical layer will ensure a BER performance that is below the target BER.

5.3.2 Application layer

The BER performance target chosen at the physical layer was 107. This error target,
although sufficient for voice applications, is not low enough for more demanding
applications such as video and data. In order to accommodate these types of traffic in the
system, additional error protection is required. The variable error protection is achieved in

this cross-layer design (CLD) system using Reed-Solomon (RS) codes at the application
layer.

The metric for error rate performance in most applications, such as video, is the frame error

rate. The analytical expression for frame error rate for general RS codes is as follows.

The frame error probability (Pr,) can be expressed as shown in (5.6):

N -
Pre = Zz=t+1(k)(1_Ps)N szk, (56)

4]



where N is the number of code symbols per frame, t the number of code symbols that the

code can correct, P, the symbol error probability and k the number of data symbols.
Then, P;, can be expressed as

P=1— (1-Py)t, (5.7)

where P, is the bit error probability (calculated using (5.4)) and L the number of bits per

code symbol.

The frame error rate was evaluated for RS(127, k) and RS(63, k) codes with error correcting
capabilities of £ = 1, 2, 3 and 4 over an AWGN channe! within the range for each mode of
the AMC module. The frame error rate performance for RS(127, k) and RS(63, k) can be

seen in Figure 5-3 and 5-4, respectively.
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Figure 5-3: Frame error rate performance for RS(127,k)
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Figure 5-4: Frame error rate performance for RS(63,k)

The k value, i.e., the level of protection for each class of traffic, depends on the Py, target
and the SNR value fed back from the receiver. The boundaries in the SNR range for each k
value was determined by setting P, targets for each class of traffic. The target Pp, for
voice, video and data was 10™, 107 and 10™ respectively. These target values are similar to
those used in the performance evaluation of the scheme in [44], but in this case they are used
to design the SNR thresholds for the level of protection at the application layer for each class
of traffic. The k values and the respective SNR threshold values guaranteeing the P, target

for each traffic class was determined numerically using expressions (5.6) and (5.7).

The overall operation of the cross-layer design is as follows. There is a separate queue at the
central unit for each active traffic session with the users with which it is communicating.
Before the transmission of a frame, once it obtains the CSI information (i.e. the channel
gain) from the receiver, the AMC module uses the value to select the appropriate mode,
ensuring that BER rate is no higher than 10”. The channel gain information is also passed to
the application layer coder and it uses the value to determine k in a RS (n, k) code for each
class of traffic being transmitted. Thus a different k value will be selected for voice, video
and data traffic, and this value will be used by the RS encoder. The output code blocks,
which could contain any of the three classes of traffic, are passed to the AMC module as

packets. The AMC module then produces symbol blocks using the selected mode and they
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are inserted into the time-slots of the frame to be transmitted. The process is reversed at the
receiver. The AMC module processes the received frame and produces packets which could
be either a voice, video or data packet. At the application layer, the packet header is
examined to find out the k value that was used in the encoding process and this is then
passed to the RS decoder. The decoder then decodes the packet and passes it to the

appropriate application.

The two interacting layers (application and physical) are combined to guarantee that the
target error rate for each class of traffic being transmitted is achieved. However, they operate
quite independent of each other since the physical layer makes no distinction between the
packets that it receives from the application layer. The packets are inserted into the frame
which is modulated by a single AMC mode. Thereafter, the application layer encoder, given
the channel gain, selects the k value depending on the class of traffic being transmitted and
uses this to encode the packets. Due to this independence, a frame can contain a mix of
voice, video and data traffic. This is the ideal form of cross-layer design in which inter-layer

coupling is used to achieve a design objective without compromising the structure of the

layers.
5.4 System performance

The first task in the system performance analysis was to determine the theoretical
performance of the system using the threshold boundary points and analytical expressions
for both the AMC module at the physical layer and the variable error protection system at the
application layer. The number of bits for each RS code symbol (L) used was 8 bits.
Shortened (255, k) RS codes were employed with a codeword length (N) of 127 for voice
traffic and 63 for video and data traffic. The performance of the three classes of traffic was

determined separately using (5.4) — (5.7), and can be seen in Figure 5-5, 5-6 and 5-7 for

voice, video and data respectively.
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Figure 5-7: Frame error rate performance for data traffic

The system was then simulated at certain SNR points over an AWGN. The message or
packet length was NxL and was modulated at the physical layer by the schemes shown in
Table 1. Initially the results of the simulations showed noticeable difference from the values
expected from the theoretical evaluations for modes with M, = 4. This was due to the
analytical expression (5.4) which, as discussed in chapter 2, is only an approximation for
modulations with M,, > 4. Due to the sensitivity of the BER performance on the frame error
rate results, this difference resulted in the divergence from the theoretical result at the
application layer. A compensation factor was introduced that shifted the curves at the
physical layer to match the result of the analytical approximation with that derived from the
simulation. The boundary points were adjusted accordingly. This resulted in a much tighter
fit of the simulation and theoretical results of the overall system, as can be seen in Figure 5-
5, 5-6 and 5-7. The objective of these experiments was to prove that the design decisions
made in the formulation of the scheme were valid for the purposes of meeting the targets of
the cross-layer design. It was also important to prove that an implementation of the physical
and application layer cross-layer design would produce the same results as that expected

from theory. Thus the simulations were conducted to verify the analytical results.

The graphs in Figure 5-5 to 5-7 show that the performance of the adaptive application and

physical layer cross-layer design system meets the target for all three classes of traffic across
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the channel SNR range. The frame error rate goes no higher than 107, 10”2 and 10 voice,
video and data respectively. Thus, having met this objective, the system will allow for the
insertion of any of the three classes of traffic, in any combination, in a single physical layer
frame without the danger of not meeting frame error rate QoS targets, thus fulfilling the
purpose of the proposed cross-layer design system. The overall system benefits include the
increased efficiency of the resource allocation mechanism which will now have a fine grain
control of the available system resources (timeslots) when scheduling the three classes of

traffic.

Figures 5-5 to 5-7 also show the effect of removing the adaptive application layer coder from
the system which results in the Pr, for each class of traffic being much higher than the set

target. This shows the ineffectiveness of only using the adaptive physical layer mechanism in

meeting the error rate QoS targets.

5.5 Conclusion

In this chapter a physical and application layer cross-layer mechanism was proposed which
will facilitate dynamic resource allocation where more than one or all three classes of traffic
considered can be transmitted simultaneously in one frame. The system was designed with
the assumption that a block fading channel can be modelled using an AWGN channel and

simulation results were used to verify the expected results from the analytical design of the

system in such a channel model.

47



Chapter 6

Cross-layer design for multimedia traffic

transmission in a fading channel

6.1 Introduction

It was shown in chapter 2 that the approximation BER expression for M-QAM in AWGN
(2.1) that is commonly used to design channel adaptive physical layer systems results in
inaccuracies when used in a fading channel. This expression was also used in the last chapter
for the design of the AMC module of the physical and application layer cross-layer design
with the assumption that slowly varying block fading channels can be modelled as AWGN
channels. The system analytical expression, verified by simulations, showed that the simple
approximation BER expression is useful in the design of the system for AWGN. However, in
this chapter, the more accurate method derived in chapter 3 to calculate the system BER for
M-QAM in fading channels will be used to determine the adaptive M-QAM threshold points

and physical layer performance for the cross-layer design mechanism.

6.2 System design

The system model, the packet structure, the operating assumptions and the functionality of

the cross-layer mechanism is as mentioned in section 5.2. The changes are made to the

system design which are as follows.
6.2.1 Physical layer

Assuming there are N transmission modes available, the SNR range is partitioned into N + 1

fading intervals. The system is modified in that in that BPSK is no longer used. Thus the

index for the threshold boundaries {y, }}i-, now begins at 2 and y, (as opposed to ;) is set

to 0. The outage region is modified to y; <y < y,.

The system design in this chapter is for a m = 2 Nakagami-m fading channel, however the

same procedure can be used for other Nakagami-m channels. Table 6-1 shows the boundary
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points for the adaptive M-QAM for the m = 2 Nakagami-m channel for QoS BER target
(BERy) of 1 X 1073,

Table 6-1: Boundary points for adaptive M-QAM modulation over the m = 2 Nakagami-m
fading channel for BERy = 1 x 107°

‘ ol SN e
40AM | 8QAM Hl'é'QAM T 320AM | 64QAM \ 128QAMJ
17.40 21.50 23.67 26.50 j 29.29 ‘ 32.06J

As shown in section 3.4 of this thesis, the values for the boundary points were determined
numerically using the approximation for the average BER of M-QAM in a Nakagami-m

fading channel and is given by

m

PM__al(Zm) a(m)m
vMP) = V2 Tm ¥ b7 m + by

p-1 =
; (1_a);(m;:i‘by) Z (757 +by> }

(6.1

1 _ _Es o _ _ nEs g,
where, a = (1_ﬁ)’b (M D . §; = 2sin? (p),y—No,y—E[y]—!)No,kls the
number of bits per symbol, p is the number of summations, m is the Nakagami fading

parameter and M represents the M-QAM modulation.

When the adaptive M-QAM switching thresholds are chosen according to the boundaries

shown in Table 6-1, the physical layer will ensure a BER performance that is below the
target BER.

6.2.2 Application layer

As mentioned in section 5.3.2, the BER target (BER,) of 1x 10™% would only be
sufficiently low for voice traffic and the adaptive system would not be able to insert video or
data traffic in the same physical layer frame. In order to accommodate these types of traffic

simultaneously, additional error protection is required and this is achieved by the user of

adaptive RS coding at the application layer.
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In order to determine the threshold boundary points for the adaptive RS coding scheme, the
frame error rate was evaluated for RS(127, k) and RS(63, k) codes with error correcting
capabilities of £ = 1, 2, 3 and 4 over the m = 2 Nakagami-m fading channel. The expression

used is given by
N (6.2)
N -
Pre = Z (k) (1_Ps)N szk'

k=t+1

where N is the number of code symbols per frame, t the number of code symbols that the

code can correct, P, the symbol error probability and k the number of data symbols.

Then, P, is given by

P,=1- (1- Py, (6.3)

where P, is the bit error probability (calculated using the approximate average BER
expression (6.1), which is different to the one used in Chapter 5) and L the number of bits

per code symbol. The frame error rate performance can be seen in Figure 6-1 and 6-2.

= - = = = Voice frane-enorlatget -

10"

Frame error rate
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Figure 6-1: Frame error rate performance for RS(127,k)
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Figure 6-2: Frame error rate performance for RS(63 k)

Using the process discussed in section 5.3.2, the boundaries in the SNR range for each k
value (depending on the level of protection for each class of traffic) was determined by
setting Pf, targets for each class of traffic. The target Py, for voice, video and data was 107,
10 and 10 respectively. Diagrammatically the target error rate for voice traffic is shown in
Figure 6-1, and for video and data it is shown in Figure 6-2 using a solid and a dashed line
respectively. The boundary point for a k value for each class of traffic is calculated
numerically using (6.2) at the point in the graph where the corresponding t value curve
crosses the Py, target line for that class of traffic. The boundary points for the adaptive M-
QAM at the physical layer and adaptive RS coder at the application layer application layer
are shown for voice, video and data traffic are shown in Table 6-2, 6-3 and 6-4 respectively.
The calculation of these boundaries completes the design of the physical and application
layer cross-layer mechanism in a m = 2 Nakagami-m fading channel. As stated previously,

the same process would have to be followed for other Nakagami-m fading channels.
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Table 6-2: Boundary points for voice traffic transmission

Voice (Pre target = 10E-1)
Left boundary (dB) | Right boundary (dB) | Transmission
0 17.40 | No transmission
Phys. Layer 4QAM
App. Layer 17.40 18.86 | N=127 k=123
18.86 2150 | N=127 k=125
Phys. Layer 8QAM
App. Layer 21.50 2218 | N=127, k=123
22.18 23.67 | N=127, k=125
Phys. Layer 16QAM
App. Layer 23.67 25.16 | N=127 k=123
25.16 26.50 | N=127 k=125
Phys. Layer 32QAM
App. Layer 26.50 28.00 | N=127 k=123
28.00 29.29 | N =127, k=125
Phys. Layer 64QAM
App. Layer 29.29 30.79 | N=127 k=123
30.79 32.06 | N=127 k=125
Phys. Layer 128QAM
App. Layer 32.06 33.56 | N=127 k=123
33.56 o | N=127 k=125

Table 6-3: Boundary points for video traffic transmission

Video (Pre target = 10E-2 )
Left boundary (dB) | Right boundary (dB) Transmission
0 17.40 | No transmission

Phys. Layer 4QAM
App. Layer 17.68 2115 | N=63 k=59

21.15 21.50 | N=63, k=61
Phys. Layer 8QAM
App. Layer 21.50 23.67 | N=63 k=59
Phys. Layer 16QAM
AL 23.97 26.50 | N=63, k=59
Phys. Layer 32QAM
App. Layer 26.80 29.29 | N=63 k=59
Phys. Layer 64QAM
App. Layer 29.59 32.06 | N=63 k=59
Phys. Layer 128QAM
App. Layer 32.36 34.88 | N=63 k=59

34.88 © | N=63 k=61
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Table 6-4: Boundary points for data traffic transmission

Data (Pre target = 10E-4 )
Left boundary (dB) | Right boundary (dB) | Transmission
0 17.40 | No transmission
Phys. Layer 4QAM
App. Layer 17.60 19.11 | N=63, k=55
19.11 21.50 | N=63, k=59
Phys. Layer 8QAM
App. Layer 21.50 2243 | N=63, k=55
22.43 23.67 | N=63, k=59
Phys. Layer 16QAM
App. Layer 23.89 251 | N=63, k=55
25.1 26.5 | N=63, k=59
Phys. Layer 32QAM
App. Layer 26.72 2825 | N=63, k=55
28.25 29.29 | N=63, k=59
Phys. Layer 64QAM
App. Layer 29.51 31.04 | N=63, k=55
31.04 32.06 | N=63, k=59
Phys. Layer 128QAM
App. Layer 32.28 33.82 | N=63, k=55
33.82 ® | N=63 k=59

6.3 System performance

The performance analysis of the cross-layer scheme in a fading channel is presented in this
section. The expected theoretical performance of the system in the m = 2 Nakagami-m
fading channel using the threshold boundary points for both the physical and application
layer for the three classes of traffic were determined separately using expressions (6.1) —
(6.3) and are shown in Figure 6-3, Figure 6-4 and Figure 6-5 for voice, video and data
respectively. The number of bits for each RS code symbol (L) used was 8 bits and shortened

(255,k) RS codes were used with a code length (N) for voice traffic and 63 for video and
data traffic.

53



10 ) '
- —&— Theory
e = i - O Simulation
10" -
o)
©
£
()]
[1}]
£
©
o . | ! ,
102:’ \
| ‘ : :
10° - =S

18 20 22 24 26 28 30 32 34 36 38 40
Average SNR per symbol [dB]

Figure 6-3: Frame error rate performance for voice traffic in m = 2 Nakagami-m fading
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Figure 6-4: Frame error rate performance for video traffic in m = 2 Nakagami-m fading
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Figure 6-5: Frame error rate performance for data traffic in m = 2 Nakagami-m fading

The cross-layer design was then simulated at certain SNR points over a m = 2 Nakagami-m
fading channel using the simulation method discussed in chapter 3. A slowly varying block
fading channel was used. As in chapter 5 this was done to prove that the results of the
system implementation in a simulation environment would match the expected theoretical

results. The graphs in Figure 6-3, Figure 6-4 and Figure 6-5 show that the simulation results

verify the analytical results.

The results in Figure 6-3, Figure 6-4 and Figure 6-5 show that the performance of the
adaptive physical and application layer cross-layer mechanism meets the target for all three
classes of traffic across the system SNR range in a m = 2 Nakagami-m fading channel. A
similar conclusion can be made regarding the system in other Nakagami-m fading channels.
Thus the channel adaptive cross-layer design meets its objective of allowing for the insertion
of multiple classes of traffic in a single physical layer frame while operating in a fading

channel while guaranteeing the error rate QoS target for each class of traffic.

The link spectral efficiency performance of the cross-layer system was analysed foram = 2
Nakagami-m fading channel and is presented next. The average link spectral efficiency of

the physical layer of the system is determined first using (6.4) [22].
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N
<$>=anan (6.4)
n=1

where the average link spectral efficiency < R >/W is the rate per unit bandwidth (in units
of bits/sec/Hz) of the adaptive M-QAM system over the m = 2 Nakagami-m fading channel
is the summation of the date rates for each mode n (n = log,(M)) associated with the
N + 1 regions (N is the highest M-QAM modulation used), weighted by the probability that
the SNR y falls in the nth region. The variable a,, is expressed as

P (m =57 -1 (m )

r(m) '

(6.4)

Yn+1
ay =f py(y) dy =
Yn

where m is the Nakagami fading parameter, I'() is the gamma function defined by I'(m) =

f(:oym'iexp(—y)dy, I'(.,.) is the incomplete gamma function defined by I'(x,a) =

%fox e~tt* 1dt and ¥ is the average SNR per symbol defined in (2.5) [22].
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Figure 6-6: Spectral efficiency of M-QAM inanm = 2 Nakagami-m fading channel
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Figure 6-6 shows the average link spectral efficiency of the adaptive M-QAM system at the
physical layer for the m = 2 Nakagami-m fading channel with a BER target (BER,) of
1 % 1073. The number of N + 1 regions in that 6 regions represents the use of 4-QAM to
128-QAM, § regions represents the use of 4-QAM to 64-QAM etc. As it would be expected,
the graph shows that the average spectral efficiency reduces at the higher SNR regions as the
number of regions decreases. The average link spectral efficiency of the physical and
application layer cross-layer scheme is then determining by further multiplying the
expression inside the summation in (6.4) with the RS code rate used in each SNR bin of the
application layer for the three classes of traffic transmitted. The code rate for a particular
application layer SNR bin can be determined from Table 6-2 to 6-4 for voice, video and data
traffic, respectively. The average system link spectral efficiency, using 6 regions at the
physical layer, RS(127, k) for voice traffic and RS(63, k) for video and data traffic at the
application layer is shown in Figure 6-7, Figure 6-8 and Figure 6-9 for voice, video and data
transmission respectively. As the graphs show, the spectral efficiency is reduced when
compared to the uncoded physical layer adaptive M-QAM system and this is due to the
insertion of the additional parity symbols at the application layer. The system spectral
efficiency further reduces for video and data traffic when compared to voice traffic as the RS
code rate is lower because a higher level of error protection is required for these two classes

of traffic. The optimization of the system link spectral efficiency for the transmission of the

three classes of traffic is left for future work.
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6.4 Conclusion

In this chapter the system design of the physical and application layer cross-layer mechanism
proposed in this thesis was modified for it to operate in a Nakagami-m channel. An accurate
approximation average BER for M-QAM in a fading channel was used for the design of the
adaptive M-QAM thresholds at the physical layer. The system theoretical performance,
verified by simulations, showed that it meets its objective of guaranteeing error rate QoS

targets for multiple classes of traffic in a single physical layer frame.
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Chapter 7

Conclusion and Future work

Guaranteeing quality of service (QoS) for the transmission of multimedia traffic over
wireless links has become essential if these applications are to receive wide spread
acceptance. The challenges of providing QoS guarantees for multimedia traffic transmission
over fading channels have been highlighted in this thesis. The limitation of the classical
layered architecture in the communications structure was discussed and motivations for the
cross-layer design methodology, in which the interdependence between interacting layers
exploited for system optimization, was given. The application of cross-layer design for QoS
provisioning was then discussed through examples of cross-layer schemes in dynamic

resource allocation, scheduling and transmission of multimedia content over wireless links.

Many of the cross-layer mechanisms referenced, and the one proposed in this thesis, use a
channel adaptive physical layer. An adaptive M-QAM has been commonly used because it is
an efficient adaptive modulation method. However, much of the work that has applied this
method uses the assumption that thresholds for adaptive M-QAM designed for AWGN
channels can be directly applied to slowly varying block fading channels. These thresholds
are calculated with a commonly used approximate BER expression in these schemes. The
accuracy of the use of this commonly used expression in a fading channel was investigated
by comparing the result of the average BER expression derived using the approximate
expression with the results of simulations over a Nakagami-m block fading channel. The
comparison of the results showed a significant difference (a gap of up to 4dB for 128-QAM)
between the average BER computation and the simulation. Simulation results were also used
to show that the inaccuracy in the threshold values determined using the closed form

approximate BER expression will lead to inappropriate operation of the adaptive M-QAM

scheme in a fading channel.

In order to improve the accuracy of the channel adaptive M-QAM system BER performance
in a fading channel, the average BER over a Nakagami-m fading channel was re-derived
using two alternative approximate BER expressions for M-QAM in AWGN. One of the

average BER expressions was then used to determine the threshold values for the adaptive
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M-QAM system. Simulation results were then used to verify the accuracy of the new

threshold points and the new average BER expression over the Nakagami-m fading channel.

The cross-layer design for QoS provisioning problem was then analysed more deeply, and it
was noted that most of the schemes only focus on the interaction between lower (physical
and data link) layers and ignore the possibility of sharing information with higher layers in
the optimization process. One particular QoS provisioning cross-layer scheme is analysed
and it is shown that this introduces functional and efficiency limitations which could be
overcome if higher layers were incorporated. One such limitation that was discussed was the
inability to insert more than one class of traffic in a physical layer frame. A novel cross-layer
design which overcomes this limitation was then presented. The concept of unequal error
protection was used to combine a channel adaptive coding scheme at the application layer to
a channel adaptive physical layer in the design of the cross-layer scheme which will allow a
resource allocation mechanism to insert three different classes of traffic, namely voice, video
and data in a single physical layer frame. The cross-layer system was designed for the
AWGN and a Nakagami-m channel and simulation results were used to show that it meets
the objective of guaranteeing error rate QoS targets for all three classes of traffic in the

operable signal-to-noise range.

The aim of future work will be to design an efficient cross-layer resource allocation scheme
that will use the channel adaptive physical and application layer mechanism to guarantee
other QoS metrics such as throughput and probability of delay violation. Also, one of the
methods used to improve the system performance of wireless multimedia transmission
systems is space diversity reception. The most prevalent space diversity combing techniques
are maximal ratio (MR), equal gain (EG) and selection combining (SC). In order to reduce
the complexity of such techniques switched diversity reception methods such as switch and
stay combining (SSC) have been proposed. More recently, the concept of cooperative
communications has been applied to the well known SSC technique where a single decode
and forward (DF) relay is utilized to produce a virtual/distributed switch and stay combining
(DSSC) system. The application of adaptive system studied in this thesis to improve the

performance of a DSSC system in terms of throughput and delay violation will be part of
future work.

61



Appendix I

Derivation of the integral for (2.6):
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