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ABSTRACT

Wireless communication has witnessed a significant growth due to recent ad-
vances in technology. As a result, there has been a strong demand for various multi-
media services and applications over wireless channels. Typically, multimedia data is
large in volume with high bandwidth requirements; therefore multimedia communi-
cations over unreliable and bandwidth limited channels has been always a challenge.
In addition, the compressed multimedia data is highly sensitive to information loss
and channel bit errors. Transmission errors can cause decoding failure which will
distort the reconstructed image or video. Forward error correction (FEC) techniques
could be employed to reduce the effects of errors on the quality of the reconstructed
multimedia information. However, these error correction schemes inflict redundant
bits on the transmitted data resulting in a loss in the bandwidth efficiency. Thus,
the challenge resides in protecting the compressed multimedia data to ensure reli-
able transmission against hostile channel conditions while having less impact on the
bandwidth efficiency.

In this thesis, we outline a new approach to tackle the problem of reliable
image and video transmission over wireless channels. We propose an adaptive trans-

mission scheme that attempts to meet the available channel conditions through the
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adaptation of the modulation modes and channel coding rates. The proposed scheme
partitions the compressed image and video data into different bit streams with un-
equal importance as perceived by the human visual system. Then, it jointly considers
the estimated channel conditions and the importance of the transmitted bit stream
when deciding on the modulation mode and the coding rate. The proposed scheme
attempts to meet a predefined target bit error rate (BER) and yet avoids over pro-
tection, hence it improves the bandwidth efficiency which consequently increases the
effective transmission rate. The proposed scheme then decides on the transmission
parameters which meet the predefined target BER using an off-line lookup table.
This predefined BER is based on the sensitivity of the transmitted bit stream. The
results show that image transmission over Rayleigh flat fading channel using the pro-
posed adaptive modulation scheme achieves peak signal-to-noise ratio (PSNR) values
slightly less than those of a fixed-modulation system resulting in an insignificant im-
pact on the subjective quality of the reconstructed images. However, the spectral effi-
ciency of the proposed scheme is improved up to 460%. Results also demonstrate that
combining adaptive modulation and channel coding for image transmission provides
a graceful trade-off between image quality and spectral efficiency. For video trans-
mission, a modified version of the proposed scheme shows significant improvement in
the spectral efficiency while maintaining an average PSNR value of 32 dB across the
transmitted video frames with an acceptable perceptual quality and smooth playback.
Furthermore, the overall performance of the proposed scheme degrades gracefully in
the presence of imperfect channel estimation. In future work, the playback buffer
occupancy could be considered along with the channel condition and the importance

of the bit stream to reduce buffer starvation instants.
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CHAPTER 1

INTRODUCTION

Recently, wireless multimedia applications and services have undergone enormous de-
velopment due to the significant and continuing growth of wireless communications.
These applications demand reliable channels and high data rates. On the other hand,
wireless channels are characterized by their limited bandwidth and time varying con-
ditions. The challenge raised by the wireless communication lies in the contradiction
between the limited bandwidth offered by the channel and the large volume of multi-
media data as well as the strict quality of service (QoS) parameters (such as bit error
rate (BER), delay and latency) required by multimedia applications. The wireless
channel might also delay, lose, or corrupt individual packets. Losses have significant
impact on the perceived quality due to spatiotemporal error propagation. Thus, to
achieve the required high data rates and acceptable BER, the channel must be effi-
ciently used to guarantee a maximum level of perceptual quality from the end-user’s

perspective.

Typically, video services are demanding applications in terms of bandwidth
requirements, losses and delay bounds. Different video coding algorithms and stan-
dards have been introduced to enable smooth delivery of video services at an accept-
able quality over time varying and bandwidth limited channels. Since most of these
coding standards use lossy compression, the coded data stream becomes highly sen-
sitive to information loss and channel bit errors resulting in severe distortion in the
transmitted videos. Therefore an efficient video transmission scheme is always a goal

that requires careful considerations.

The increasing demand for wireless multimedia transmission has motivated a
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lot of researches on images and video communications over wireless systems. The
implementation of joint source and channel coding schemes to transmit digital im-
ages and videos were investigated in [1], [2], [3], [4], [5], [6], [7]. Error resilience cod-
ing [8], [9], [10] and power allocation techniques [11], [12], [13] proved to enable reliable
multimedia transmission over wireless channels. Error control methods [14], [15] and
power control approaches [16], [17] are very effective strategies for supporting QoS
in robust video transmission. Joint source coding and transmission power manage-
ment [18], and joint power control and FEC [19] provide robustness against channel

errors to minimize the amount of distortion in the received video sequence.

In this study, we address the application of joint adaptive modulation and
channel coding and for multimedia transmission over wireless fading channels. We
propose a new approach for selecting the appropriate modulation level and channel
coding rate which jointly considers the perceptual quality and bandwidth efficiency.
In this approach, the adaptation targets maximizing the bandwidth efficiency while
maintaining high peak signal-to-noise ratio (PSNR) for an acceptable perceptual qual-
ity. In this work, we used JPEG algorithm for image compression. Since not all
portions of the coded bitstream are equally important, our framework partitions the
bitstream into sub-streams with different quality and protects each sub-stream based
on its contribution to the final quality of the decompressed image. While for video
compression we focused primarily on the H.264/AVC codec because of its high com-
pression ratio and its error resilience. Through the data partitioning mode provided
by H.264/AVC, the video stream is classified into different layers, each characterized
by a different degree of importance in the decoding process. Thus, our transmis-
sion scheme allocates different protection levels to different portions of the video
data based on their sensitivity to errors. An algorithm is developed and used to se-
lect the appropriate modulation mode and channel coding rate in order to efficiently
protect the partitioned multimedia content against channel degradation. Simulation
results show that adaptation according to the channel condition enhances the spec-

tral efficiency and gives acceptable immunity against channel variations. While the
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adaptation according to the sensitivity of the compressed multimedia content proved
to prevent the channel from introducing unrecoverable errors and improve the quality

of the reconstructed data.

1.1 MOTIVATION AND CHALLENGES

The increasing demand for multimedia applications (e.g. HDTV, video conferencing,
video telephony and video-on-demand), motivates the need for designing a robust and

reliable transmission scheme over wireless channels.

A video stream consists of a sequence of still images (frames) displayed one
after another to imitate motion and interactivity. Each of these images requires a
large amount of storage and a fast and reliable channel for transmission. To reduce
the amount of transmitted data, data compression techniques are needed. Typically,
image and video compression algorithms achieve this by exploiting the inherent spa-
tial and temporal redundancies. However, these algorithms are designed to remove
spatial and temporal redundancies while assuming error free transmission. Hence,
compressed video and image bit streams are highly sensitive to channel errors. This
sensitivity is mostly because of the quantization and differential coding operations as
well as the spatial and temporal interdependencies. The use of variable-length coding
(VLC) in the erroneous compressed data would not allow even the non-corrupted

parts to be correctly decoded until after the next synchronization point is obtained.

On the other hand, wireless channels are characterized by their limited band-
width and time varying nature which poses other challenges on multimedia com-
munications. Moreover, data transmission over wireless channels is susceptible to
random bit errors due to a number of impairments, such as path loss, shadowing and
multipath fading. Therefore, when a compressed bitstream is transmitted over such
error-prone channels, the impact of bit errors might range from negligible, moderate,
to extremely severe. Sometimes a single error could render a whole bit stream useless

and might lead to the drop of the entire frame which typically degrades the quality
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of the reconstructed information.

In multimedia communications, distortion in the reconstructed information
can be classified into two types. The first type is the quantization distortion intro-
duced by the lossy source encoding schemes and the second type is distortion due to
channel errors. There are different ways to protect multimedia data against channel
errors. Error control schemes at the highest level can be divided into two classes,
namely, automatic repeat request (ARQ) and FEC. In ARQ schemes, a data block
is encoded for error detection and when an error is detected at the receiver then
retransmission is requested. Thus, these scheme are not suitable for time sensitive
applications. The other viable option is employing FEC where a data block is encoded
for error correction at the receiver without retransmission. However, FEC schemes
add overhead data to provide the necessary correction capability. Clearly, this results

a reduction in the effective data rate.

Another challenge is the time-sensitive nature of video information, where a
video frame must be correctly received and decoded before its playback time. In
addition, video frames exhibit interdependencies among themselves, whereby losing
an important frame leads to the loss of the consecutive frames. Thus, any video
transmission scheme has to provide sufficient robustness to handle these difficulties
and ensure that the quality of the decoded video is not overly affected by the channel
unreliability. Based on the previous discussion, the video quality could be improved by
selecting the appropriate transmission parameters not only according to the channel

conditions but also according to importance of the multimedia information.

1.2 CONTRIBUTION AND OUTLINE

The contributions of this work are as follows:

e Develop an adaptive modulation scheme for wireless image transmission over

Rayleigh flat-fading channels. Simulation results show significant improvement
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in the spectral efficiency when compared to a fixed-modulation system, while

maintaining an acceptable image quality.

e Develop an adaptive modulation and channel coding scheme for wireless image
transmission over Rayleigh flat-fading channel. Simulation results demonstrate
that such a collaborative adaptive modulation and channel coding provides
efficient use of the wireless channel to enhance the bandwidth efficiency. It
also shows that the proposed scheme provides an acceptable performance both

subjectively and objectively of the transmitted images.

e Extend the proposed scheme to video transmission over wireless Rayleigh flat-
fading channel. Simulation results show that a significant improvement in the
spectral efficiency can be achieved while maintaining an acceptable PSNR values
across the transmitted video frames with good perceptual quality and smooth

playback.

The proposed transmission schemes differ from previous work in that they exploit
the differential sensitivity of multimedia contents, where it adapts the modulation
modes and channel coding rates based upon the relative importance that each portion
has on the reconstructed images and videos to enhance the spectral efficiency while
keeping an acceptable perceptual quality. Sensitivity evaluation was performed to
assure the reliability and robustness of the developed transmission approach over
wireless channels. Results show that the overall performance degrades gracefully in
the presence of imperfect channel estimation. Although the proposed scheme was
implemented for JPEG and H.264/AVC codecs, it can be extended to other similar

coding schemes that use transform coding, motion compensation and entropy coding.

The rest of the thesis is organized as follows:

Chapter 2 provides a technical overview of JPEG and H.264/AVC coding standards

and introduces a comprehensive review of the literature. In Chapter 3, we describe
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the system model and explain the proposed adaptive transmission scheme. We will
also look into the performance of various modulation modes and convolutional codes
under flat Rayleigh fading conditions. In Chapter 4, the performance of the proposed
scheme is evaluated through computer simulations. It demonstrates the impact on
the bandwidth efficiency, BER performance, the objective and the subjective quality
of the reconstructed images and videos. In Chapter 5, we draw the main conclusions

and discuss the future work.



CHAPTER 2

BACKGROUND AND LITERATURE REVIEW

We addressed in Chapter 1 the challenges facing wireless multimedia transmission.
There is a large amount of work in the literature that has been done to mitigate the
impact of the transmission errors on the reconstructed data. In this chapter, we first
introduce a technical overview of JPEG and H.264/AVC compression standards which
is needed for a better understanding of both the literature review and the proposed
methodology in Chapter 3. Then we provide a summary of the methods that have

been developed and used for multimedia communications in the past few years.

2.1 OVERVIEW OF STILL IMAGE CODING: JPEG STANDARD

Various coding schemes have been proposed for lossy data compression. The Joint
Photographic Experts Group (JPEG) standard operates in three compression modes.
These are called the baseline sequential mode, the progressive mode and the hierar-
chical mode. The baseline sequential process of the JPEG standard is used for image

compression in this work.

2.1.1 Baseline sequential mode compression

In this mode, an image is partitioned into 8 x 8 non-overlapping pixel blocks from
left to right and top to bottom. Each block is DCT coded to produce 64 coeffi-
cients (one DC and 63 AC coefficients). These coefficients are then quantized and
entropy coded [20], [21], [22]. Figure 2.1 illustrates the JPEG’s baseline compression

algorithm.
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Compression
FEQEEEE!!EEEQQEEEQQEEEEI
Forward
DCT
""""" Source Coding | Eo;.,_med
—— T image

Inverse Inverse Entropy
DCT C:I Quantizer C: decoder

Reconstructed image Deco mpression

Figure 2.1: Block diagram of a baseline JPEG encoder.

The forward and inverse DCT are defined as follow:

FDCT:
77 . .
1 (20 + Dur (25 + Dorw
S | 2.1
S 4C’qu ZEZO ZE:O Sij cos G coS G (2.1)
IDCT:
77 . .
1 (2i+ Dur (25 + 1)ow
I 2.2
Sij 1 ; ; C,Cy Sy cOS 16 cos T (2.2)

L wv=0

c,C, =V

1 otherwise

where S;; is the value of the pixel at position (i,j) in the block and S,, is the trans-
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formed (u,v) DCT coefficient. The 64 DCT coefficients are then quantized as follows:

Suv
Sayo = Q_ (2.3)

where Sg,, is quantized value of the DCT coefficient S, and @, is the quantization
value obtained from the quantization table. The default quantization table was used

in our model and is shown in Table 2.1.

16 [ 11 | 10| 16 | 24 | 40 | 51 | 61
1211214119 26 | 58 | 60 | 55
14 11316 |1 24| 40 | 57 | 69 | 56
14117122129 51 | 87 | 80 | 62
18 122 37|56 | 68 | 109 | 103 | 77
2435|5564 | 81 | 104 | 113 | 92
49 | 64 | 78 | 87 | 103 | 121 | 120 | 101
7219219598 | 112 | 100 | 103 | 99

Table 2.1: Luminance quantization table [21].

The dequantization at the decoder is performed as follows:

quv = Squv X qu (24)

where R, is the dequantized DCT value. After the quantization is done, the DC
coefficient positioned at location (0,0) and the 63 AC coefficients are coded separately
as shown in Figure 2.2. Differential pulse coding modulation (DPCM) is used to
encode the DC coefficients to allow prediction of the DC coefficient from the previous
block, i.e. (DIFF = DC; — DC;_1), as shown in Figure 2.2. Zigzag scanning is
performed on the AC coefficients starting from the AC coefficient positioned at (1,0),
then (0,1), etc.
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AC(1,0)
DC; DC: PR
i1 J i DC(0.0) [+ AC(7,0)
u 1)

block;_; [ block;
DIFF =DC;—DC;_

AC(0,7) > | AC(7,7)

differential encoding of DC zigzag scanning of AC

Figure 2.2: Preparing of the DCT coefficients for entropy coding [22].

In the following subsections we give more details on the process of the entropy coding

of the DC and AC coefficients.

2.1.2 Coding of DC coefficients

All DC coefficients of each 8 x 8 block of the entire image are combined to make a
sequence of combined coefficients. Only the first DC coefficient is encoded, followed
by encoded differences of the other consecutive DC coefficients in the image. The
DIFF values are categorized based on the magnitude range called category (CAT) as
illustrated in Appendix A, Table A.1. Category zero is used for defining the end of
block (EOB) code. Since the categories don’t appear with the same frequency, they
are variable length encoded as shown in Appendix A, Table A.2. VLC exploits this
statistical property of the source by setting the shortest codewords to represent the

most frequently occurring categories.

2.1.3 Coding of AC coefficients

After zigzag scanning, the resultant AC coefficients sequence will contain long zeroes
strings within it. To exploit this feature, the AC coefficients are encoded using run-
length encoding (RLE) and Huffman coding. Thus, more compression can be achieved

by replacing long zeroes strings by short codewords. Each nonzero coefficient is
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described by a (RUN, CAT) pair as shown in Appendix A, Table A.3. CAT represents
the amplitude of a nonzero coefficient, and RUN is the number of zeros following
that coefficient. An end of block (EOB) is assigned to indicate that the rest of the

coefficients of the block are zeros.

2.2 OvVERrRVIEW OF MPEG-4 PART 10: H.264/AVC

In this section, we provide an overview of the H.264 or MPEG-4 Part 10 Advanced
Video Coding (AVC). H.264/AVC is the most recent codec and it is designed to
achieve the best quality at the highest compression ratio possible. It can deliver
better video quality than previous codec at the same bit rate [20], [23], [24]. There
are three profiles defined by H.264, namely, the baseline profile, the main profile, and
the extended profile. The extended profile is used for video compression in this work,
since it is intended for streaming applications. In the following subsections, we will

introduce some features of H.264/AVC codec.

2.2.1 Slices and Slice Groups

Video frames are divided into macroblocks (MBs), each MB consists of a 16 x 16 luma
pixels block, and two 8 x 8 chroma pixels blocks. Video frame can also be partitioned
into slices, where a slice consists of an integer number of MBs. H.264/AVC supports
flexible macroblock ordering (FMO) technique which allocates MBs into slice groups
using a variety of slice mapping patterns. Each slice group contains several slices
that are decoded independently. Hence, if one slice is lost the remaining slices can be
reconstructed successfully. Figure 2.3 shows one way to allocate a MB within a video

frame to one of three slice groups.
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- Slice group 0 |:| Slice group 1 Slice group 2

Figure 2.3: Example of slice groups [23].

2.2.2  Spatial Directional Intra Prediction Model

H.264/AVC provides spatial directional intra prediction model to predict a block of
pixels from perilously decoded blocks. The supported intra prediction block sizes for
the luma component are 4 x 4, 8 x 8 and 16 x 16. There are one DC and eight
directional prediction modes enabled by H.264/AVC. For instance, in the horizontal
prediction mode, the pixels to the left of the block are extrapolated horizontally as
illustrated in Figure 2.4. In diagonal down-right prediction mode, each pixels are
extrapolated at a 45° angle down to the right. When the 4 x 4 intra prediction block
is chosen, each 4 x 4 luma block within a MB is allowed to use different prediction
mode. The intra prediction for 8 x 8 block is formed similarly, while for the 16 x 16

block only four prediction modes are possible.

Horizontal Vertical Diagonal-down-right

Figure 2.4: Intraprediction in H.264/AVC [23].
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2.2.3 Motion Compensation Prediction Model

In motion compensation prediction, a MB in a previously reconstructed frame can be
used for the prediction of a current MB through the transmission of motion vectors.
H.264/AVC provides a powerful motion compensation model that includes variable
block size for motion compensation and a multiple reference picture buffer. The inter-
prediction process can be preformed with variable block sizes including 16 x 16, 16 x 8,

8 x 16,8 x 8, 8 x 4,4 x 8, and 4 x 4 as illustrated Figure 2.5.

| * T :
oo 0 oS 0 1

Macroblock - 0 | =| 1 }

partition modes: 7 4 - t
l o 1 l w| 2 3

{ ¥

-+ 8 = - 8 - -— —'1 ——— —'1 — - ‘-]: - "-]: —

T * T *

S.X.E Block @ 0 } - 0 | |

partition modes: 4 t
\ b | l == 2 3

{ ¥

Figure 2.5: Illustration of macroblock partitioning into blocks of different sizes [20].

The multiple reference picture buffer may contain up to 16 reference frames.
Thus, H.264/AVC provides flexibility in terms of which pictures can be used as ref-
erences. In previous coding standards, the reference frames were limited to only two
frames that can be used for motion compensation. Figure 2.6 shows that a reference
frame in a predictive slice (P-slice) can be located subsequent to the current MB.
It also shows that to predict a MB in a bidirectional slice (B-slice), the reference
frames can be both located temporally previous or subsequent to the current frame.
Furthermore, the encoder may chose the B-slices to be references for the prediction

of other frames.
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Figure 2.6: Multireference picture prediction in H.264/AVC [23].

2.2.4  Entropy Coding

There are two entropy coding methods specified in H.264/AVC. The simpler method
is based on Context-Adaptive Variable-Length Coding (CAVLC) scheme. When
CAVLC is used, the VLC tables are chosen based on statistical information like
the number of non-zero coefficients in the neighboring blocks. The second method
is based on Context-Adaptive Binary Arithmetic Coding (CABAC) scheme. In this
method, non-binary symbols like the transformed coefficients and the motion vectors
are converted to binary codes. These codes are further encoded using the arithmetic
coder. CABAC method improves the compression ratio compared to CAVLC at the

cost of higher computational complexity.

2.2.5 The JM Reference Software

The joint video team (JVT) developed the joint model (JM) reference software which
is the implementation of the H.264/AVC as a C program [25]. The JM software
encodes a video sequence in YUV format into an H.264 bitstream file and generates
a trace file that records all the produced syntax elements of the coded video. At the
decoder, the H.264 bitstream file is decoded into a video file which can be displayed

using a YUV viewer.
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2.3 LITERATURE REVIEW

In this section, we present a review of the literature on recent approaches towards

multimedia communications over wireless channels.

The effects of adapting the source coding parameters to current communication
conditions including energy, latency, quality of image, and bandwidth were investi-
gated in [26]. The authors varied the scaling of the quantization values of JPEG
image compression algorithm. While increasing the quantization level degrades the
image quality, it reduces the number of bits to be transmitted as well as the required

communication energy, latency, and bandwidth.

When images are transmitted over wireless channels they suffer from two types
of source distortion. The first type is caused when transform coefficients are quantized
and the second is caused by packet losses due to transmission errors. Distortion due to
quantization can be controlled by the adaptive source coding while distortion due to
packet losses can be reduced by joint source and channel coding. Joint Source-channel
coding (JSCC) was considered in [1], [3], [5], [6], [7], [27], [28]. JSCC was introduced
to reduce distortion, complexity, and delay in [7]. In integrated JSCC, the entropy
coder and quantizer at the source coder, FEC and the modulation modes at the
channel coder are jointly designed [28]. In image and video transmission, a compressed
data shows different error sensitivities for different bit locations within the same
frame. The UEP protects more the important bits of the frame than less important
bits. While in adaptive FEC, the strength of protection depends on the state of the
wireless link [5]. The JSCC scheme can improve image and video quality significantly
when compared with schemes employing source rate control and/or channel code rate

control unjointly.

However, JSCC schemes have few limitations. For instance, because of entropy
coding, when a bit error occurs in the coded bit stream, it will propagate within the
stream. The exact contribution of a bit error to the overall distortion is difficult

to be estimated at the time of the encoding and most of the above-mentioned JSCC
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techniques do not take into account entropy coding. A distortion model for the trans-
mission of progressive JPEG compressed images over Rayleigh fading channels was
proposed in [4] to predict quantization and channel errors. The prediction takes into
account the channel bit error probability, the source coding rate and consider the ef-
fects of entropy coding and DPCM. Based on the same idea, the work was extended to
MPEG-4 video in [2], [29] taking into account important aspects of video compression
such as variable length coding, transform coding and motion compensation.

Error control codes (ECC) help to combat the channel errors however; tra-
ditional error control methods such as FEC or ARQ), are normally implemented at
the expense of sacrificing transmission bandwidth. Hence, the key for robust and
fast wireless multimedia transmission lies in increasing channel reliability and error
resiliency without sacrificing the spectral efficiency [30]. The authors in [31] achieved
considerable gain in terms of PSNR by exploiting the progressive source coding of
JPEG2000 images to protect different portions of the data stream with different chan-
nel code rates. The code rates were chosen based upon the relative importance that

each portion has on the reconstructed image.

The authors in [32] proposed a scheme to protect the coded bitstream by
exploiting the multi-resolution structure of resolution-scalable coded stream and pro-
tects different resolution levels based on their sensitivity to channel errors. The
proposed transmission strategy for scalable images and videos in [32] assigns the code
rates based on the impact of channel errors at different resolution levels to enable
considerable gains in terms of subjective and objective qualities.

An error detection and correction algorithm for H.263 coded video was sug-
gested in [33] to improve the perceptual quality after the reception of the erroneous
coded bitstream. The proposed error detection technique exploits the inherent redun-
dancies within and outside MB to detect erroneously decoded MBs. The redundancies
are measured in terms of a set of parameters based on MB and inner-DCT block sim-
ilarities. For each MB, parameters are compared with thresholds to detect erroneous

MBs. The information about each MB, whether erroneous or not, along with the



2.3 Literature Review 17

received bit stream are then used in a step-by-step decoding based correction.

In [34], the bandwidth efficiency degradation associated with channel coding
was minimized by using UEP to protect scalable bitstreams against bit corruptions.
The authors in [35] proposed an UEP scheme which jointly considers the temporal
dependency of the frames in a group-of-pictures (GOP) and the quality dependency
of the scalable layers in each frame. In more details, unequal amounts of protection
were allocated to the different frames (I or P-frame) within a GOP, and in each
frame, unequal amounts of protection were allocated to the progressive bitstream of
the scalable video to provide a graceful degradation of video quality as packet loss
rate varies.

Adaptive unequal error protection (AUEP) and VLC reshuffling techniques
were applied in [36] to improve the resilience of image bitstreams when transmitted
over wireless channels. Removal of a certain number of high frequency DCT coef-
ficients in each MB was performed according to the current channel characteristics,
allowing the application of a stronger channel code to the transmitted bits. The VLC
reshuffling is used for reordering the important VLCs to the beginning of each MB.
Due to VLC of entropy coding, a single bit error may result in a loss of synchroniza-
tion and significant changes in the decoded symbol. One of the characteristics of the
multimedia data stream is that it can be decoded even if it encounters transmission
errors as long as the affected bits are restricted to certain limits.

Error-resilient tools can be classified into three major types, resynchronization,
data recovery, and error concealment. These tools detect and locate errors, support
fast resynchronization, and prevent the loss of entire information. Resynchronization
tools attempt to establish the synchronization between the decoder and the incoming
bitstream. They localize the error and prevent it from affecting the entire bitstream.
Once synchronization is established, the data between the synchronization point prior
to the errors and the first point where synchronization is reestablished are generally
discarded. An effective resynchronization tool makes error recovery and concealment

easier. After synchronization is reestablished, data recovery tools attempt to recover
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the lost data as much as possible. How much data recovery can be achieved de-
pends on the underlying coding scheme. For example, when a variable length coder
is used, nothing can be done and hence the data between the two synchronization
points before and after a detected error are discarded. However, when a reversible
length coder (RVLC) is used [9], some amount of data can be recovered. In this
approach, the variable length code words are designed such that they can be read
in both forward and reverse directions. It provides a significant gain in objective
and subjective visual quality. The performance of an error concealment strategy de-
pends on the resynchronization scheme and its ability to effectively localize the error.
The authors in [37] implemented a partial backward decodable bit stream (PBDBS)
method, which is similar to RVLC, for H.263+ video transmission. This technique
reverses the bit stream of some coded MBs so that these coded MBs can be decoded
in a backward direction. When a decoder loses resynchronization, it searches the next

resynchronization marker and decode the bitstream backwardly.

Error resilience techniques at the source coding level have been proved very
helpful to enable reliable transmission of multimedia data over noisy/fading channels.
The error resilient coding requires modifying the structure of the compressed bit
stream. Data streams of image compression schemes can endure significant bit errors
when error resilient mechanisms are applied [10]. At the decoder end, to further

mitigate the effects of error, error concealment can always be applied.

Channel adaptive resource assignments techniques help to achieve the capacity
of wireless communication systems. FEnergy efficiency is another important design
consideration in wireless multimedia communications. Alleviating the effect of fading
on the quality of signal transmission over wireless channels can be achieved through
adaptive transmission rate and power assignment [11], [12], [18]. The mechanism of
power control used in [38] measures the quality of the channel at the receiver to allow
the transmitter to adjust the amount of transmitted power accordingly. Less power
is allocated when the channel is in a good state while if the channel is in a bad state

then more power is allocated. Another class of solutions could be applied by sending
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more data when the channel is in a good state, while when the channel is a bad state
less or no data should be transmitted. Schemes in this category can be classified as
opportunistic schemes.

The quality of image transmission can be improved through the joint op-
timization of bit energy and channel coding. Minimizing the mean square error, or
equivalently maximizing the PSNR, will decide the amount of bit energy and whether
coding is used or not. The authors in [39] developed a rate-distortion transmission
power adaptation scheme for video streaming over wireless channels. The scheme
extracts feature variables from the video data, which describe its scene activity level.
Based on these feature variables, the authors classified the video into a number of
packet sets. For each set, the transmission distortion model developed in [40] and [41]
is used to map the BER into the transmission distortion. Optimum allocation of the
transmission power is then performed to minimize the overall transmission distortion.
The power allocation methods have certain limitations such as using energy-distortion
curves or simulations to predict the distortion. Constructing energy-distortion curves
and/or running simulations increase the computational complexity of the optimiza-
tion. However, it is not necessary that the channel will remain constant during the
transmission of the packet, so if the channel changes during the transmission that
would result in some quality degradation.

To increase the system capacity and reliability over wireless channels, multiple-
input and multiple-output (MIMO) systems can be used [13]. In MIMO systems,
multimedia coding techniques divide the coded data into different bitstreams with un-
equal importance that are transmitted using different antennas with different power
levels. Improved quality and higher data rates without any overhead on total band-
width were achieved. The transmitted power is kept constant during the symbol
period and the effects of channel time-varying condition during the frame transmis-
sion were taken into consideration.

Another approach to enhance the quality of multimedia data transmission

over wireless channels is through layered and multiple description coding [42], [43].
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An image is divided into a number of layers in layered coding (LC) with different
importance, namely, base layer and enhancement layers. To achieve the best picture
quality, all layers should be correctly received. However, an acceptable approximation
of the original image is guaranteed, when the base layer is received correctly while
the enhancement layers are used to enhance the base layer quality. Thus, the more
enhancement layers that are correctly received, the higher the quality of the recon-
structed image. The simplest layering consists of two-layer coding, one base layer and
one enhancement layer, where the low frequency components of the image are placed
in the base layer while the high frequency information is placed in the enhancement
layer. The level of protection increases as the importance of data increases. In multi-
ple descriptions coding (MDC), an image is divided into layers of equal importance.
A basic level of the reconstructed quality is guaranteed for each description alone.

The quality can be enhanced more for additionally correctly received descriptions.

After this literature review, the proposed methodology will be explained in

the next chapter.



In this study, we propose an efficient scheme for multimedia transmission over Rayleigh
fading channels. For this aim, we investigate the performance of joint adaptive mod-
ulation and channel coding techniques while taking into consideration the importance
of the bitstream and channel conditions. This is done to improve the spectral effi-

ciency while keeping high PSNR performance for images and acceptable perceptual

CHAPTER 3

METHODOLOGY

quality with smooth playback for videos.

3.1 SYSTEM MODEL
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Figure 3.1 depicts the block diagram of the proposed end-to-end transmission scheme.

The digital images generated by the multimedia source are encoded using JPEG
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Figure 3.1: System Model.
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compression algorithm while the videos are encoded using H.264/AVC standard as
explained in Chapter 2. The output of the source encoder is then divided into different
quality bitstreams with unequal importance. Accordingly, the bitstreams will be
treated differently during transmission. The compressed data will be transmitted over
a wireless channel using joint adaptive modulation and channel coding. We consider
multi-state channel which has N states {1,2,..., N}. The received bitstream will be
demodulated then decoded to reconstruct the images and videos. We assume that the
channel state information (CSI) is available at the transmitter via reliable feedback

channel®.

In the following subsections, we describe the different blocks that compose the

system model. After that, the proposed scheme will be explained in details.

3.1.1 Channel Model

In this thesis, we assume that the channel has a Rayleigh fading model. The Rayleigh
distribution is used to model multipath fading channel with no direct line-of-sight
(LOS) path. The channel fading amplitude « is a random variable with mean square

value a2 = Q, and distributed according to [46]:

2 A2
P,(a) = ﬁaexp (%) , a > 0. (3.1)

The probability density function (PDF) of the received SNR for Rayleigh fading is

exponentially distributed as follows [47]:

1 gl
P, = —exp (—) , 3.2
"5 5 (3.2)

where 7 is the instantaneous SNR and % is the average SNR value.

!Channel estimation is beyond the scope of this thesis, we refer the interested reader to [44], [45]
and the references therein.
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3.1.2 Adaptive Modulation

In the proposed transmission scheme, adaptive modulation is used to take full advan-
tage of the time-varying nature of wireless channels. In more details, the proposed
model varies the data rate (constellation size) according to the channel condition to
enhance the bandwidth (BW) efficiency. Several modulation levels are investigated

in this study including BPSK, 4-QAM 16-QAM and 64-QAM.

3.1.2.1 BPSK/QPSK With Coherent Detection

The binary phase shift keying (BPSK) and quadrature phase-shift keying (QPSK)

modulated signal can be expressed as [47]:

S(t) = A.cos(2m ft +6p(t)). (3.3)

where A, is the amplitude of the modulated signal, f. is the carrier frequency and 6p
is the carries phase. For BPSK, 0p(t) = 0 when the source bit is 1 and 0p(t) = m when
the source bit is 0. While for QPSK, the relationship between the 2-bit information

and the assigned phase is shown in Table 3.1.

Table 3.1: Relationship between 2-bit information and the assigned phase for Gray
encoding

2-Bit information | 6p(t)
00 ~3r/4
01 3/4
10 —m/4
11 /4

The probability of bit error for BPSK modulated signal in (AWGN) channel with no
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while for QPSK, the bit error probability is:

10 B) - 5). o

where FE}, /Ny is the SNR per bit (energy per bit-to-noise power spectral density) and
Q(.) is the Q—function defined as:

Q)= [ e (‘Qy) dy. (3.6)

In the presence of fading, the received carrier amplitude A., is attenuated by the

fading is given by [48]:

fading amplitude «, while the received instantaneous signal power is attenuated by
o?. Thus, the instantaneous SNR per bit is v = a?E,/N, and the average SNR per
bit is ¥ £ a2E,/Ny. The probability of bit error of a BPSK modulated signal when
transmitted over a Rayleigh fading channel is given by [46]:

Py(y) = % (1 _ L) | (3.7)

1+7

In the case of QPSK, a symbol includes 2 bits. Therefore, when the energy per bit is
v, then the energy per symbol 75 = 2y. When Gray encoding is applied, one symbol
error result in only 1 bit error. Therefore, the BER for QPSK with coherent detection

is given by [47]:
pePSK ., pBPSK

(1 _ %) . (3.8)

PbQPSK -

DN | —
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3.1.2.2 M-QAM With Coherent Detection

Quadrature amplitude modulation (QAM) can be viewed as a combined amplitude
and phase modulation. Let M denote the number of possible transmitted waveforms,

then in the n'® symbol interval the M-QAM signal can be expressed as [46]:
S(t) = Ac(amm + jagn) cos (2 fot + 0.). (3.9)

where A. is the amplitude of the modulated signal, f. is the carrier frequency, 6. is
the carries phase, the in-phase and quadrature amplitudes ar, and ag, range over
the values o; = 2i — 1 — /M, where i = 1,2,...,v/M.

The probability of bit error for M-QAM systems with a square constellation in AWGN
channel is [48]:

p—af1- 1 0 |3logy, M Ey w1 (1- 1 0 |3logy, M Ey _
VM M —1 N, VM M—1 N

(3.10)
Thus, the BERs for 16-QAM and 64-QAM modulated signals respectively, are:

o _ g (JAEN [ 3o (1B

By =3Q ( 5N0> X [1 1 ( 5N0> : (3.11)
s _ 28\ [ _To( 2B

oo () <[l (YEE)].

When an M-QAM signal is transmitted over a Rayleigh fading channel, the BER for

each modulation is given by [47]:

_ 3 1
Pb16 QAM — g <1 - m) . (313)

(3.14)

1
/1 +7/7y> '
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3.1.2.3 Numerical Results for Coherent Detection

Figure 3.2 shows the BER performance of Gray-encoded BPSK, QPSK (4-QAM),
16-QAM and 64-QAM under flat Rayleigh fading conditions.
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Theoretical 64-QAM

10°

,,,,
______

10" .
o
©
o,
g 10 Simulation:
= . BPSK
10° Y7 4-QAM
—— 16-QAM
—%¥— 64-QAM
4
10 i

0 5 10 15 20 25 30 35 40 45 50 55
Eb/No, dB

Figure 3.2: BER performance of BPSK, 4-QAM, 16-QAM and 64-QAM under flat
Rayleigh fading conditions.

3.1.3 Adaptive Forward Error Correction

FEC schemes help to achieve reliable communications over wireless channels through
the addition of redundant (parity) bits to detect and correct transmission errors.
Thus, error detection and correction techniques result in additional overhead. How-
ever, when retransmission is not possible, FEC can improve the quality of the decoded
data [47]. In the following section, we give a short discussion of convolutional coding

since they are widely used in practice and will be used in our research.

3.1.3.1 Convolutional Coding

Convolutional coding is a powerful channel coding scheme for wireless mobile com-

munication systems [49]. The convolutional encoder consists of K-shift registers and



3.1 System Model 27

modulo-2 adders connected to some of the stages as shown in Figure 3.3. The shift
register consists of k-bit stages and n-linear algebraic function generators. A con-
volutional code is generated by passing the information sequence through the shift
register k bits at a time, which transforms the k-input sequence into n-bits output
channel code sequence. The code sequence is a new sequence that has redundancy
in it. The rate at which the transmission is performed by the encoder is defined as
the code rate, R, where Re = k/n and Re < 1. Re and the constraint length (K)

determine the performance of the convolutional codes.

| | || | kK-stage

Input sequence —-—| i :
P v, shift register

ishifted in k& at a time)

n modulo-2
adders

Codeword sequence

Figure 3.3: Convolutional Encoder [52].

The generator polynomials determine the error correction capability of the
convolutional codes. Each code has its unique properties that are determined by the
chosen polynomials. Another important parameter is the free distance (dy..) which
is the minimum Hamming distance between different encoded sequences. Table 3.2
shows the optimum generator polynomials (G) for Re € [1/3, 1/2]. It also lists
the upper bound on the free distance (dgye.) of the convolutional code that can be

achieved by the specified generators.
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Table 3.2: The parameters of R = 1/3 and R¢ = 1/2 convolutional codes [48].

Constraint length K | R¢ | G; | G2 | Gz | Upper Bound on dyyee
3 1/3 | 110 | 111 | 111 8
3 1/2 | 110 | 111 - 5

High-rate (n — 1)/n punctured convolutional code can be generated from a low rate
1/n code in which some of the coded bits are deleted (punctured) from transmission.
Punctured code reduces the free distance of the rate 1/n code by some amount that
depends on the degree of puncturing. Table 3.3 shows the puncturing matrices (P)
for code rates 2/3 and 3/4 from the mother code R¢ = 1/2.

Table 3.3: The parameters of R¢ = 2/3 and R¢ = 3/4 convolutional punctured codes
48].

Constraint length K | R¢ | P | Upper Bound on dyc,
3 2/3 | 10 3
11
3 3/4 | 101 3
110

Transmission errors convert a given code sequence c¢ into the received sequence S,.
Maximum likelihood decoding compares the conditional probabilities P(S,/¢) that
the received sequence S, corresponds to a possible code sequence ¢, then decides on
the sequence with the highest conditional probability [50]:

P(S, /&) = max P(S,/c). (3.15)

all ¢

For any Ro = k/n convolutional code, the probability of bit error is upper bounded
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by [51]:

1 oo
Py< d; ByPy, (3.16)
—Qfree

where B, is the total number of ones in the information bit on all weight (d) paths,
and Py is the probability of selecting a weight (d) output sequence as the transmitted
code sequence while the weight zero sequence was actually sent. P, is determined by

the type of modulation and the channel model. This probability is given by:
Py =[2¢/p(1—p)]*. (3.17)

where p is the probability of channel bit error. Since the average transmitted power
is the same whether coded or uncoded bits are transmitted, then the average energy
per coded bit is less than the average energy per uncoded bit. Thus, the probability
of coded bit error is given by the P; appropriate to the modulation type with the
substitution:

Ye =Re X 7. (3.18)

where ¢ is the SNR per bit for coded data bit. Hence, For BPSK/QPSK in Rayleigh
fading channel, we get from (3.7) and (3.18):

1 RC"_y
— (11— ). 1
p 2( 1+Rm> (3.19)

While for 16-QAM and 64-QAM respectively, we get from (3.13), (3.14) and (3.18):

3 1
P=3 (1 - \/1+5/—2RC7> , (3.20)

7 1
=—|(1- —— . 3.21
=2 ( VG +7/7ch-y> (3:21)
Table 3.4 lists the value of B, for the convolutional codes we used in this study. Due

to the fact that (3.16) converges rapidly, its common to use the first five to eight
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terms.
Table 3.4: Convolutional codes information weight structure [53].
Rec | Bag,e | Bagees | Bagreers | Bigreers | Bagreers | Bagreers | Bigreers | Bagreeys
1/3 3 0 15 0 o8 0 201 0
1/2 1 4 12 32 80 192 448 1024
2/3 1 10 45 226 853 - - -
3/4 15 104 540 2520 11048 - - -

3.1.3.2 Numerical Results for BER Performance of Convolutional Code Under Flat

Rayleigh Fading Conditions

To validate our results, Figures 3.4, 3.5, 3.6 and 3.7 show the BER performance as a
function of channel SNR for coded BPSK, QPSK, 16-QAM and 64-QAM respectively,
in flat Rayleigh fading channel.
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Figure 3.4: BER performance of convolutionally encoded BPSK, 4-QAM, 16-QAM
and 64-QAM under flat Rayleigh fading conditions with R¢ = 1/3.
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Figure 3.5: BER performance of convolutionally encoded BPSK, 4-QAM, 16-QAM
and 64-QAM under flat Rayleigh fading conditions with R¢ = 1/2.
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Figure 3.6: BER performance of convolutionally encoded BPSK, 4-QAM, 16-QAM
and 64-QAM under flat Rayleigh fading conditions with R = 2/3.
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Figure 3.7: BER performance of convolutionally encoded BPSK, 4-QAM, 16-QAM
and 64-QAM under flat Rayleigh fading conditions with R¢ = 3/4.

3.1.4  Assumptions

In this study, we are interested in measuring the average PSNR due to quantization
and transmission errors. Therefore in what follows we assume error-free headers and
markers. This is can be done using powerful error correcting codes. In addition, we
assume that the feedback channel is highly reliable, as a result control messages and
channel information arrive at the transmitter free of errors. This is also justified by
assuming that a sufficiently powerful error-control code is employed to ensure error

free transmission on the backward channel.
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3.2 PROPOSED TRANSMISSION SCHEME

When a fixed-modulation technique is used independent of the channel state, a con-
servative design would consider the worst case scenario and use a modulation level
that gives an acceptable immunity for all channel conditions. As the condition of
the channel improves, using a fixed-modulation mode will render the system to be
spectrally inefficient. This is explained by the fact that using a low modulation level
during the “good” channel conditions will hinder the transmission at higher data
rates that would have been possible if the proper modulation mode have been used.
Thus, in the proposed transmission scheme adaptive modulation is adopted to maxi-
mize the spectral efficiency while maintaining a predefined target BER as the channel

conditions vary with time.

In addition to adaptive modulation, channel coding is adaptively employed to
provide an extra protection and extend the performance to the poor channel SNR
range that even very low modulation levels cannot serve effectively. In this work,
we consider convolutional coding as the channel coding technique. The code rate
is changed from one packet to another according to the channel conditions and the
importance of the transmitted bit stream. More specifically, high modulation levels
and high coding rates are used when the channel conditions are favorable and lower

modulation levels and lower coding rates as the channel condition worsens.

To determine the most appropriate modulation mode and coding rate, the
proposed scheme partitions the received SNR space by setting different thresholds
on the SNR values. In what follows the term SNR refers to the ratio of average
energy per bit to noise power spectral density (Ej/Ny). Based on the received SNR
(%) and the priority of the bitstream, the appropriate modulation mode and code
rate will be selected for next transmission. Let the priority of a bit stream ¢ be P;
where i € [1, 2, 3, ..., ¢] and Py > Py > Ps... > P,. Denote the modulation level by
Ly and also denote the channel coding rate by Re. The most important bitstream

is assigned the highest priority P; with the lowest target BER, the second most
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important bitstream is assigned the priority P, with the second lowest BER, while
the least important bitstream is assigned the priority P, with the highest target BER.
Thus, for a certain SNR value, a lower modulation level and powerful coding rate (i.e.
low BER) will be typically used for the bitstream with P; while higher modulation
levels and higher coding rates will be used for the other bitstreams with priorities
P, Ps, ..., Py, respectively. The pseudo-code for the proposed adaptive algorithm is

given below:

1. Divide the source encoder output into g-bitstreams with unequal importance
for i=1, ..., ¢

Determine the priority of the bitstream P;

Determine the desired target BER for each bitstream

Find the SNR Thresholds to achieve the target BERs

Get the estimate of the channel SNR (%)

Compare () against the SNR thresholds

. Select the appropriate Ly and R¢
end for

8. return

NOo Otk Wi

Figure 3.8: Algorithm to adapt the parameters of the purposed model.

We assume that the channel is a Rayleigh flat-fading channel that does not change
during the packet transmission period. Thus, the equivalent received signal can be

expressed as:
r(t) = Z gri(t) +n(t), (3.22)

where ¢ is the number of the bitstreams, K; is the number of data blocks within a
bitstream, n(t) denotes the complex AWGN noise with zero mean and Ny/2 variance
and gy;(t) denotes the k' transmitted signal with priority P; which can be expressed

as:

gri(t) = Z a§20§27 (3.23)

where J;, is number of symbols within the &% block of data, 04?2 represents the fading

coefficients of the Rayleigh channel, and cyk) denotes the j** symbol. At the receiver,
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the signal is demodulated, decoded and combined to reconstruct the received data.

In order to appropriately select the transmission parameters for the next trans-
mission, CSI at the receiver is fed back to the transmitter via a reliable and error-free
feedback channel. The transmitter then decides on the modulation level and the cod-
ing rate based on the fed back CSI and the priority of the bitstream along with the
target BER.

3.2.1 Image Transmission Using Adaptive Modulation Scheme

In this section, we develop an image transmission scheme using adaptive modula-
tion only according to the proposed methodology. The compressed bitstream of the
encoded image is divided into three priority-levels bitstreams (i.e. with unequal im-
portance). The priority of a bit stream i is P; where i € [1, 2, 3] and Py > Py > Ps.
The first bitstream contains the DC coefficients, which represents the average lumi-
nance of the 8 x 8 blocks of the image. These DC coefficients are the most important
information. The second bitstream contains the low-frequency AC coefficients which
are concentrated in the upper left parts of each of the 8 x 8 blocks of the image. With
the low-frequency AC coefficients most of the details of the image could be recovered,
however, they are less important than the DC coefficients. The third bitstream carries
the high-frequency AC coefficients which generally represent the fine details of the
image. Since the human visual system is less sensitive to high frequency components
(i.e. fine details), they are considered to be the least significant data.

Since the bitstream for the DC coefficients is the most important stream, it
is assigned the priority P; with target BER of 1075, the second bitstream with the
low-frequency coefficients is assigned the priority P, with target BER of 10~* while
the third bitstream with the high-frequency coefficients is assigned the priority Ps
with target BER of 1073. Thus, for a certain SNR value, a lower modulation level
(i.e. lower BER) is typically used for the bitstream with P; while higher modulation
levels are used for the other two bitstreams that contain the low and high frequency

AC coefficients with priorities Py and Ps, respectively.
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In this algorithm, the modulation level is selected from one of the following lev-
els: Ly € [2, 4, 16, 64]. As illustrated in Figure 3.9 the thresholds on the estimated
SNR () were derived from the theoretical BER performance of various modulation

levels over Rayleigh fading channel. For instance, if the desired BER is 1072 and %
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Figure 3.9: Theoretical BER performance of BPSK, 4-QAM, 16-QAM and 64-QAM
under flat Rayleigh fading conditions.

at the receiver falls below 24 dB then BPSK is to be used. While in cases v falls
between 24 dB and 27 dB the system uses 4-QAM. As the channel condition gets
better, 16-QAM could be used when % falls between 27 dB and 30.5 dB, while 64-
QAM is selected beyond 30.5 dB. Therefore, each time a block of data is ready for
transmission, the transmitter gets the estimate of SNR from the receiver, checks the
priority of the bitstream to decide the desired BER and decides the needed modula-
tion level. The decision involves a lookup table to speedup the selection process of
the proper modulation level. Table 3.5 shows the proper modulation levels for differ-
ent thresholds of the estimated SNR which satisfies the requirement of maintaining a
target BER. The SNR thresholds are selected based on the theoretical performance
of various modulation levels over Rayleigh fading channel as illustrated in Figure 3.9.

The results of this analysis will be presented in Chapter 4.
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Table 3.5: Look-up table to achieve BERs of 1075, 10~* and 1072 using adaptive

modulation.

Threshold on received SNR to achieve BER of 107°

Modulation level

v < 43.0 dB BPSK
43.0 dB <% < 47.0 dB 4-QAM
47.0 dB <y < 50.0 dB 16-QAM
50.0 dB <% 64-QAM
Threshold on received SNR to achieve BER of 10~* | Modulation level
v < 33.0dB BPSK
33.0dB <y <37.0dB 4-QAM
37.0dB <y <40.0 dB 16-QAM
40.0 dB <% 64-QAM
Threshold on received SNR to achieve BER of 1072 | Modulation level
v <24.0 dB BPSK
24.0dB < ¥ <27.0dB 4-QAM
27.0dB <y <30.5dB 16-QAM
30.5dB <% 64-QAM

3.2.2  Multimedia Transmission Using Joint Adaptive Modulation and Channel Cod-

ing Scheme

The proposed adaptive modulation scheme in the previous section was extended by

employing adaptive convolutional channel coding where the code rates are chosen

based on the channel conditions as well as the importance of the bitstream. In this

scheme, the modulation level and the channel coding rate are L, € [2, 4, 16, 64] and

Reo € [1/3,1/2,2/3, 3/4], respectively. Lookup table was generated and used for the

selection process of the optimal transmission parameters that achieve the desired BER

while maximizing the bandwidth efficiency. This table was developed by simulating

BER performance curves of the used modulation schemes and channel coding rates
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in Rayleigh flat-fading channel to achieve a set of BERs. Then for each predefined
BER, we determined the corresponding SNR thresholds as shown in Figures 3.10, 3.11
and 3.12 for a target bit error rate as 1072, 10~* and 10~°, respectively.
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Figure 3.10: BER performance for various coded modulation schemes under flat
Rayleigh fading conditions.
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