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Abstract

Cognitive radio is a wireless communication paradigm that has achieved greater re-

search attention due to the increasing demand for high-quality multimedia services

and scarcity of the available spectrum to support these services. This paradigm allows

unlicensed (secondary) users to access the unused spectrum portion of the licensed

(primary) users dynamically. However, an unlicensed user faces a high level of un-

certainty because of random arrivals of the licensed users, a varying channel quality,

and variability in terms of number and capacity of the available channels. On the

other hand, fixed-rate source-channel single-layer coding in the traditional wireless

communication systems suffers greatly from the cliff effect and the lack of scalability.

Therefore, most conventional wireless transmission schemes may not perform well in

a cognitive radio environment which requires the source encoder to be adaptive to

channel variations and the arrival-rate of the licensed users.

This thesis proposes a new approach to reliable transmission of real-time video

over cognitive radio channels based on a hybrid digital analog (HDA) joint source-

channel (JSCC) superposition coding scheme. The proposed scheme is capable of

adapting itself to channel variations, primary-user arrival-rates, and exploits both

the high coding gain of a digital video codec and the inherent capability of analog

coding to adapt to the time-varying channel signal-to-noise ratio (CSNR) of a wireless

channel.
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Experimental results demonstrate that the proposed HDA coding approach is far

superior to the digital layered coding (DLC), single-layer digital coding, and pure

analog coding in terms of decoded video quality, quality scalability, robustness to im-

perfect channel estimation, and transmission power utilization. It has been observed

that HDA coding produces a video quality which is on the average 2.5-4.0 dB higher

in peak signal-to-noise ratio (PSNR) compared to single-layer digital coding and as

much as 15-19 dB higher compared to pure analog coding respectively. Also, upon

close observation of the experimental comparisons between the HDA and DLC sys-

tems reveals that the HDA approach achieves up to 2-5 dB improvements in PSNR

than DLC system when intensive motion is present between video frames.
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Chapter 1

Introduction

Throughout the last decade, we have observed rapid developments in wireless com-

munications, especially in the field of multimedia applications. It all started with

the first generation cellular-network, where we were introduced to mobile devices

with the capability of sending only voice and text wirelessly. This technology soon

got immense popularity with people, and parallelly a demand for the capability to

send images and videos through cellular networks got increased. As a result, we

have seen substantial advancements in cellular technology. We are now using the

fourth-generation cellular-network, which supports versatile multimedia applications,

and this era will see more breakthroughs than ever in wireless communication tech-

nologies. In general, the transmission of multimedia contents via wireless networks

consumes a significant amount of bandwidth. Furthermore, as technologies evolve,

we are seeing an increasing usage of high definition multimedia services. On the one

hand, these new applications will require more bandwidth, and on the other hand, we

will have a limited allotment of bandwidth to support these services. It is becoming

quite impossible to support the bandwidth requirements of these services as a signif-

icant portion of the bandwidth is taken by various other services. However, it has
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CHAPTER 1: INTRODUCTION

been seen that different spectrum bands are highly underutilized [5], [6]. Therefore,

an approach to improve the spectrum utilization by allowing secondary access of fre-

quency bands already licensed for other existing services is approved by the Federal

Communication Commission (FCC) [7]. This idea is facilitated by cognitive radio

technology.

1.1 Cognitive Radio Model

Cognitive radio is a wireless communication paradigm that allows unused or underuti-

lized bands of the spectrum (spectrum holes) owned by the licensed users, to become

temporarily available for the non-licensed users [8]. A licensed user is known as a pri-

mary user (PU), whereas a non-licensed user is known as a secondary user (SU). This

paradigm relies on the cognitive radio cycle to facilitate this access, which includes

three major parts: sensing, management, and action, as shown in Figure 1.1 [8]. Also,

in the cognitive radio environment, the dynamic access to the underutilized spectrum

Radio	
Environment

Sensing:
detection		of	spectrum	holes	,	
prediction	of	channel	capacity,
estimation	of	channel	state

information	

Management:
channel	selection,	

transmission	rate	control

Action:
power	allocation,	adaptive
modulation,	and	coding

Figure 1.1: Basic cognitive cycle.
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CHAPTER 1: INTRODUCTION

can be on an individual or a sharing basis [9]. The secondary access to spectrum

based on sharing is permitted by underlay and overlay paradigms. With underlay,

SU has the knowledge of interference caused by its transmitter to PU and thus SU can

transmit simultaneously with a PU by maintaining the interference caused by itself

to an acceptable threshold. The overlay paradigm assumes that SU knows the chan-

nel gains and the message begin transmitted by PU. With this knowledge, SU can

transmit concurrently with PU by assigning part of its transmission power for its own

communication and the remainder of the power to assist the PU’s transmission [9].

The individual access is granted by the interweave paradigm, that is SU can

transmit whenever the PU is inactive. A schematic view of the interweave paradigm

is shown in Figure 1.2 [10].

Po
w
er

Fre
qu
en
cy

Time

Secondary	User

Primary	User

Spectrum	holes

Figure 1.2: A schematic view of interweave paradigm.
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1.2 Challenges in Real-time Cognitive Radio Communica-

tion

In the cognitive radio scenario, the secondary user faces a high level of uncertainty

and variability in terms of number and the capacity of the available channels due

to the random PU activity. Moreover, unlike conventional wireless communication

technology where packets are lost only due to channel congestion and noise, here,

losses can also occur due to the arrival of the PU. Packet losses for SUs are quite

inevitable in a cognitive radio environment because of the inability to set up a reliable

re-transmission link [10]. This inability arises due to the erratic PU arrivals that

interrupt the link between transmitter and receiver. Additionally, in a cognitive

radio environment, fluctuations of the transmission bit-rate for the SU occur not

only due to the channel’s fading but also due to the arrival-rate of the PU. This

problem necessitates adaptive coding and modulation to realize the maximum channel

throughput, given the constraints on the channel bandwidth, transmitter power, and

the PU arrival-rate. Therefore, the real-time transmission, e.g., video over cognitive

radio by satisfying the underlying constraints while maintaining an acceptable quality

of service (QoS), has become an interesting problem.

Also, in the cognitive radio networks, PU activity is highly uncertain. As a result,

if we are considering the interweave paradigm, it is not logical to rely on just one band

or channel because if arrival occurs on that particular band, the SU needs to vacate

the band and cannot access it until PU leaves. This uncertain interruption breaks

the communication link between the SU’s transmitter and receiver, which reduces

the reliability of successful transmission. Therefore, it is required to adopt multiple

channels during the secondary access so that if one link collapses, then others will

help to maintain the secondary link [8]. Thus, the use of multiple channels increases

4
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the reliability of successful transmission. Additionally, it is not required that if we

adopt multiple channels, those channels have to be contiguous [8].

The main goal of this research is to investigate a new approach, which is capa-

ble of addressing the problems discussed above and ensuring reliable real-time video

transmission through secondary access over the time-variant cognitive radio channels.

1.3 Issues in Real-time Multimedia Transmission

Most of the conventional wireless transmission schemes depend on the separate source-

channel coding technique. That is, a source signal, e.g., video, is first quantized and

coded by a source encoder, and then forwarded to channel encoder before being

transmitted over the channel. It should be noted that a wireless channel exhibits

fading, which results in fluctuations of the transmission bit-rate supported by the

channel. However, in the conventional scheme, the output bit-rate of both the source

and channel encoders remains fixed for a given channel. Therefore, this separate

fixed-rate source-channel coding creates a performance bottleneck when the channel

does not remain static. That is, when channel signal-to-noise ratio (CSNR) starts

degrading below a certain threshold, the video quality drops dramatically due to

entropy coding’s sensitivity to bit-errors and complete breakdown of error-correcting

codes which is generated by the fixed-rate channel encoder [11]. On the other hand,

when CSNR starts improving and crosses that threshold, the decoded video quality

does not improve with increasing CSNR as a fixed-rate source encoder is used and

its output bit-rate is typically fixed below the worst-case bit-rate of the channel to

increase the likelihood of successful transmission. This phenomenon is known as the

cliff effect [1].

Typically, in video coding, quantization parameters are not chosen for an entire

5
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video sequence rather they are chosen for a collection of video frames, which is know

as group of pictures (GOP). As the adjacent video frames are highly correlated, this

approach is adopted to increase the coding efficiency. However, in many wireless

situations, GOP duration can be larger than the channel coherence time (the time

during which the channel remains stationary). For example, at a video frame rate of

30 fps and a GOP size of 8 frames, the GOP duration is 267 ms. On the other hand, a

mobile device operating at 900 MHz and traveling at 80 km/h experiences a channel

coherence time (Tc) of about 7 ms. Since the channel bit-rate changes every 7 ms, the

encoder will have no knowledge of the total channel bit payload that will be available

to encode a GOP. Therefore, efficient real-time video communication over wireless

links requires variable-rate video coding to enable the adjustment of transmission

bit-rate at every Tc second intervals, according to the observed channel gain for the

best quality.

Another issue with conventional wireless video transmission scheme is that it

lacks scalability, and therefore, cannot fit all receivers at the same time [12]. This is

because, on the one hand, if the video is encoded at the highest possible rate to allow

the receiver with the best channel quality to realize the maximum video quality, the

receivers with poor channel conditions will not be able to decode the video at all. On

the other hand, if the video is encoded at a low enough rate so that all the receivers

can decode it properly, the video quality of the best receiver will not be better than

that of the worst receiver. Therefore, to overcome this issue, it is necessary to use

the layered video coding approach. This coding approach consists of a base-layer and

one or more refinements layers. During the transmission, the base layer bit rate is

set to a low enough value to guarantee its delivery under the worst expected channel,

and the refinement layers are transmitted adaptively based on the short-term channel

6
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state information (CSI) to improve the video quality of the base layer as the channel

condition varies. There are two main approaches to layered coding: (1) digital layered

coding (DLC) and (2) hybrid digital-analog (HDA) coding.

1.4 Hybrid Digital-Analog Scheme

To obtain the adaptiveness with channel variations and to support scalability, one

may think of using a purely analog transmission scheme due to its inherent capability

to adapt to the time-varying CSNR of a wireless channel, which results in a decoded

video quality that is commensurate with the CSNR. One such scheme is SoftCast [1].

Although this scheme can avoid the cliff effect and support scalability, it suffers from

drastic degradation in decode video quality when the channel condition worsens [12].

Further, most of the real-time wireless multimedia applications, e.g., videos, require

high bandwidth compression, which is difficult to achieve with analog transmission

[11]. Therefore, a better solution is to use layered video coding.

With DLC such as scalable video coding (SVC), only the base-layer bit rate is set

according to the worst-case channel bit-rate. One or more scalable refinement layers

may be sent depending on the actual channel throughput. This way, the SVC encoder

operates independently of the instantaneous channel conditions, yet the quality of

video decoded at the receiver improves when the channel conditions improve.

On the other hand, in HDA coding, a fixed-rate digital video encoder is used to

generate the base layer, which is channel coded and transmitted using a digital modu-

lation scheme such as digital quadrature amplitude modulation (QAM). Additionally,

the analog quantization error of the base layer is also transmitted using analog QAM,

superimposed on the digital signal (therefore, the transmitted QAM symbol is hybrid

digital-analog). The analog layer acts as a single refinement layer which adapts itself

7
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to the channel variations.

If SVC is used, it is necessary to have multiple layers to obtain a smooth decoded

video quality. However, it has been shown in previous work that at the same bit rate,

state-of-the-art single-layer codecs outperform over the base-layer of an SVC codec,

which generates multiple layers [11–13]. For this reason, HDA video coding using

a state-of-the-art single layer video codec is preferred as its base-layer may perform

better than that of an SVC codec.

1.5 Contributions

This thesis makes the following contributions.

• A new approach to reliable multimedia transmission as a secondary user over

a cognitive radio channel based on HDA video coding is presented, which can

adapt to channel capacity variations caused by both fading and random primary

user arrivals.

• In HDA transmission, an important issue is the allocation of the total available

transmitter output power between the analog and digital transmissions. To

address this issue, a method to distribute transmitter power between analog

and digital transmission is presented.

1.6 Related Work

The related work can be divided into two categories: (1) multimedia transmission

over conventional wireless channels, and (2) multimedia transmission over cognitive

radio channels.

8
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1.6.1 Multimedia Transmission Over Conventional Wireless Channels

As discussed in section 1.3, the conventional multimedia transmission over wireless

channels suffers greatly from cliff effect and lack of scalability. Many approaches are

presented in the literature to overcome these two issues.

Pure analog transmission schemes are presented in [1], [14] to solve the aforemen-

tioned issues. They adopt the three-dimensional discrete cosine transform (3D-DCT)

to compress the video frames. Error protection to the transmitted analog video sam-

ples is obtained by scaling the magnitude of the transmitted samples using optimized

scaling factors subject to the transmission power constraint. Moreover, resilience to

packet loss is achieved by using the Hadamard transform.

Pure digital approaches to solve the cliff effect and enable scalability can be found

in [15], [16]. They couple SVC (e.g., H.264/SVC) with HQAM [11]. However, their

proposed scheme cannot completely overcome the cliff effect and instead results in a

staircase effect [1], [11].

Some literature adopts both digital and analog coding techniques by transmitting

hybrid symbols that are obtained by the superposition of digital and analog modula-

tion signals. Such studies can be found on [11–13,17–20]. Most of these approaches,

generate a base-layer using H.264/AVC encoder and a refinement layer (analog) which

is the quantization errors. Later, the analog layer is compressed using 3D-DCT, mod-

ulated, and superimposed to digitally modulated signals. Previous work shows that

HDA coding can, in most cases, outperform digital-only and analog-only coding.

1.6.2 Multimedia Transmission over Cognitive Radio

As the concept of cognitive radio technology is still developing, research work that are

primarily focused on real-time multimedia transmission over cognitive radio channels
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is very limited [21], [22].

The authors in [8] implement the spectrum pooling concept [5] to establish the SU

transmission links and propose a quality metric to define a subset of SU transmission

links that are used during transmission. They use the Poisson process to model PU

arrivals, and they rely on digital fountain codes [23] to transmit multimedia content

over SU links. Their study mainly focuses on achieving maximum effective through-

put and spectral efficiency by optimizing the number of SU links. However, they use

a fixed channel capacity for all SU links and do not consider the channel variations,

which is unrealistic. Further, the source coding strategy they adopt requires a bipar-

tite graph to be transmitted along with the data packets to enable proper decoding of

packets, which increases the overhead. Additionally, they do not present any numeri-

cal results on the real-time multimedia transmission to demonstrate the effectiveness

of their source coding strategy.

A joint source-channel coding (JSCC) approach, which uses frames [24] to transmit

multimedia over cognitive radio, can be found on [10]. Like [8], this research models

the PU arrival as a Poisson process and considers the interweave paradigm to establish

SU links. Instead of using fountain codes, this work uses frames to expand the

quantized source vectors optimally into multiple descriptions to compensate for packet

losses due to PU activity. Also, like [8], this work considers fixed channel capacity,

which is not realistic in a cognitive radio environment as here the channel capacity

varies with the arrival-rate as well as with fading. Also, this model lacks scalability,

which is one of the major requirements in real-time multimedia transmission. Their

experimental results show that the decoded image quality directly depends on the

arrival-rate, which indicates poor coding efficiency.

The authors in [21] present a new approach to transmit real-time multimedia over
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a cognitive radio environment using hierarchical quadrature amplitude modulation

(HQAM) under imperfect channel sensing. The use of HQAM adds unequal error

protection (UEP) to the transmitted data. For video, they use H.264/MPEG encoder

and split the resulting bit-stream into high-priority (HP) and low-priority (LP) bits

(for video, bits associated with I-frames are considered as HP bits and rest of the

bits are considered as LP bits) which they place into packets by maintaining an equal

ratio of HP and LP bits in packets. Later, these packets are modulated using HQAM.

The output power of HQAM symbols depends on CSI and PU activity. Therefore,

they have presented an optimal power control strategy. Their proposed scheme can

transmit multimedia contents of SU concurrently with the PU. However, they do not

present any model for PU activity on a channel. Additionally, they use fixed-rate

source encoder that results in a cliff effect.

Another JSCC approach to transmit images over multiple long term evolution

(LTE) cognitive radio channels can be found in [25]. They adopt set partitioning in

hierarchical trees (SPIHT) and a Reed-Solomon code to perform source and channel

encoding, respectively. To set up the SU links, they rely on the underlay paradigm.

Like [21], they consider UEP to protect packet loss that arises due to PU activity. This

model estimates PU arrivals using the Poisson process as well. However, the proposed

scheme does not adopt scalability. Further, no power allocation strategy is presented,

although they consider lossy channels and PU interference during transmission.

A layered coding approach for video transmission over multi-channel cognitive

radio networks can be found on [22]. They adopt a utility-based H.264/SVC video

transmission scheme that uses UEP. Moreover, they study to improve the video qual-

ity by using a flexible sensing-transmission scheme and by providing a level of utility

to each different network abstraction layer unit (NALU) that depends on their loss
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probability and the contribution towards video quality. Unlike [8,10,25], the authors

in [22] adopt a Markov chain [26], [27] to model the PU in cognitive radio networks.

They also consider the interweave paradigm to setup the SU links.

1.7 Organization of the Thesis

The rest of the thesis is organized as follows. Chapter 2 describes the fundamental

concepts and background of the work presented in this thesis. Chapter 3 presents the

system architecture of the model in detail. Then, the experimental procedures and

results followed by the analysis of the outcomes are presented in chapter 4. Finally,

chapter 5 concludes the thesis and highlights some possible future work.

12



Chapter 2

Background

In 1948, Claude Shannon, “the father of information theory”, introduced the math-

ematical model of communication. According to him, any communication system

consists of five basic elements as shown in Figure 2.1. However, in a digital com-

munication system, the transmitter and receiver blocks are represented by a pair of

source-channel encoders and decoders, respectively. A schematic diagram of a digital

communication system is presented in Figure 2.2. The source encoder compresses

the input signal based on its statistics and forwards it to the channel encoder as a

uniformly-random binary stream. In [28], Claude Shannon stated two fundamental

Figure 2.1: Shannons diagram of a general communication system.
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Figure 2.2: A schematic diagram of a digital communication system [1].

problems of digital communication. The first one is to find the exact or close approx-

imate representation of an information source which is obtained by source coding at

some given bit-rate and the latter is channel capacity, that represents the maximum

rate at which reliably transmission over a channel is possible that is achieved by

channel coding. Therefore, the purpose of channel encoder, in a digital communica-

tion system is to protect the source information from being corrupted by the channel

noise. However, in the digital communication system, the exact reproduction of in-

formation is hampered not only by channel noise but also due to the presence of the

quantization process in source encoder.

To get more insights into the digital communication of a video source, the rest of

the chapter is organized according to the flow of Figure 2.2 in the context of video

transmission.

2.1 Video Compression Framework

The goal of any source encoder is data compression, that is to reduce the amount of

bit-rate necessary to convey the source information either without a loss or with a

certain distortion [1]. The source encoders used for real-time video coding fall into the

latter category. A schematic view of a modern video encoder, e.g., H.264/AVC [2], is

presented in Figure 2.3.

The compression of an information signal is possible because of the presence of
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Figure 2.3: Anatomy of a modern video encoder [1].

redundancies. In the case of video a significant amount of compression can be achieved

by taking into consideration the spatial, temporal, and psycho-visual redundancies

which are described below.

Spatial: In an image, spatial redundancy occurs as pixels in the same frame are

highly correlated. This is indicated by sets of pixels that have the close values for

luminance and chrominance.

Temporal: In a typical 30 frames per second (fps) video sequence, 30 images

are captured in every second; therefore, very little motion of objects present in the

video may occur between consecutive frames. As a result, there is a good chance

of capturing the same object 30 times with nearly the same sets of pixel values.

Moreover, if motion occurs within one second, the object in motion will have the

same set of pixels but at a different location (an offset). Thus, significant temporal

redundancy can be found in most real-world video sequences.

Psycho-visual: This type of redundancy arises due to the fact that the sensitivity
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of the human visual system (HVS) is selective, that is, it does not consider individual

pixel values to form an image mentally. The HVS is less sensitive to the changes in

chrominance (color) and more sensitive to the changes in luminance (brightness). As

a result, the elimination of such quantitative information (pixel values) is possible

without disturbing the HVS. Since the quantitative information is eliminated, this

process is commonly referred to as quantization.

In a video encoder, by adopting different techniques, these three redundancies can

be omitted. The spatial and temporal redundancies are exploited by using a suitable

linear transform and predictive coding, while psycho-visual redundancy is taken into

account by quantization [1].

A video encoder does not operate on a whole frame or collection of frames; rather,

it operates on a block or collection of blocks from the same or different frames to

exploit the techniques that are mentioned above. A block is usually a collection of

several neighboring pixels. In video coding, such a block is known as a macro-block.

Three types of frames are used in most video coding algorithms, which were first

introduced in MPEG-1 [29]. They are: I- (intra-coded) frames, P- (predictive-coded)

frames, and B- (bidirectional-coded) frames.

In the following subsections, we will first briefly present the structure of the macro-

blocks and the video frames. Latter we will discuss some key components of a modern

video encoder, as shown in Figure 2.3.

2.1.1 Macro-block

A macro-block typically consists of several 8×8 blocks of luminance and chrominance

pixels. To form a macro-block, we need six 8 × 8 blocks, and among them, we have

four 8× 8 luminance blocks, one block of Cb, and one block of Cr. Therefore, we get
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Figure 2.4: Basic structure of a macro-block (4:2:0) [2].

a 16 × 16 pixel region where we have 16 × 16 pixel luminance components and two

8× 8 chrominance components. A macro-block is formed in this manner because the

HVS is more sensitive to luminance than chrominance (more details can be found in

section 2.1.3). A schematic view of a macro-block is presented in Figure 2.4.

2.1.2 Video Frames

A video encoder typically uses a combination of I-, P-, and B-frames to compress

a video file. To encode an I-frame, temporal correlations are not considered, which

means an I-frame is encoded without any reference from the past frames. Each I-

frame is treated as a separate digitized picture and coded block-by-block similar to

the joint photographic experts’ group (JPEG) [30]. Therefore, the compression rate

of a I-frame is quite low compared to frames which exploits temporal correlations [31].

As I-frames are not predicted from any other frames, they contribute less error in the

decoder. However, the P- and B-frames are predicted from the I-frames. Therefore,

I-frames are typically repeated after every 3 to 12 frames. The number of frames

between successive I-frames is known as a GOP [30].
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2.1.3 Color Transform

In computer systems, colors are represented by the RGB model, which is founded on

the trichromacy of human vision [32]. Therefore, any color video sequence has three

input data channels: red, green, and blue. Since a high correlation exists among these

three channels and human eyes are less sensitive to chroma components than luma;

therefore, the first step of any modern video encoding algorithm is to perform color

transform [32]. This transformation is obtained by introducing a new color space

(YCbCr) using the equations [2]

Y = krR + kgG+ kbB,

Cb = B − Y,

Cr = R− Y,

where k’s are the weighting factors, Y represents the luminance, and Cb and Cr

represent chrominance.

However, as human eyes are more sensitive to variations of luminance than chromi-

nance, chrominance components are subsequently sub-sampled usually at a rate of

2 [32]. For video encoding, a popular sub-sampling format is 4 : 2 : 0. In this format,

from a 16 × 16 color region, as shown in Figure 2.4, only one set of chrominance

components is taken against four sets of luminance components.

2.1.4 Predictive Coding

In predictive coding, redundancy is reduced by forming a prediction of the data and

subtracting this prediction from the current data. In a video coding, this prediction

is usually formed from previously coded frames (a temporal prediction) or previously
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Previously	coded	(available	for	intra	prediction)

Not	yet	coded

Current	macro-block

(a) Intra prediction: available samples

Previously	coded	samples

Current
	macro-block

(b) Intra prediction: spatial extrapolation

Figure 2.5: A schematic of intra prediction mode.

coded image samples in the same frame (a spatial prediction) [2]. The subtraction

process in predictive coding generates a residual or a prediction error. As a result,

the more accurate the prediction, the smaller the energy contained in the residual

and vice-versa [2]. Typically, predictive coding can be divided into two modes: Intra

prediction and inter prediction. In practice, these modes are operated over macro-

blocks.

Intra Prediction: To predict, intra prediction mode does not require any refer-

ence frame; rather, it uses previously encoded macro-blocks of the current frame.

This mode is used only to encode I-frames. A schematic view of intra prediction is

presented in Figure 2.5.

Inter Prediction: Inter prediction mode uses a reference frame to predict a given

frame. This mode is used to reduce temporal redundancy that is presented between

two frames. Typically, P- and B-frames are encoded using inter prediction mode. Inter

prediction mode includes motion estimation, motion compensation, the computation

of motion vectors to predict the residuals.

Motion estimation is the process where for each macro-block in the current frame,

a search is performed in the reference frame (can be previously encoded frame from
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the sequence and maybe before or after the current frame in display order [2]) to

find a 16× 16 region in the reference frame that closely matches the current macro-

block. However, during motion estimation, the whole reference frame is not searched.

Rather, a search area is considered, which is located within ±15 pixels in both hor-

izontal and vertical directions of the macro-block being encoded [31]. Figure 2.6

illustrates the motion estimation technique.

The closeness of a match or distance is measured by computing either the sum of

absolute differences or by the sum of squared differences between the corresponding

pixels in a 16 × 16 region and a macro-block [31]. If the distance from the current

macro-block to the closest 16× 16 region in the reference frame is greater than some

prespecified threshold, then the macro-block is declared uncompensable and is en-

coded without the benefit of prediction [31]. On the other hand, if the distance is

below the threshold, then a motion vector is computed.

The motion vector is the relative location of the best-matching 16× 16 region in

the reference frame. It is obtained by subtracting the coordinates of the upper-left

Figure 2.6: Motion estimation [2].
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corner pixel of the macro-block from the coordinates of the upper-left corner pixel of

the 16× 16 region.

2.1.5 Transform Coding

The purpose of transform coding is to apply a decorrelating transform to compand

the energy of the signal down to a few components [32]. Therefore, it is possible to

take a subset of coefficients from a set of transform coefficients, which contains enough

details to reconstruct the signal, and thus introduce compression [2]. However, in the

context of video coding, only the energy compacting property of the transform coding

is exploited.

Transform coding can be performed only if the components of the source signal are

correlated. As pixels within a macro-block are highly correlated, a high correlation

may exist within a residual data of a macro-block if the prediction is not very good.

As a result, in video coding, transform coding is performed over the residual data of

macro-blocks. The most popular transform is the discrete cosine transform (DCT),

which is applied over 8 × 8 blocks of residual data. An inverse operation of DCT

is performed at the decoder side and it is known as the inverse DCT (IDCT). The

forward DCT (FDCT) and IDCT are defined as

Y (x, y) = C(x)C(y)
N−1∑
i=0

N−1∑
j=0

X(i, j) cos
(2j + 1)yπ

2N
cos

(2i+ 1)xπ

2N
,

X(i, j) =
N−1∑
x=0

N−1∑
y=0

C(x)C(y)Y (x, y) cos
(2j + 1)yπ

2N
cos

(2i+ 1)xπ

2N
,

respectively. Here C(ζ) =
√

1
N
, if ζ = 0, and C(ζ) =

√
2
N
, if ζ > 0, Y (x, y) is the
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DCT coefficient in row x and column y of the DCT matrix, and X(i, j) the intensity

of the pixel in row i and column j.

2.1.6 Quantization

Quantization is the process of mapping a continuous random variable X ∈ R to a

finite set yi = {y1, . . . , yN}, yi ∈ R. Therefore, it becomes possible to represent the

random variable with a finite number of bits. If X is a single random variable then

the process is called scalar quantization, and if X is a random vector then the process

is called vector quantization.

In H.264 video coding standard, a simple divide-and-truncate operation is per-

formed over the DCT coefficients, which is equivalent to a uniform scalar quan-

tizer [2], [31]. The quantized value of the variable coeff is then given by

Qcoeff = round(coeff /QP ),

where QP is the quantizer step size. In the H.264 video encoder, QP is always set

to an integer value. If QP is set to a higher value, there will be more coefficients

with the zero value, which results in a higher compression at the cost of poor decoded

video quality. On the other hand, if it is set to a lower value, then there will be more

coefficients with non zero values, thus results in less compression, which guarantees

better-decoded video quality. However, QP can be different for each DCT coefficient

according to the human psycho-visual model [32]. This strategy is adopted to quantize

the coefficients belonging to low spatial frequencies more accurately rather than the

coefficients corresponding to high spatial frequencies.
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2.1.7 Entropy Coding

If a source with a finite alphabet of size 2n has a non-uniform distribution over the

symbols, then with entropy coding, it is possible to allot fewer bits than n per sym-

bol but without a loss of any information [32]. Such reduction in bits is obtained

by providing shorter codewords to the symbols that have higher probabilities of ap-

pearing in the coded stream and vice-versa. Claude Shannon in his 1948 paper [28],

describes entropy as the optimal bit-rate for a source with a distribution pX(x) over

its symbols [32]. The entropy is given by

H(x) =
∑
i

−pX(xi)log2pX(xi).

In practice, the quantized DCT coefficients, motion vectors, and quantization factors

are compressed using an entropy coder.

2.1.8 Rate Control and Bit Buffer

In order to control the output bit-rate, rate control and bit buffer units work coop-

eratively. The function of the bit buffer is to keep the output of the encoder fixed

according to the transmission rate [31]. Therefore, if the bit buffer starts filling up

at a rate faster than the transmission rate, it gives feedback to the quantizer through

the rate control unit to increase the value of QP . On the other hand, if the bit buffer

sees a decrease in the output rate lower than the transmission rate, it asks to increase

the value of QP . In practice, QP is multiplied by the quantization factor which helps

video coder to trade the bit-rate of for distortion [31], [32].
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2.2 Error Correcting Codes

Error-correcting codes are used in digital communication to protect the data bits

from inevitable bit errors that occur due to channel noise. The purpose of the error-

correcting codes is to add redundancy to the data stream in such a way so that data

bits can be transmitted error-free even with some bit errors occur. In the following

subsection, we will discuss the two error-correcting codes, which are also implemented

in this research work.

2.2.1 Reed-Solomon Codes

Reed-Solomon codes are systematic block codes and are a subset of Bose-Chaudhuri-

Hocquenghem (BCH) codes. In systematic block codes, a sequence message bits is

divided into blocks and each block is appended a set of parity bits. Each block is

made up of multiple symbols that are protected by parity symbols and thus forms a

self-contained codeword. Such a block is illustrated in Figure 2.7.

A Reed-Solomon code is denoted by RS(n, k) with m-bit symbols [33]. That is, the

encoder takes k data symbols of m-bits and add parity symbols to form a codeword

of length n symbols where the maximum codeword length is n = 2m − 1. Therefore,

	

Figure 2.7: Reed-Solomon code definition [3].
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for each block, there are n − k parity symbols. A Reed-Solomon encoder has the

capability of correcting up to t erroneous symbols in a block, where 2t = n − k. A

symbol is considered erroneous when at least 1 bit in that symbol is in error.

For example, consider a Reed-Solomon code RS(255, 239) with 8 bits/symbol.

Therefore, it takes 239 data bytes and produces a codeword of length 255 bytes. For

this code n = 255, k = 239 and 2t = n− k = 16 and therefore, t = 8 which indicates

the code can correct up to 8 erroneous symbols in a block. That is, the code may

correct 8 bits, when 1 bit alters on each 8 symbols in worst case and correct 64 bits

for 8 complete byte errors in the best case [33].

To construct a (n, k) Reed-Solomon code, we need to define a generator polynomial

g(x) which is defined as

g(x) = (x+ αb)(x+ αb+1) . . . (x+ αb+2t−1),

where b = 0, αs are the elements of the Galois field GF (2m) and the value of α

is usually considered to be 2 [3]. Now to define the finite field GF (2m), primitive

polynomial p(x) is used, which is a polynomial of degree m with no factors, and thus

is irreducible. For a Galois field of particular size, p(x) is predefined. For GF (24), the

polynomial is in the form p(x) = 1 + x + x4. To construct the all non-zero elements

of the Galois field, it is assumed that primitive element α is a root of p(x) so that

p(α) = 0 [3]. Thus we get

α4 + α + 1 = 0,

25



CHAPTER 2: BACKGROUND

or,

α4 = α + 1. (2.1)

Higher powers of α can be obtained using (2.1). That is, to get α5 and α6 we can

write

α5 = α.α4 = α(α + 1) = α2 + α,

and,

α6 = α.α5 = α(α2 + α) = α3 + α2

respectively. In this way, we can obtain the complete field as shown in Table 2.1,

where binary form is obtained by substituting the value of α.

Table 2.1: The field elements of GF (24) with p(x) = x4 + x + 1.

Index form Polynomial form Binary form Decimal form
0 0 0000 0
α0 1 0001 1
α1 α 0010 2
α2 α2 0100 4
α3 α3 1000 8
α4 α + 1 0011 3
α5 α2 + α 0110 6
α6 α3 + α2 1100 12
α7 α3 + α + 1 1011 11
α8 α2 + 1 0101 5
α9 α3 + α 1010 10
α10 α2 + α + 1 0111 7
α11 α3 + α2 + α 1110 14
α12 α3 + α2 + α + 1 1111 15
α13 α3 + α2 + 1 1101 13
α14 α3 + 1 1001 9
α15 1 0001 1
α16 α 0010 2
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Consider a RS(15, 11) code, where t = 2. Therefore, the generator polynomial

g(x) becomes

g(x) = (x+ α0)(x+ α1)(x+ α2)(x+ α3)

= (x+ 1)(x+ 2)(x+ 4)(x+ 8)

= x4 + 15x3 + 3x2 + x+ 12.

Encoding- To encode the message, k message symbols are considered to be a

polynomial M(x) of order k − 1, so that

M(x) = Mk−1x
k−1 + . . .+M1x+M0,

where each of the coefficient is an m-bit message symbol, thus an element of GF (2m)

[3]. At first, M(x) is shifted by xn−k and then divided by g(x), which results in

M(x)× xn−k

g(x)
= q(x) +

r(x)

g(x)
,

where q(x) and r(x) are the quotient and remainder of the division respectively. Once

r(x) is obtained, the codeword is formed as

T (x) = M(x)× xn−k + r(x).

The idea behind such encoding is that, if we divide M(x) by g(x), it should be

divisible without any remainder. However, if we get a remainder, it indicates one or

more error has occurred at T (x).

Decoding- The receiver performs a division on R(x) by g(x), where R(x) is the

received codeword. If T (x) == R(x), then R(x)/g(x) will produce no remainder. If
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a remainder is produced, then it is assumed R(x) is in the form

R(x) = T (x) + E(x),

where E(x) is the error polynomial and E(x) = En−1x
n−1 + . . .+E1x+E0. Each of

the coefficients is an element of GF (2m) field and thus represents an m-bit error value.

The position of the error value is determined by the degree of x for that term [3].

The decoder knows g(x) and its roots, and therefore, can solve R(x) at every root

to generate a system of equations to determine the erroneous coefficients of R(x),

and their values. Therefore, the decoding process of a Reed-Solomon code involves

solving simultaneous equations. In practice, erroneous coefficients are obtained by

the Berlekamp-Massey algorithm, and the corresponding values are obtained using

the Forney algorithm [33]. Once errors are detected, they are corrected at the decoder

end, and then parities are discarded to obtain the data symbols.

2.2.2 Convolutional Codes

Convolutional codes are different from block codes such as Reed-Solomon codes be-

cause a convolutional code contains memory, whereas block codes are memory-less.

Also, unlike the Reed-Solomon code, the information bits do not directly appear in

the coded bitstream. A convolution encoder is denoted by (n, k,m), where n indi-

cates the number of output bits, k is the number of input bits, m is memory order

of the encoder, and the rate of the encoder is k/n. At any time, the n outputs of a

convolutional encoder depend on the k input bits and the previous m input blocks.

For an (n, 1,m) convolutional encoder, if the input sequence is in the form u =
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(u0, u1, . . . , ul, . . . ), the encoder will produce n output sequences as

v1 = (v
(1)
0 , v

(1)
1 , . . . , v

(1)
l , . . . )

v2 = (v
(2)
0 , v

(2)
1 , . . . , v

(2)
l , . . . )

...

vn = (v
(n)
0 , v

(n)
1 , . . . , v

(n)
l , . . . ),

and the coded sequence becomes

v = (v0,v1, . . . ,vl, . . . ),

where vl = (v
(1)
l , v

(2)
l , . . . , v

(n)
l , . . . ). Typically, the code is specified by a set of n

generator sequences of length m+ 1. The generator sequences are constructed as

g(1) = (g
(1)
0 , g

(1)
1 , . . . , g(1)m )

g(2) = (g
(2)
0 , g

(2)
1 , . . . , g(2)m )

...

g(n) = (g
(n)
0 , g

(n)
1 , . . . , g(n)m ),

where

g(n)m =


1, if there is connection from input to a output

0, otherwise.

The output sequence, therefore, can be thought of as the discrete convolution of
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Figure 2.8: Block diagram of 1/2-rate convolutional encoder.

the input sequence u and the generator sequence g(i). That is,

vl
(i) = u ∗ g(i)

=
m∑
j=0

ul−jg
(i)
j

= ulg
(i)
0 + ul−1g

(i)
1 + . . .+ ul−mg

(i)
m ,

where 1 ≤ i ≤ n.

Figure 2.8 illustrates a (2, 1, 2) convolutional encoder, which is a 1/2-rate encoder

with the order of memory 2. Since, here m = 2, we have three generator sequences,

and hence we can define the output as

v1l = ulg
(1)
0 + ul−1g

(1)
1 + ul−2g

(1)
2

v2l = ulg
(2)
0 + ul−1g

(2)
1 + ul−2g

(2)
2 ,

where, ul−1 and, ul−2 are the previous input bits. From Figure 2.8, we can get
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Figure 2.9: State diagram of 1/2-rate convolutional encoder.

g(1) = (1, 0, 1), and, g(2) = (1, 1, 1). Therefore, we can rewrite v1l , and, v2l as

v1l = ul + ul−2 (2.2)

v2l = ul + ul−1 + ul−2. (2.3)

Let us assume u = (0, 1, 1, 0, 1). Then according to (2.2), and (2.3) the coded

sequence becomes v = (00, 11, 10, 10, 00). In practice, a trellis diagram is used to

both encode and decode a convolutional code. To get the idea of a trellis, first we

need to construct a state diagram as the convolutional encoder can be viewed as a

finite-state machine (see Figure 2.9) and the corresponding trellis diagram is presented

in Figure 2.10. To encode a sequence of information bits, one just needs to trace a

path through the trellis, which is highlighted by a black line in the figure. After a

whole sequence is encoded, the encoder goes to all zero state. Therefore, 2m bits are

added with the encoded sequence, and thus the output rate of the encoder becomes

(l + m)n. To decode the received sequence, a popular method is to use the Viterbi

algorithm over the same trellis.
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Figure 2.10: Trellis representation of 1/2-rate convolutional encoder.

2.3 Quadrature Amplitude Modulation

Quadrature amplitude modulation (QAM) requires modulating both the amplitude

and phase of the carrier signal. This modulation process requires two carrier signals,

which are 90◦ apart from each other. Therefore, it is possible to transmit two signals

simultaneously under the same carrier frequency without mutual interference. Since

there is a 90◦ phase difference between two carrier signals, the resulting signals are

known as in-phase and quadrature signals. QAM can be used for both analog and

digital transmissions. In the following subsections, we will briefly discuss the QAM

process for both digital and analog signals.

2.3.1 Analog QAM

Consider two analog signals I(t) and Q(t). Now if we use these two signals to modu-

lated the quadrature carriers and add them together, the result is

X(t) = I(t) cos(2πfct)−Q(t) sin(2πfct)

= xA(t) cos[2πfct+ φ(t)], (2.4)
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where, xA(t) =
√
I(t)2 +Q(t)2 and φ(t) = tan−1(Q(t)

I(t)
). Therefore, it possible to

perform simultaneous amplitude and phase modulation of a carrier by amplitude

modulating two quadrature carriers of the same frequency.

2.3.2 Digital QAM

In the digital communication system, by QAM, we refer to multilevel QAM or M -

QAM. In digital M-QAM, both I(t) and Q(t) signals take discrete value. A block

diagram of 16-QAM and corresponding symbol mapping are illustrated in Figure 2.11a

and Figure 2.11b, respectively. As can be seen, the amplitude and phase of the

modulated signal depend on the shift-register state. Therefore, with M -QAM, M

shift-register states are defined, and thus we have M combinations of phase and

amplitude, which are referred to as QAM symbols. Each QAM symbol can carry n

bits, where n = log2M .

2.4 Wireless fading Channel

It is necessary to understand the characteristics of a communication channel before

designing and implementing any transmission scheme. A communication channel can

be wireline or wireless. In this thesis, we consider communication over the wire-

less channel. In the simplest case, one may assume the signal to traverse ideal free

space. Free space modeling of a wireless channel considers a direct path between

the transmitter and receiver, which is free from any object that might attenuate the

transmitted signal. However, in the practical wireless channels, where the signal prop-

agates within the atmosphere and near the ground, the free space model is inefficient

in terms of predicting the channel behavior and system performance [34]. In such

a channel the signal interacts with many objects present in the path between the

33



CHAPTER 2: BACKGROUND

In
pu
t	

B
its
tre
am

O
sc
ill
at
or

Sh
ift
-r
eg
is
te
r (a

)
16

-Q
A

M
m

o
d

u
la

to
r.

(b
)

16
-Q

A
M

co
n

st
el

la
ti

o
n

.

F
ig

u
re

2.
11

:
D

ig
it

al
Q

A
M

.

34



CHAPTER 2: BACKGROUND

transmitter and receiver and thus can be reflected, diffracted, and even scattered. As

a result, random fluctuations occur in the amplitude, phase, and angle of arrival of

the signal received at an antenna [35]. This phenomenon is known as multipath prop-

agation, and the fluctuations in multipaths give rise to the term multipath fading. In

the following subsections, we will discuss the characteristics of fading channels.

2.4.1 Fading

Typically, by fading, we refer small-scale fading, which is used to describe the rapid

fluctuations of amplitudes, phases, or multipath delays of a radio signal over a short

period or travel distance. Since we have multiple paths for the transmitted signal

to propagate towards the receiver, we have two or more versions of the transmitted

signal which arrive at the receiver at slightly different times, interfere with each other,

and thus cause fading. This interference can vary widely in amplitude and phase over

time.

Small-scale fading gives rise to two types of variations in the received signal: (1)

time spreading of the underlying digital pulses within the signal, (2) a time-variant

behavior of the channel due to motion between transmitter and receiver [35]. Time

spreading of the signal due to multipath is captured by channel coherence bandwidth

in the frequency domain and by the root mean square (RMS) delay spread in the time

domain. On the other hand, the time-variant behavior of the channel is characterized

by the channel coherence time in the time domain and by the Doppler-shift in the

frequency domain.
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2.4.2 Delay Spread and Coherence Bandwidth

As we receive the signal from multiple paths, the propagation time of the received

signal will be different for each path. Therefore, a single transmitted pulse will be

spread in time when it arrives at the receiver. This effect, which spreads out the

signal, is captured by the parameter τs. In wireless communication, delay spread is

visualized using a multipath power profile, and such a profile is illustrated in Fig-

ure 2.12. Typically, the RMS metric is used to measure the delay spread and is

defined by

στs =
√
τ̄s − τ̄ 2s

where,

τ̄s =

∑
k

P (τsk)τsk∑
k

P (τsk)
,

τ̄ 2s =

∑
k

P (τsk)τ 2sk∑
k

P (τsk)
,

Figure 2.12: Power profile of multi-path delay spread.
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k = 1, 2, . . . , Nk, and στs is known as RMS delay spread.

The coherence bandwidth of a channel is the frequency domain dual of the RMS

delay spread and is defined by [4]

Bc ≈
1

5στs
.

Depending on coherence bandwidth Bc a channel can be characterized as flat fading

or frequency-selective fading channel. When Bs << Bc, the channel is called flat

fading channel and the channel is frequency-selective fading channel when Bs > Bc,

where Bs is the signal bandwidth.

In a flat fading channel, the multipath components of the transmitted signal arrive

within a very short fraction of a symbol time. Therefore, such channel can be approxi-

mated as a single tap having no delay (i.e., a single delta function with τsk = 0) and the

input/output relationship of the channel can be expressed as multiplication [4], [36],

that is

y(t) = c(t)x(t),

where c(t) is the time-variant impulse response of the channel.

2.4.3 Doppler-shift

Consider a scenario where the transmitter is a base station (BS), and the receiver is

driving a car. Therefore, motion presents between the transmitter and receiver (see

Figure 2.13). Depending on the direction of driving, the angle between the mobile

receiver and the received signal may vary. The angle can be positive if the receiver

drives towards the BS or can be negative if drives in the opposite direction. This
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BS

Rx

Tx	signal

Figure 2.13: Doppler shift.

motion leads to a shift in the frequency of the radio waves, which is received by the

mobile receiver. This shift is known as Doppler shift and is defined by

fd =
vfc
c

cos θ,

where, v is the relative velocity of the receiver with respect to transmitter, fc is the

frequency of the transmitted signal, and c is the speed of the light. With this shift, the

frequency of the received signal becomes fc + fd when the receiver drives towards BS

and fc−fd when drives away from BS. This is valid, if we assume there presents only

a direct path between the transmitter and receiver as shown in Figure 2.13. However,

in a multipath scenario, there may exist many paths between the transmitter and

receiver. Thus the signals traveling along different paths can have different Doppler

shifts, corresponding to different rates of change in phase. In that case, we will have

Doppler spread instead of simple Doppler shift.

2.4.4 Coherence time

Coherence time is the time domain dual of Doppler spread and defined by

Tc =
0.423

fm
,
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Flat	Slow
Fading

Frequency	Selective
	Slow	Fading

Flat	Fast
Fading

Frequency	Selective
	Fast	Fading

Figure 2.14: Matrix illustrating type of fading experienced by a signal as a function of
symbol period Ts [4].

where fm is the maximum Doppler-shift. It is a statistical measure of time duration

over which a channel remains static, and it captures the time-variant nature of the

channel due to motion. If two signals are received by a time separation greater than

Tc, then these two signals are affected differently by the channel [4]. Depending on

channel coherence time Tc, a channel can be fast-fading or slow fading channel. A

slow-fading channel is defined by

Ts << Tc,

where Ts is the symbol duration, and a channel is a fast-fading channel when

Ts > Tc.

The relationship between different fading based on multipath and motion param-

eters is presented in Figure 2.14.
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Modulator

Figure 2.15: Frequency domain representation of AM process.

2.5 Complex Baseband Representation of Signals

In wireless communication system, any information signal such as audio, video is

transmitted by modulating a higher frequency carrier signal. After modulation, the

resulting signal is known as passband signal and the information signal at the input

of the modulator is known as baseband signal. Typically, the baseband signals have

much lower frequency energy compared to the carrier signal because that is property

of information bearing signals produced by a source. An amplitude modulation (AM)

process is illustrated in Figure 2.15, where M(f), C(f), Y (f) represent spectra of

baseband signal, high-frequency carrier signal, and passband signal respectively.

This inclusion of fc will create unnecessary complications in theoretical analysis

of communication systems. Therefore, a method of characterizing a communication

system, which is independent of fc is desired. Such characterization can be obtained

by the complex baseband representation of the signals.

Let us assume s(t) is a real-valued passband signal. The spectrum of s(t) can be
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obtained as

S(f) = F{s(t)},

where F{.} denotes Fourier transform. Since S(−f) = S∗(f) is valid then by analyz-

ing the positive half of the spectrum S(f) we can retrieve the source information [37].

Therefore, we can define

S+(f) = 2u(f)S(f), (2.5)

where u(.) is the unit step function [38]. The equivalent time domain representation

of (2.5) is

s+(t) = F−1{S+(f)}

= F−1{2u(f)S(f)}

= F−1{2u(f)} ∗ F−1{S(f)}, (2.6)

where F−1{.} is the inverse Fourier transform. From [37], we know

F−1{2u(f)} = 2{1

2
δ(t) + j

1

2π t
}

= δ(t) + j
1

π t
. (2.7)

From (2.6) and (2.7), we get

s+(t) = s(t) + j
1

π t
∗ s(t)

= s(t) + jŝ(t)
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where

ŝ(t) =
1

π t
∗ s(t)

=
1

π

∫ −∞
∞

s(τ)

t− τ
dτ

= H{s(t)},

H{.} denotes Hilbert transform, and s+(t) is know as the complex pre-envelop signal.

The frequency response of H{.} is

H{f} =


−j, f > 0

0, f = 0

j, f < 0.

Let us assume the spectrum of ŝ(t) is Ŝ(f). Now, if we plot S+(f), we will see

s+(t) is still a passband signal (see Figure 2.16).

To make s+(t) a baseband signal, we need to shift S+(f) down to origin. The

Figure 2.16: Spectrum of different signals.
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corresponding baseband signal is defined as

Sb(f) = S+(f + fc) (2.8)

and therefore, the equivalent time domain expression of (2.8) becomes

sb(t) = F−1Sb(f) = s+(t)e−j2πfct,

which leads to

sb(t) = [s(t) + jŝ(t)]e−j2πfct. (2.9)

Since sb(t) does not contain fc, it is known as the complex baseband representation

of passband signal s(t). Now, if we rewrite (2.9) as

s(t) + jŝ(t) = sb(t)e
j2πfct (2.10)

then by taking Re[sb(t)e
j2πfct], we will get the passband signal s(t). As a result, sb(t)

is also known as complex envelop of s(t) [38]. In general sb(t) is complex valued [38],

therefore, we can define

sb(t) = x(t) + jy(t).

Now, if we substitute sb(t) in (2.10) and equate real and imaginary parts on each side,
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LPF

LPF

Figure 2.17: Conversion from baseband to passband and vice-versa.

we get

s(t) = x(t) cos 2πfct− y(t) sin 2πfct

ŝ(t) = x(t) sin 2πfct+ y(t) cos 2πfct

This representation of s(t) suggests a practical way to generate the complex envelop

of passband signal. Figure 2.17 illustrates the conversion from baseband to passband

and vice-versa.
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Proposed System Architecture and

Design Procedure

This chapter proposes a new end-to-end HDA coding framework for reliable and

efficient transmission of real-time video over cognitive channels. In contrast to a con-

ventional design which considers fixed-rate source and channel encoders, this frame-

work adopts a JSCC approach to overcome the cliff effect typically presents in a

conventional design. The reliable and efficient transmission is ensured by using a

transmission scheme which adapts the bit-rate to channel conditions based on the

PU arrival-rates on the cognitive channels. An important feature is the use of analog

refinement layer superimposed on the digital base-layer which guarantees a decoded

video quality commensurate with the instantaneous channel quality.

3.1 Problem Description

Let S be a sequence of video frames modeled as a sequence of real-valued random

vectors. The main goal of this study is to compress S and then transmit it over
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cognitive channels through secondary access so that the distortion between S and

Ŝ is minimized subject to constraints on PU arrival-rate, transmission-rate, total

transmission power, and channel bandwidth. It is assumed that the duration of a

GOP (TGOP ) is greater than the channel coherence time (Tc) and, therefore, CSI is

updated many times during the transmission of a GOP and the power allocation is

repeated at regular time intervals which is referred to as channel state update (CSU)

period. However, in interweave cognitive radio environment, each wireless sub channel

is licensed to a PU and it is assumed that SU can access the channel only when

the PU is inactive. Therefore, a sensing mechanism is required which periodically

senses the cognitive radio environment, and set-up the secondary transmission link

by considering the PU activities. It is not possible to determine the maximum channel

payload capacity for the entire duration of a GOP when transmitting a video over the

fading cognitive radio channels. This is because, in a secondary access scenario, the

available channel payload capacity depends on random PU activity. One approach

to reliable transmission is to maintain the encoder output bit-rate below the worst-

case bit-rate of the channel. But this will not only result in a poor decoded video

quality but it will also fail to benefit from higher channel capacity available during

the periods of low fading. Another approach is to use layered video coding rather

than fixed-rate coding such as HDA coding, which consists of a base-layer and an

analog refinement layer. The refinement layer is superimposed on the base-layer prior

to transmission. If we can set the base-layer bit-rate in such a way that it guarantees

the delivery of the base-layer even in the the worst case scenario, then by transmitting

the quantization error (QE) samples as a refinement layer can improve the decoded

video quality. To get the benefit of HDA coding in a cognitive radio environment, we

need to set the base-layer bit-rate according to CSI and the PU arrival-rate so that
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a certain probability of reliable transmission can be guaranteed. Once the base-layer

is received error-free, depending on the number of received analog QE samples, the

video quality can be improved. Thus, it is possible to achieve a higher decoded video

quality and reliability at the same time by proper utilization of the available channel

resources in a cognitive radio environment with HDA coding. A block diagram of the

proposed system is presented in Figure 3.1.

3.2 Wireless Channel Model

In this thesis, we assumeNc primary channels, each with bandwidthBW , are available

through secondary access to an SU for transmitting video. It is also assumed that

random power gains of the different channels are independent, but available to both

transmitter and receiver as CSI. Moreover, it is assumed that random channel gains

are updated every TCSU seconds, and each primary channel is licensed to a single PU.

3.3 PU Traffic Model

It is known that in a cognitive radio environment, the PU arrivals are more frequent

and less correlated [8]. Therefore, to model PU traffic in such environment, Poisson

process has been commonly used in [8,10,25]. To model the random PU traffic in this

thesis, we also consider a Poisson process with arrival-rate λi, where, i = 1, 2, . . . , Nc.

The inter-arrival time τi is exponentially distributed with mean arrival time 1/λi. We

assume that upon arrival of a PU on a particular channel, it occupies the channel for

a while to complete its task and then departs. In queuing theory [39], the occupancy

time can be well modeled by the service time µi which is also exponentially distributed.

Both τi and µi are considered as independent random variables.
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3.4 Secondary Access Model

In this thesis, we consider real-time video transmission using interweave secondary

access model [8], [10], [22]; that is, the SU and PU cannot access the channel con-

currently. The secondary access to a channel depends on the PU’s usage statistics of

that channel. These usage statistics are captured by τi and µi discussed in section 3.3.

The SU can access the ith channel for a duration of τi. At the end of this duration,

the ith channel is reoccupied by the PU and the secondary transmission link breaks.

However, a µi duration, thereafter, the channel becomes vacant again. Therefore, it is

necessary to introduce a secondary access model that can be used to sense the vacant

slots, initiate channel selection, and perform data transmission. Figure 3.2 illustrates

the secondary access scenario.

Since a single video transmission session involves the transmission of multiple

GOPs, it is assumed that the secondary link setup and data transmission occur per

GOP basis. The GOP frame structure is shown in Figure 3.3.

C
ha
nn
el
-S
ta
te

Time

Figure 3.2: Secondary access over a cognitive channel.
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Data	TransmissionLink
Set-up

GOP	Duration

Figure 3.3: GOP frame structure.

While most of the previous work such as [8], [10], adopts a fixed sensing-transmission

scheme, we consider the flexible scheme that is proposed in [22]. The fixed sensing-

transmission scheme consists of a fixed link setup period followed by a fixed data

transmission period. In this setup, if a channel is occupied by a PU after the sensing

period, the SU will not access the channel. The channel will be sensed again after a

Dmax duration, which results in a waste of channel resources as the channel can be

vacant before Dmax. In the flexible sensing-transmission scheme, although the link

setup period is fixed, the transmission duration is adaptively determined according

to the PU activities, channel sensing results, and the channel quality [22].

The link setup period of a GOP frame includes three operations: sensing, man-

agement, and action.

3.4.1 Sensing

The secondary link setup begins at t = −Tsensing with sensing of spectrum holes [8].

During the sensing period, a set of Nv vacant channels out of Nc is selected using the

parameter a(i), wherein a(i) = 0 indicates the availability of channel i and a(i) = 1

indicates otherwise. Also, this sensing period includes two more important tasks:

prediction of the channel capacity and the estimation of CSI. The latter is beyond

the scope of this study and assumed to be available to both secondary transmitter
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and receiver. To predict the channel capacity, we consider the arrival-rate of the

PU along with a predefined probability Psuccess, which indicates the probability of

successful transmission of B bits for the duration of an entire GOP by the SU.

Channel Capacity- It is assumed that a GOP is transmitted using fixed-length

packets, where each packet contains Nm QAM symbols. Let Ri be the rate in

bits/QAM symbol, where i = 1, 2, . . . , Nc. Therefore, each packet can carry RiNm

bits. Now, if we can find out how many packets can be transmitted with given proba-

bility Psuccess within a GOP duration, then it is possible to determine B. Let’s assume,

the duration of a packet is Tp and we want to transmit ηi packets before a PU arrival

occurs on channel i. To ensure, ηi packets get transmitted before a PU arrival, the

arrival should occur after ηiTp. Since the PU arrival occurs after a τi duration, the

probability of successful transmission of ηi packets is Psuccess = P (ηiTp ≤ τi). Given

that τi follows an exponential distribution we get,

P (τi ≥ ηiTp) =

∫ ∞
ηiTp

λie
−λitdt, (3.1)

where λi is the PU arrival-rate of the ith channel. By solving (3.1), we get

ηi =
− ln(Psuccess)

λiTp
.

It should be noted that a higher value of Psuccess increases the reliability but decreases

the decoded video quality. Given ηi, we obtain

Bi = ηiRiNm,

where Bi is the estimated channel capacity of the i-th channel.
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3.4.2 Management

The management unit performs two very specific tasks: best channel selection and

transmission rate control. Once the information regarding vacant channels and their

capacities are forwarded by the sensing unit to management unit, the management

unit first figures out the channel k among the Nv (Nv ≤ Nc) candidate channels using

(3.2)

k = arg max
i
{Bi : i = 1, . . . , Nv}, (3.2)

as the cognitive radio channel for transmission of the current GOP and hence B = Bk,

where B is the estimated capacity of the selected channel.

Transmission rate control is achieved by using Algorithm 1 which depends on a

set of modulation and coding scheme (MCS) presented in Table 3.1. Typically, all

modern multimedia transmission standards depend on such MCS set. This MCS set

is defined in [40], but the approximate threshold CSNR value of each MCS which

corresponds to a bit-error rate of less than 10−7 has been estimated using Monte-

Carlo simulation [41]. In Algorithm 1, IMCS represents the MCS no. presented in

Table 3.1, PD is the power required for digital transmission, PT is the total power

Algorithm 1 Transmission rate control

1: Initialize: IMCS = 8, PD = 0, PT = 1
2: Get CSNR of the selected channel
3: while true do
4: Compute PD = ThresholdSNR (IMCS)

CSNR
. ThresholdSNR obatins from Table 3.1

5: if 0 < PD ≤ PT then
6: return IMCS

7: break
8: else
9: IMCS ← IMCS − 1

10: Using IMCS, get an appropriate MCS set from Table 3.1.

52



CHAPTER 3: PROPOSED SYSTEMARCHITECTURE ANDDESIGN PROCEDURE

Table 3.1: MCS Set Defined in The IEEE802.11a Standard

MCS no. Modulation Channel Coderate bits/symbol Threshold SNR (dB)
1 BPSK 1/2 0.5 7
2 BPSK 3/4 0.75 9
3 QPSK 1/2 1 10
4 QPSK 3/4 1.5 13
5 16-QAM 1/2 2 14
6 16-QAM 3/4 3 20
7 64-QAM 2/3 4 24
8 64-QAM 3/4 4.5 26

budget, and it is assumed that CSNR is available to both the transmitter and the

receiver as CSI.

3.4.3 Action

After secondary link is established, the next step is to prepare the coded video data

and quantization errors for transmission. Now, consider the HDA QAM tranmission

scheme, shown in Figure 3.4. Let Di and Vi be zero mean complex random variables

which denote digital and analog QAM symbols respectively. Let gi be the complex

gain and Wi be the zero mean complex white Gaussian noise of the ith channel. In

HDA coding, analog QAM symbols are superimposed on digital QAM symbols to

form a hybrid symbol as shown. Let XH be the hybrid symbol which is transmitted

over the cognitive radio channel, and Yi be the received signal. Therefore, we get

Figure 3.4: Power allocation blocks of HDA QAM transmission system.
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Yi = giXH +Wi.

After performing channel equalization, we get

Ỹi = Yi/gi = αDi + βVi +
Wi

gi
, (3.3)

where α and β are the digital and analog power allocation factors respectively. The

equalized channel output Ỹi is then fed to the channel decoder (see Figure 3.1).

From (3.3), it can be seen that the total noise at the input to the channel decoder

for the ith channel will be the sum of the interference from the analog signal and the

channel noise. Therefore, the CSNR at the input of the channel decoder becomes

γi =
α2|Di|2|gi|2

β2|Vi|2|gi|2 + |Wi|2
. (3.4)

In order to ensure a low decoding error probability, it is required to allot sufficient

power to the base-layer so that γi is above a certain threshold which depends on the

MCS (IMCS) chosen for the i-th channel. However, the power required to ensure a

given minimum CSNR at the receiver is often less than the total available power as

the available number of MCS is finite. Therefore, any remaining power can be used to

transmit analog symbols carrying quantization errors. The power allocation scheme

that is used in this thesis is presented in section 3.5.

3.5 Power Allocation

Our HDA coding scheme requires that the base-layer get transmitted error free.

Therefore, we first allot sufficient power to digital QAM symbols. Let us consider,

α =
√
PD and β =

√
PA, where PD and PA are the amounts of power allotted to
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digital and analog QAM symbols respectively. If we consider the transmission of the

base-layer only, then the CSNR at the input of the channel decoder is

γi =
PD|gi|2|Di|2

|Wi|2
. (3.5)

Without a loss of generality, we assume that E{|Di|2} = 1 and E{|Wi|2} = 1. Then

from (3.5) we get

PD =
γi
|gi|2

, (3.6)

where 0 < PD ≤ PT and PT is the total transmission power budget.

From (3.3) it can be seen that the analog refinement layer appears as noise to the

base-layer, therefore, if we allot PD for the base-layer and simply use rest of the power

PA = PT − PD for transmitting the analog refinement layer, then γi will decrease,

which will increase the decoding error probability. To ensure that γi is kept above

the threshold CSNR of the MCS being in use, we need to add simultaneously more

power to the digital QAM symbols. In order to meet this requirement, we rewrite

(3.4) as

(PD + P ′D)|gi|2

PA|gi|2E{|Vi|2}+ 1
≥ γi, (3.7)

where P ′D is the penalty that is added to PD to compensate for the increased noise

due to the analog refinement layer. Since, it is considered that the complex symbol

Vi is formed by combining a pair of transformed QE coefficients (see section 3.6.2),
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we get E{|Vi|2} = 2σ2
vi

. Therefore, we can rewrite (3.7) as

(PD + P ′D)|gi|2

PA|gi|22σ2
vi

+ 1
≥ γi. (3.8)

After allocation of PD the remaining unused power is

Prem = PT − PD. (3.9)

This remaining power is then allotted to analog QAM symbols. Therefore, we get

Prem = PA + P ′D. (3.10)

From (3.9) and (3.10), we get

P ′D = PT − PD − PA. (3.11)

Using (3.11) , we can rewrite (3.8) as

(PT − PA)|gi|2

PA|gi|22σ2
vi

+ 1
≥ γi,

and therefore,

PA ≤
PT − PD
1 + 2σ2

vi
γi
.

The maximum power that can be used for analog transmission is therefore,

PA =
PT − PD
1 + 2σ2

vi
γi
,
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where 0 ≤ PA < PT .

3.6 Proposed HDA codec

The encoder-decoder pair of the HDA codec is illustrated in Figure 3.5. We can divide

the HDA coding process into two parts: digital coding and analog coding.

3.6.1 Digital coding scheme

The digital encoder compresses the input video sequence, controls the bit-rate, and

then performs channel encoding and complex baseband QAM modulation.

An important parameter in encoding a GOP is QP, which controls the output

bit-rate of the H.264/AVC video encoder. Therefore, the digital encoder first focuses

on finding an appropriate QP. As we are considering secondary access over a licensed

channel, it is assumed that QP is selected by considering the constraints imposed

by the PU arrival-rate, mean CSNR, and channel code-rate. The algorithm that

is used in this thesis to find QP and encode a GOP is shown in Algorithm 2. In

this algorithm, Vfr and Nf represent the video frame-rate and the number of frames

in a GOP, respectively. After encoding, the base-layer data (H.264 bitstream) is

forwarded to the channel encoder. The code-rates presented in Table 3.1 are those of

the rate- 1/2 punctured convolutional code specified for OFDM-PHY in IEEE802.11a

[40]. However, it has been found that occasional bit-errors do occur despite the

error-correction by the convolutional coders and thus the base-layer doesn’t decode

properly. Therefore, the base-layer data is further protected by an outer code before

begin passed to the channel encoder. We use Reed-Solomon code RS(255, 239) with

8-bit symbols specified in [42] for this purpose.
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Algorithm 2 Video bit-rate control

1: Initialize: Bcap = 0, Brate = 0, a = 0, QP = 0, m = QPmin, and n = QPmax
2: Get B and mean CSNR of the selected channel
3: Using Algorithm 1 get the desired channel code-rate.
4: Using the code-rate, find out how many extra bits (Bextra) will be add to the

input
5: Bcap ← (B −Bextra), and Brate ← Bcap×Vfr

Nf

6: while true do
7: a← round(m+n

2
), and QP ← a

8: Compress GOP and calculate the output bit-rate Boutput

9: if Boutput > Brate then
10: m← a+ 1
11: else if Boutput < PBrate then . P indicates percentage (%)
12: n← a− 1
13: else if PBrate < Boutput ≤ Brate then
14: break
15: return QP , Boutput

3.6.2 Analog coding scheme

The first step of analog coding is to reconstruct the digitally encoded video and

generate QE samples. Once we have the H.264 bitstream, using an H.264 decoder

local to the transmitter, it is possible to decode the video. Earlier in section 3.1, we

assume S as a sequence of real-valued random vectors. However, as we now focus on

video transmission, and the basic unit of encoding and decoding is a GOP. Therefore,

S here represents a GOP of Nf consecutive video frames. Now, if we assume Ŝb is the

reconstructed base-layer then QE sequence of a GOP is defined as S − Ŝb. However,

in the context of HDA coding QE is know as the residual error, and we will use these

two term interchangeably. This residual error is then further processed by the analog

encoder as shown in Figure 3.5.

Both the original and the reconstructed video sequences have intra- and inter-

frame redundancies. Some of these redundancies can also appear in the residual

sequence particularly at low bit-rates. Therefore, it can be very inefficient in terms
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8	x 8	x 8	Pixel	cubes

GOP
(8	QE	frames)

3D-DCT

3D-DCT

8	x 8	x 8	DCT	cubes

(4	x 4	x 4	DCT	subcubes)
8	frequency	bands

Frequency	band	1
Frequency	band	2

Frequency	band	8

36x44
1x1584

a b

I

Q
a	+ jb

Analog	QAM	symbol

Figure 3.6: Mapping of QE samples of a GOP to analog symbols.

of bandwidth to send the residual error samples directly over the channel. It is

possible to reduce these redundancies by applying 3D-DCT to the residual error

sequence as it exploits both space and time correlations among consecutive frames.

In earlier research it has been found that 3D-DCT is a very effective method to

compress video in analog transmission of video [32]. In this thesis, we consider color

video in YCbCr format, where Y represents the luminance component, and the other

two represent chrominance components. Therefore, all of these three components

need to be processed before transmission. The complete process is illustrated in

Figure 3.6, which is applied to each of the components individually. At first, 3D-

DCT is performed over 8× 8× 8 non-overlapping cubes of QE pixels. Then like [41],

we divide each 8 × 8 × 8 coefficient cube into 4 × 4 × 4 sub-cubes, which can be

considered as different frequency sub-bands. Later, we collect all the sub-cubes from

different DCT cubes that fall under the same frequency sub-band to form a frequency

band. Thus we have eight frequency bands for each of the three components.

Each of these frequency bands is then divided into non-overlapping 36× 44 rect-

angular sub-blocks, which we refer to as analog packets. Therefore, we have 768

analog packets in total for all three components in a GOP. These packets are then

whitened by non-ordered Hadamard transform so that they will appear as white noise

to digital symbols. Later, the variances of analog packets are computed to organize
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them in descending order. This approach is adopted so that we can transmit as

much high variance packets as possible before having to vacate the channel due to

the possible arrival of the licensed PU on the channel. Due to the energy compaction

property of the DCT, the packets carrying quantization errors with higher variances

contain the most important information required to reconstruct the video. Thus this

packet ordering strategy ensures the best possible video quality for a given number of

transmitted analog packets. When modulating, each packet is converted to an array

of size 1584 coefficients, and two consecutive coefficients are taken as in-phase and

quadrature components to form one analog QAM symbol (see Figure 3.6).

Another important component of the analog coding scheme is to estimate DCT

coefficients from the noisy QAM symbols at the decoder side. In this thesis, we

consider a linear minimum mean square (MMSE) estimator for this purpose which is

presented in section 3.7.

3.7 Linear MMSE Estimator

The problem at hand is to estimate a complex random variable Vi given the observed

value of another complex random variable Ya (see Figure 3.7). In linear estimation,

the estimated value of V̂i is modeled as a liner function of Ya. Therefore we have,

V̂i = aYa + b, (3.12)

where the optimal values of the coefficients a and b have to be determined by mini-

mizing the mean square error (MSE) of the estimator. The MSE of this estimator is

given by
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e = E{(|Vi| − ˆ|Vi|)2}

= E{(|Vi| − a|Ya| − b)2}.

With the above error measure the optimal estimator becomes

(a∗, b∗) = arg min E{(|Vi| − ˆ|Vi|)2}.

To solve the minimization problem, we let

∂

∂a
[E{(|Vi| − a|Ya| − b)2}] = 0

E{2(|Vi| − a|Ya| − b)(−|Ya|)} = 0

−2E{|Vi||Ya|}+ 2aE{|Ya|2}+ 2bE{|Ya|} = 0 (3.13)

and,

∂

∂b
[E{(|Vi| − a|Ya| − b)2}] = 0

∴ b∗ = E{|Vi|} − aE{|Ya|}. (3.14)

Channel
Encoding	&
Baseband
QAM	mod.

H.264	
bitstream

Real-to-
Complex
(Analog
QAM)

Analog	
packets

Fading	Channel

Channel
Equalization

Baseband	QAM
demod.	&
Channel
Decoding

Channel
Encoding	&
Baseband
QAM	mod.

MMSE
Estimator

H.264	
bitstream

-

Figure 3.7: An HDA QAM transmission system.
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Now, by substituting b in (3.13) we get

aE{|Ya|2}+ [E{|Vi|} − aE{|Ya|}]E{|Ya|} = E{|Vi||Ya|}

a∗ =
E{|Vi||Ya|} − E{|Vi|}E{|Ya|}

E{|Ya|2} − E2{|Ya|}
. (3.15)

we can rewrite (3.15) as

a∗ =
Cov(Vi, Ya)

σ2
Ya

. (3.16)

Therefore, from (3.12), (3.14) and (3.16) we get

V̂i =
Cov(Vi, Ya)

σ2
Ya

[Ya − E{|Ya|}] + E{|Vi|}. (3.17)

In order to get the value of Cov(Vi, Ya) and σ2
Ya

we need to consider Figure 3.7 from

which we get

Xd = αDi

Xa = βVi

Yi = gi(Xd +Xa) +Wi

Ŷi = Xd +Xa +
Wi

gi

Ya = Xa +
Wi

gi
. (3.18)

Now, by substituting Xa to (3.18) we get

Ya = βVi +
Wi

gi
, (3.19)

63



CHAPTER 3: PROPOSED SYSTEMARCHITECTURE ANDDESIGN PROCEDURE

and therefore,

σ2
Ya = E{|Ya|2} − E2{|Ya|}

= E{(β|Vi|+
|Wi|
|gi|

)2} − E2{(β|Vi|+
|Wi|
|gi|

)}

= E{β2|Vi|2}+ 2E{β|Vi|
|Wi|
|gi|
}+ E{|Wi|2

|gi|2
} − E2{β|Vi|} − E2{|Wi|

|gi|
}

= β2E{|Vi|2}+
2β

|gi|
E{|Vi||Wi|}+

1

|gi|2
E{|Wi|2} − βE2{|Vi|} −

1

|gi|
E2{|Wi|}.

Since Vi and Wi are independent, Wi ∼ N (0, 1), and E{|Vi|} = 0 (see section 3.4.3),

we get

σ2
Ya = β2σ2

Vi
+

1

|gi|2
. (3.20)

We also have

Cov(Vi, Ya) = Cov(Vi, βVi +
Wi

gi
)

= Cov(Vi, βVi) + Cov(Vi,
Wi

gi
)

= βE{|Vi|2} − βE{|Vi|}E{|Vi|},

and therefore

Cov(Vi, Ya) = βσ2
Vi
. (3.21)

Now, by substituting the values in (3.20) and (3.21) in (3.17) we get

V̂i =
βσ2

Vi
|gi|2

β2σ2
Vi
|gi|2 + 1

Ya,
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Header Payload

(meta-data) (data	bits	and	DCT	coefficients)

Figure 3.8: HDA Packet structure.

which defines the linear MMSE estimator for analog symbols Vi.

3.8 Packet Structure

As mentioned in section 3.4.1, the GOPs are transmitted using fixed length packets

of size Nm symbols/packet. In HDA transmission system, it is necessary to transmit

certain amount of meta-data to aid decoding the packet, which includes quantized

values of the power allocation factors α and β, the means and variances of analog

packets, and the sequence numbers indicating the locations of analog packets in the

frequency bands. It is assumed that the headers are also transmitted using fixed

length packets, but they contain Nh symbols each, where Nh << Nm. However,

analog symbols are not transmitted in the header. Since, meta-data are crucial for

decoding, they are sent by using the lowest possible MCS at the start of every data

packets to ensure the maximum reliability. A schematic of the HDA packet structure

is shown in Figure 3.8.
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Chapter 4

Simulation Results and Analysis

In this chapter, we present the test results obtained using a complete implementation

of an HDA codec for transmission of videos over cognitive radio channels as described

in chapter 3. To compare the performance of our model, pure analog coding and

digital layered coding (DLC) are also implemented. This chapter is organized as

follows: first we discuss the assumptions and parameters that we adopt to perform

the simulations followed by a brief discussion on pure analog and DLC codecs. Then

the rest of the chapter covers the simulation results and the analysis of the outcomes.

4.1 Assumptions

The following assumptions are made for simulation purposes:

• Channel parameters such as fading gains, mean CSNR are available to both the

secondary transmitter and the receiver as CSI.

• Arrival-rates and service time are fixed for each distinct cognitive channel and

are known to the secondary transmitter.
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• The transmitter senses the vacant channels at the start of each GOP while the

receiver is continuously sensing the secondary link to sense the possible PU

arrivals during each reception of a packet. Therefore, after the sensing period,

if an arrival occurs on the selected channel during the transmission of packets

belonging to one GOP, the whole GOP is considered as lost if the data packets

already received by the receiver is not sufficient for decoding the current GOP.

• The channel state remains unchanged for the duration of a packet, and hence,

CSI is updated many times during the transmission of a GOP.

• The codebooks and normalizing constants are available locally to both the

sender and receiver to encode and decode the mean and variance of the analog

packets as well as the power allocation factors of digital and analog packets.

4.2 Parameterization

4.2.1 Video Source and Format

We consider a number of standard CIF (352 × 288) color video sequences which are

widely used in literature and they are: Football, Foreman, Coastguard, Stefan, and

Tabletennis, where the first consists of 360 frames, and the rest has 296 frames each.

These video sequences are rich in motion activity and scene changes. To perform the

simulations, we merge these five video sequences one after another to form a single

video sequence that contains 1544 video frames in total. As mentioned in chapter

3, to process the video sequence for transmission, we use YCbCr 4:2:0 color video

format. In this format, only Y frames have the full spatial resulation while Cb and

Cr have a sub-sampled resolution of 176× 144.
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4.2.2 Cognitive Radio Channels

To simulate the cognitive radio environment, we consider five flat slow-fading wireless

channels and each of which is licensed to a PU. Therefore, the number of cognitive

channels Nc = 5. The channel traces are generated for all five channels using Clarke’s

model [4] in baseband with maximum Doppler shifts of 85 Hz, 81 Hz, 87 Hz, 78

Hz, and 89 Hz respectively. The sampling rate of CIF video at 30 fps is 4.56 × 106

pixels/second, and hence the bandwidth of a CIF video is less than 2.3 MHz. In

our experiments, we set the channel bandwidth to 2 MHz. Additionally, we set

Psuccess = 0.90, which is the desired probability of successful secondary transmission of

packets. This relatively high probability ensures that the baselayer of a GOP gets fully

transmitted before an arrival occurs, and thus increases the reliability. The arrival-

rates (λ) of PU on five different channels are set to 10TGOP , 5TGOP , 7TGOP , 4TGOP ,

and 3TGOP respectively. On the other hand, departure-rate is set to 15/TGOP for all

five channels. Such values are chosen so that the effect of random PU arrivals can be

experienced during experiments as the duration of whole video sequence is around 52

seconds.

4.2.3 HDA System

To generate the baselayer of the HDA codec, like [11–13,41], we use JM 19.0 reference

software for H.264/AVC video codec in high profile. As mentioned in chapter 3, the

HDA system requires the transmission of certain amount of meta-data for decoding

the received packets, which include the quantized values of the power allocation factors

for both digital and analog packets, the mean and variances of each analog packets,

and the sequence numbers indicating the locations of each analog packets in the

frequency band. The power allocation factors are quantized using 5 bits each while
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6 bits are used to quantize mean and variance of each analog packets. On the other

hand, 10 bits are used to transmit the location of each analog packets. Therefore,

the header of a packet consists of 32 data bits in total. The headers are transmitted

with fixed MCS (IMCS = 1) to ensure maximum reliability. It should be noted that

the analog QAM symbols are not transmitted in the packet header.

Design of Quantizers for Means, Variances, and Power Allocation factors- To de-

sign the quantizers, we simply rely on Lloyd-Max scalar quantizer [43] as it is easy

to implement. Figure 4.1 illustrates the histogram of means and variances of analog

packets and power allocation factors of digital and analog packets. Although the his-

tograms that are presented here are generated for a channel with mean CSNR = 23

dB, through the experiments it has been found that with other mean CSNR values,

these variables show quite similar distribution patterns. With such non-uniform dis-

tributions of these variables, the MSE of the implemented quantizers remains within

10−4. However, with each mean CSNR value the mean and variance of the analog

packets and the power allocation factors of both digital and analog packets differ

significantly, thus we have to generate codebooks for each different mean CSNR.

4.2.4 Delay and Other Requirements

It has been found that for video transmission the delay requirement is typically be-

tween 150 − 400 ms [44]. Therefore, like [8], we set Dmax = 200 ms which is the

maximum tolerable delay. Also, the sensing time Tsensing is set to 10 ms accord-

ing to [8]. Several other parameters which are used for simulations are presented in

Table 4.1.
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Table 4.1: Other simulation Parameters

Parameter Symbol Value
Video frame rate 30 fps
Video resolution (bits/YCbCr-pixel) 24
GOP size (frames) LGOP 8
GOP duration TGOP 267 ms
QAM video data symbols/packet Nm 792
QAM meta data symbols/packet Nh 64
Packet duration Tp 428 µs
Packets per GOP Np 622
QAM symbol duration Tsym 0.5 µs

4.3 Digital Layered and Pure Analog video coding

The encoder-decoder pair of DLC system is presented in Figure 4.2. In this system,

both the baselayer and refinement layer are generated using H.264/AVC encoder. To

make this system comparable with HDA system, the baselayer of the DLC system is

generated similar to that in HDA system with Psuccess = 0.90. On the other hand,

the refinement layer of the DLC system, is generated with much higher bit-rate than

the baselayer by setting Psuccess = 0.85. This value of Psuccess for refinement layer

is chosen so that the total number of transmitted packets in both HDA and DLC

systems are comparable. Moreover, to decode the refinement layer, it is required that

all the packets must be transmitted before a random PU arrival occurs. Through the

experiments it has been seen that, with a much lower Psuccess, the system ends up

with partial reception of the refinement layer packets and thus resulting in a decoded

video quality according to base-layer.

The pure analog video coding is inspired by SoftCast scheme [14], [1], where 3D-

DCT is performed over the original video frames, followed by non-ordered Hadamard

transform and analog QAM. The GOP size is considered same as in the other two

investigated schemes. Like our QE analog packets in the HDA system, here, the

analog packets are prioritized based on their variances, and higher variance analog
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packets are transmitted with the total available transmission power PT at first. The

encoder-decoder pair of pure analog system is illustrated in Figure 4.3.

4.4 Results and analysis

In this thesis, we present a new approach to reliable multimedia transmission as

a secondary user over fading cognitive radio channels based on HDA video coding.

To evaluate the performance of the HDA system, we investigate single-layer digital

coding (base-layer) and analog coding along with DLC from secondary user point of

view. In the experiments, all the schemes are tested at multiple different mean CSNR

values within the range 7 dB to 25 dB and all of these simulations are conducted in

MATLAB environment.

4.4.1 Transmission Power Utilization

In wireless communication, one of the scarce resources is transmission power. There-

fore, proper utilization of the transmission power is one of the main goals of any wire-

less transmission system. To understand, how HDA and other investigated systems

utilize transmission power, let us refer to Figure 4.4 and Figure 4.5. These graphs are

generated by observing the power allocation to each packets as the short-term CSNR

fluctuates and finally averaged over the duration of a GOP. In our experiments, we

set our total transmission power budget PT to 1. From Figure 4.4a and Figure 4.5a,

it can be seen that with pure (single-layer) digital transmission we are not able to

utilize 100% of the available transmission power at all times. This problem arises as

the digital transmission is required to follow a fixed set of MCS schemes (see chapter

3).
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Figure 4.4: The fraction of total power allocated to (a) digital transmission, (b) HDA trans-
mission, (c) DLC transmission during each GOP of Football sequence: mean
CSNR = 10 dB. Also shown is the experimentally found mean CSNR during
each GOP.
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Figure 4.4: The fraction of total power allocated to (a) digital transmission, (b) HDA trans-
mission, (c) DLC transmission during each GOP of Football sequence: mean
CSNR = 10 dB. Also shown is the experimentally found mean CSNR during
each GOP (cont.).
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Figure 4.5: The fraction of total power allocated to (a) digital transmission, (b) HDA trans-
mission, (c) DLC transmission during each GOP of Football sequence: mean
CSNR = 15 dB. Also shown is the experimentally found mean CSNR during
each GOP.
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Figure 4.5: The fraction of total power allocated to (a) digital transmission, (b) HDA trans-
mission, (c) DLC transmission during each GOP of Football sequence: mean
CSNR = 15 dB. Also shown is the experimentally found mean CSNR during
each GOP (cont.).

It is also noticeable that there exists an inverse relationship between the CSNR

and the digital power allocation which can be easily verified from (3.6). When the

short-term CSNR is low we require more power be allocated to digital packets so
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that packets can be transmitted error free and vice-versa. From Figure 4.4b and

Figure 4.5b, it is noticeable that with HDA transmission 100% power utilization is

possible as after allocating power to digital packets the remaining power is used for

transmitting the analog packets and thus total power budget is used to improve the

decoded video quality. However, from Figure 4.5c and Figure 4.4c, it can be seen

that DLC is not capable of utilizing 100% of the transmission power budget. This

is simply because it is a fully-digital video transmission system with a digital QE

layer. As a result, with the remaining power it is not possible to satisfy the threshold

SNR for any available MCS set for the digital QE layer and thus it has to be sent

after the complete transmission of the digital packets. Here, we skip the plotting of

transmission power utilization by pure analog transmission as all the time PT is used

to transmit analog packets and thus 100% power utilization is possible with pure

analog transmission.

4.4.2 Quality of the Decoded Videos

The qualities of the decoded video by HDA, DLC, digital, and pure analog systems at

the secondary receiver end are compared, both objectively and subjectively. The peak

signal-to-noise ratio (PSNR) as well as the structural similarity index (SSIM) [45] are

used for objective quality comparisons. Although all of our investigated systems

use YCbCr video format for encoding and transmitting video, the PSNR is computed

between original and decoded sequences in the RGB color space by taking the average

of the three color-components. However, the SSIM is computed in monochrome color-

space as this measurement consider only the luminance components of an image [45].

While Figure 4.6-4.8 illustrate the PSNR measurements, Figure 4.9-4.11 show the

SSIM measurements of our composite test sequence. The first thing noticeable from
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all of these figures is that random GOP drops occur through out the decoded test

video sequence at the receiver side. This is because of random PU arrivals on a

particular channel during transmission of the baselayer of a GOP. It is also noticeable

that while the digital systems including HDA system are more prone to GOP loss,

the pure analog system has barely seen such loss. The reason behind this is that,

with the reception of certain amount of high variance analog packets before a PU

arrival, the pure analog decoder can decode the whole GOP. Since we have random

GOP losses, it is hard to compare each of the systems on a GOP basis.
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Figure 4.6: Objective quality comparisons in RGB color-space of video transmitted using
different investigated methods at 10 dB mean CSNR. PSNR is averaged over
frames in a GOP.
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Figure 4.7: Objective quality comparisons in RGB color-space of video transmitted using
different investigated methods at 15 dB mean CSNR. PSNR is averaged over
frames in a GOP.
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Figure 4.8: Objective quality comparisons in RGB color-space of video transmitted using
different investigated methods at 20 dB mean CSNR. PSNR is averaged over
frames in a GOP.
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Figure 4.9: Objective quality comparisons in monochrome color-space of video transmitted
using different investigated methods at 10 dB mean CSNR. SSIM is averaged
over frames in a GOP.

0 20 40 60 80 100 120 140 160 180 200
0

0.2

0.4

0.6

0.8

1

Figure 4.10: Objective quality comparisons in monochrome color-space of video transmitted
using different investigated methods at 15 dB mean CSNR. SSIM is averaged
over frames in a GOP.
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Figure 4.11: Objective quality comparisons in monochrome color-space of video transmitted
using different investigated methods at 20 dB mean CSNR. SSIM is averaged
over frames in a GOP.

Upon close observation of different video segments, it can be seen that HDA coding

outperforms DLC, sometimes by as much as 2-5 dB in PSNR, when the content

has intensive motion activity, whereas both systems tend to perform similar during

low inter-frame variations. For example, we can consider Foreman segment (which

mostly shows rapid changes in facial expression and body movements of a person)

and Tabletennis segment (focuses on the abrupt movements of a ping-pong ball).

Moreover, on average 2.55-3.82 dB and 15.39-18.79 dB increment in PSNR of the

decoded GOPs have been seen with the HDA system while compared to the single-

layer digital system and pure analog system respectively.

The number of GOPs in HDA system that outperforms DLC system in terms of

PSNR, increases dramatically with increasing mean CSNR of the channel. This is

due to the adaptability of the analog refinement layer of the HDA system. One the

other hand, the DLC system lack such adaptability as it uses digital refinement layer.
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Since it uses digital refinement layer, with increasing mean CSNR of the channel, the

bit-rate of the refinement layer increases significantly, thus it requires more packets

to transmit all bits of the refinement layer than what is required at low mean CSNR,

which in turns arises the partial reception of the refinement layer. As a result, the

quality of the decoded GOP depends only on the baselayer in DLC system especially

during high mean CSNR of the channel. From Figure 4.11, it can be seen that the

SSIM of both these systems become quite comparable at high mean CSNR of the

channel. It is also noticeable from Figure 4.6−4.11 that both HDA and DLC systems

outperform single layer digital coding and analog coding. Even single layer digital

coding is far superior than pure analog coding. This is quite obvious, as the 3D-

DCT alone cannot match the high coding gain achievable with the state-of-the-art

H.264/AVC codec.

Now for subjective comparison, let us refer to Figure 4.12 and Figure 4.13. It

can be seen that for both 10 dB and 20 dB mean CSNR channels, HDA coding

preserves the more visual details of original sequence while comparing with rest of the

investigated methods. Also, it is noticeable that at low mean CSNR the single-layer

digital system has significant amount of block-artifacts which arises due to the low

bit-rate encoding with H.264/AVC encoder. On the other hand, the decoded HDA

video sequence has barley such artifacts even at low mean CSNR. With DLC the

block-artifacts is more frequent than HDA especially at low mean CSNR. However,

these artifacts visible less in both decoded DLC and single-layer digital sequences

when the channel mean CSNR is improved significantly.
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(a) Original

(b) HDA: mean CSNR 10 dB (c) HDA: mean CSNR 20 dB

(d) DLC: mean CSNR 10 dB (e) DLC: mean CSNR 20 dB

Figure 4.12: Frame 17 of Football sequence and its coded version at two different mean
CSNR.
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(f) Digital: mean CSNR 10 dB (g) Digital: mean CSNR 20 dB

(h) Pure analog: mean CSNR 10 dB (i) Pure analog: mean CSNR 20 dB

Figure 4.12: Frame 17 of Football sequence and its coded version at two different mean
CSNR (cont.).
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(a) Original

(b) HDA: mean CSNR 10 dB (c) HDA: mean CSNR 20 dB

(d) DLC: mean CSNR 10 dB (e) DLC: mean CSNR 20 dB

Figure 4.13: Frame 112 of Football sequence and its coded version at two different mean
CSNR.
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(f) Digital: mean CSNR 10 dB (g) Digital: mean CSNR 20 dB

(h) Pure analog: mean CSNR 10 dB (i) Pure analog: mean CSNR 20 dB

Figure 4.13: Frame 112 of Foreman sequence and its coded version at two different mean
CSNR (cont.).

4.4.3 Quality Scalability

Quality scalability measures how gracefully the reconstructed video quality of the

receiver varies when there is a variation of the channel quality over time [11]. It reveals

the adaptability and robustness of any wireless transmission scheme with channel

variations. Quality scalability is high when the reconstructed video quality varies

smoothly along with channel variations [11]. Figure 4.14 and Figure 4.15 present the
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Figure 4.14: Quality scalability comparison in terms of PSNR. Results are obtained using
the Foreman sequence.

quality scalability comparisons of HDA coding, DLC, digital and pure analog coding.
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Figure 4.15: Quality scalability comparison in terms of PSNR. Results are obtained using
the Tabletennis sequence.
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Experimental results suggest that HDA coding has the higher quality scalability than

the rest of the methods. This is because HDA coding exploits both the advantages of

digital coding and analog coding. Upon complete error free reception of the baselayer,

the addition of analog refinement layer which adapts itself with channel variations

such superior adaptability and robustness is achieved.

4.4.4 Robustness Analysis Under Imperfect CSI

In real-life, estimation of CSI is sometimes erroneous. Therefore, prior to imple-

menting any wireless transmission system in real-life, it is necessary to measure the

robustness of that system during imperfect estimation of CSI. The results that are

presented in Figure 4.6−4.15 are under the assumption that both the secondary trans-

mitter and the receiver perfectly estimate the CSI. To measure the robustness of the

investigated systems, we consider that while the actual mean CSNR of the channels
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Figure 4.16: Objective quality comparisons in RGB color-space of video transmitted using
HDA coding and DLC with imperfect CSI. PSNR is averaged over frames in
a GOP.
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Figure 4.17: Objective quality comparisons in RGB color-space of video transmitted using
HDA coding and DLC at 12 dB mean CSNR and perfect CSI. PSNR is averaged
over frames in a GOP.

is 12 dB, due to erroneous estimation, the mean CSNR of the channels appear as 15

dB to our systems. Figure 4.16 shows the comparison between HDA coding and DLC

in terms of PSNR under imperfect CSI and Figure 4.17 presents the same compar-

ison with perfect CSI. Here, we knowingly omitted the pure analog and single-layer

digital systems due to their poor performances in comparision to HDA and DLC sys-

tems as presented in previous figures. Experimental results shows that both HDA

and DLC transmission systems are robust to imperfect estimation of CSI and like

perfect estimation case HDA outperforms DLC many times during transmission of

composite test sequence. Upon close observation of the decoded video sequence in

imperfect estimation case, it is noticeable that on average up to 3 dB improvement in

PSNR is seen while compared to perfect estimation of CSI with HDA coding. On the

other hand, it is nearly 1.8 dB with DLC. However, due to imperfect estimation, the

packets are transmitted at much low bit-rates than what we expect for channels with
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mean CSNR 15 dB. As a result, both HDA and DLC transmissions are disturbed

more often due to random PU arrivals than compared to the case with perfect CSI

estimation.
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Chapter 5

Conclusion and Future Work

In recent times, on the one hand, we have seen an increasing demand for high-quality

multimedia services that require large channel bandwidths, and on the other hand,

being a scarce resource, the spectrum portion that can support such requirement is

almost emptying. Therefore, accessing the underutilized or unused portions of the

allotted spectrum of different services opportunistically through cognitive radio tech-

nology has started evolving. Keeping in mind that cognitive radio technology is an

emerging technology in wireless communications, in this thesis, we have presented

a new approach to reliable real-time multimedia transmission as a secondary user

over time-variant cognitive radio channels based on HDA coding, which exploits the

advantages of both digital and analog coding. Specifically, we have presented an

HDA JSCC framework that facilitates the dynamic secondary access, considers the

variations of both random channel gains and random PU arrivals over time, priori-

tizes transmission of high variance QE analog packets, distributes transmission power

between digital and analog components, and thus ensures the best possible decoded

video quality with high reliability. Experimental results demonstrate that with mo-

tion intensive video the HDA system produces a decoded video quality up to 2-5
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dB higher PSNR compared to its close competitor, the DLC system. Additionally,

the quality of the decoded GOPs in the HDA system outperforms single-layer digital

coding by 2.55-3.82 dB on the average in terms of PSNR and pure analog coding by

as much as 15.39-18.79 dB.

Visual artifacts in decoded video are more frequent in DLC and single-layer digital

systems than the HDA system. Furthermore, the HDA coding preserves better visual

details compared to the other methods investigated here and it has been found that

the HDA system has a higher quality scalability as well. Moreover, it has been

seen that the HDA system is more robust under imperfect estimation of CSI than

the DLC system. Experimental results show that unlike digital methods the HDA

system, can utilize the 100% of the total available transmitter output power. Thus

the total power budget is used to improve the decoded video quality, which makes

the HDA system far superior to the DLC and the single-layer digital systems. All of

these experimental outcomes suggest that the HDA coding as proposed is a better

candidate for reliable multimedia transmission as a secondary user in a cognitive radio

system than traditional digital-only coding.

Although the proposed approach shows very promising results, there is room for

further improvement. One such improvements is the inclusion of more than one cog-

nitive radio channel for transmitting each GOP. In this way, the streaming of analog

packets will divide among multiple channels which will increase the chance of more

analog packets being received compared to in a single channel system (the proposed

approach guarantees the successful delivery of maximum 4/5 th of the total analog

packets if no PU arrival occurs) and thus will enhance the quality of the decoded video

further. However, multi-channel transmission will require a more complex channel

sensing strategy and a power allocation scheme than what is presented in this thesis.

93



CHAPTER 5: CONCLUSION AND FUTURE WORK

In this thesis, we assume that the mean CSNR, fading gains, PU arrival-rate and ser-

vice time are known to both the transmitter and the receiver beforehand as a part of

CSI. Furthermore, we assume that these parameters are fixed for each GOP, which is

unrealistic. As a result, we cannot properly utilize the available channel capacity. The

inclusion of processes for estimating the short-term values of these parameters will

help utilize the full channel capacity and thus will contribute to further improvement

of the decoded video quality.
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