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Summary 

Recent advances in video coding technology have led to a dramatic growth in network-

based video applications. In these applications, users may access and interact with video 

content on different types of terminals and networks. One critical need in such a ubiqui-

tous environment is the ability to handle the huge variation of resource constraints such as 

bandwidth, display capability, CPU speed, power, etc. Scalable video coding intends to 

encode the signal once at highest resolution, but enables decoding from partial streams 

depending on the specific rate and resolution required by a certain application. This 

allows for simple and flexible solutions for transmission over heterogeneous networks, 

additionally providing adaptability for bandwidth variations and error conditions. It 

further allows simple adaptation for a variety of storage devices and terminals. In this 

thesis, we study various fundamental techniques in error control and joint rate allocation 

for scalable video transmission. The goal of our research is to produce the best visual 

quality of the reconstructed video with a given resource constraint and achieve better 

tradeoff between computing complexity and quality. 

In this work, we first give a brief introduction of the fundamentals of video coding as 

well as an overview of the scalable extension of H.264/AVC. After that, the proposed 

error control and joint rate allocation schemes are presented, which we believe to be the 

state-of-the-art technologies for scalable video transmission. The contributions are 

summarized as follows. 

The first aspect focuses on channel coding scheme for transmission of scalable video 

over packet-erasure channel. Although today’s broadband wireless networks can transmit 
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video data at high bit rates, there are still major challenges existing, such as fluctuations 

in channel quality and high error rate, which greatly affect the perceived video quality. 

This could be solved with an efficient unequal error protection (UEP) scheme. We 

propose a novel two-dimensional (2-D) UEP scheme for the video with combined 

scalability. Unequal amounts of protection are dynamically allocated to different parts of 

the compressed video stream considering the importance of each sub-stream and the 

channel conditions. In this way, the video quality has been much improved to achieve a 

graceful degradation in the presence of packet loss. 

The second aspect of this thesis is the adaptive resynchronization approach for 

scalable video transmission. After scalable video coding, the compressed bit-stream 

contains base layer and enhancement layers, where the base layer is usually small and of 

high importance. Error-free transmission could be realized for the base layer through 

high-priority protection. Therefore, the overall video quality greatly depends on the 

enhancement layers. An adaptive resynchronization method is developed in this thesis. 

The enhancement layer bit-stream is separated into a set of units according to the 

temporal levels and quality levels. By measuring the utility-cost ratio, we arrange all the 

units hierarchically from the most important unit to the least important one. Moreover, an 

algorithm is designed to optimally insert different amounts of resynchronization markers 

to different units considering the time-varying channel conditions and the significance of 

each unit. Experimental results show that, by using the proposed resynchronization 

approach, a robust transmission of the enhancement layer is achieved and the overall 

quality is also improved. 

The third aspect is bit-rate allocation for broadcasting of scalable video over wireless 

networks. Wireless broadcasting enables various mobile users with different platforms to 

access to the multimedia information simultaneously. A single transmission rate is 
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unlikely to satisfy the heterogeneous requirements from all the receivers. Therefore, we 

develop a new system for wireless broadcasting using scalable video in this thesis. To 

realize a reliable transmission of the scalable video over the error-prone channel, we 

design different channel error protection schemes for different quality layers. Given the 

clients' bandwidth distribution, a novel algorithm is proposed to determine both the 

source coding bit-rate and the channel coding bit-rate for each layer to maximize a 

system-defined utility function. We implement the algorithm to verify its advantage and 

show how various allocation structures affect the overall utility. 

The fourth aspect is joint rate allocation for multi-program video coding using 

scalable video codec. The main objective of joint rate allocation is to distribute the 

channel capacity among video sequences according to their respective complexities, thus 

a more uniform picture quality and a more efficient utilization of channel capacity are 

achieved. Most of the existing approaches are based on non-scalable video coding 

platforms, where computationally expensive encoding or transcoding is demanded to 

adjust the bit-rate of each video program. This thesis presents a new statistical multiplex-

ing system, where the scalable extension of H.264/AVC is applied to compress the video 

sequences. We design an algorithm to dynamically allocate the channel bandwidth to 

different video sequences. In addition, the coding structure of each video is properly 

determined. With our algorithm, the joint rate allocation for all the video sequences is 

achieved without consuming much computation. We show that the variance of quality of 

different video sequences is dramatically reduced comparing with the existing method. 
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Chapter 1 

Introduction 

1.1 Background and Motivation 

Multimedia is one of the most important aspects of the information era. The demands for 

multimedia services are rapidly increasing and the expectation of the quality for these 

services is becoming higher. The conventional analogue video, due to its high bandwidth 

requirement for transmission and the difficulty in storage and manipulation, is no longer 

suitable for today’s video communication applications. Compared with analogue video 

format, digital video can be more easily manipulated. Since the digital representation of 

raw video signals requires a high capacity, low complexity video coding algorithms must 

be defined to efficiently compress video sequences for storage and transmission purposes. 

The advances in video compression technologies have led to an explosive growth in 

digital video applications [1], such as video conferencing, video telephony, digital video 

broadcasting (DVB) [3] [4], high definition television (HDTV) [2], interactive TV, 

telemedicine, etc. Video signals naturally contain a number of redundancies that could be 
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 2

exploited in the digital compression process. These redundancies are either statistical due 

to the likelihood of occurrence of intensity levels within the video sequence, spatial due 

to similarities of luminance and chrominance values within the same frame or even 

temporal due to similarities encountered amongst consecutive video frames. Video 

compression is the process of removing these redundancies from the video content for the 

purpose of reducing the size of its digital representation. The statistic redundancy could 

be removed by entropy coding methods, such as Huffman coding [5], arithmetic coding 

[6] and run-level coding (RLC) [7]. The spatial redundancy could be reduced by trans-

form coding, such as discrete cosine transform (DCT) [8] and discrete wavelet transform 

(DWT) [9]. The temporal redundancy could be explored by either the traditional motion 

estimation and motion compensation technique of MPEG standards [10] or the recently 

proposed motion compensated temporal filtering (MCTF) [11] [12].  

Over the last two decades, video coding technology has witnessed an evolution. Both 

the International Telecommunication Union-Telecommunication Standardization Sector 

(ITU-T) and the International Standards Organization (ISO) have released standards for 

video coding algorithms that employ waveform-based compression techniques to trade-

off the compression efficiency and the quality of the reconstructed signal. These stan-

dards include H.261 [13], H.262/MPEG-2 [14], H.263 [15], MPEG-1 [16], MPEG-4 [17] 

and the latest H.264/AVC [18]. With the introduction of the H.264/AVC video coding 

standard, significant improvements have been demonstrated in rate-distortion efficiency. 

The H.264/AVC could provide half bit-rate savings when compared with MPEG-2, which 

is the most common standard used for video storage and transmission, and the compres-

sion gain of H.264/AVC over H.263 is in the range of 25% to 50% due to different type 

of applications. However, such improvement is achieved at the expense of extremely high 

computing complexity caused by the newly adopted technologies in H.264/AVC.  
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Besides the coding efficiency, to satisfy the increasing demands of video streaming 

over computing networks, the transmission of video over heterogeneous networks should 

be more reliable, which requires efficient coding, as well as scalability to different client 

capabilities, system resources and network conditions [19] [20]. For instance, clients may 

have different display resolutions, systems may have different caching or intermediate 

storage resources, and networks may have varying bandwidths, loss rates, and best-effort 

or quality of service (QoS) capabilities. Scalable video coding is one solution to the 

problems posed by the characteristics of modern video transmission systems [21]. There 

are many applications that can benefit from scalable video coding: video streaming, video 

conferencing, video surveillance, video broadcasting, storage applications, and so on. The 

Joint Video Team (JVT) of the ITU-T VCEG and the ISO/IEC MPEG has now standard-

ized a Scalable Video Coding (SVC) extension of the H.264/AVC standard. A scalable 

compressed bit-stream is one that contains multiple embedded sub-streams, each of which 

represents the original video content at a particular temporal rate, spatial resolution or 

quality represent. Due to its flexibility in coping with bandwidth variations, we are 

mainly concerned with transmission of scalable video in this work. 

Compressed video streams are intended for transmission over communication net-

works. There has been a growing need for the support of multimedia services, which 

require the real time transmission of video data over fixed and mobile networks of 

varying bandwidth and error rate characteristics. Since the compressed video data is 

highly sensitive to information loss and channel bit errors, the decoded video quality is 

bound to suffer dramatically at high error rate. This quality degradation will be exacer-

bated when no error control mechanism is employed to protect coded video data against 

the hostility of error-prone environments. As shown in Fig. 1.1, due to the temporal and 

spatial predictions used in the video coding standards, a single error that hits a coded 
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video stream could lead to disastrous quality degradation for extended periods of time. To 

mitigate the effects of channel errors on the decoded video quality, error control schemes 

must be efficiently applied. 

The advances in digital video compression and digital transmission technology have 

also enabled delivery of several digitally compressed video programs in a channel, which 

was used to transmit a single analog program. Fig. 1.2 shows a block diagram of inde-

pendent coding of multiple video programs, where the programs are coded independently 

and each of them has a separate rate control. However, independent coding suffers from 

two major drawbacks: potentially large variations in picture quality among programs as 

well as within a program, and inefficient use of channel capacity. On contrast, it has been 

shown that joint coding of multiple video programs (see Fig. 1.3) is able to achieve more 

uniform picture quality and more efficient use of channel capacity by dynamically 

allocating the channel capacity among video programs. Therefore, joint rate control 

schemes should be investigated to reasonably allocate bit-rate. 

Motivated by the above mentioned problems, this research work mainly focuses on 

designing efficient algorithms for error control and joint rate allocation for transmission 

of scalable video. 

 
 

Figure 1.1. Error propagation. 
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1.2 Objective and Main Contributions 

The primary objective of this thesis can be mainly classified into two aspects. 

The first objective is to provide sufficient robustness for video applications to ensure 

that the quality of the decoded video is not overly affected by the channel unreliability. 

Hence, error control techniques must be developed to alleviate the effect of transmission 

errors. Fig. 1.4 shows the block diagram of a generic video transmission system. The raw 

video data is firstly compressed by the video encoder into bit-stream, which is converted 

by transport coder into data units suitable for transmission over communication channels.  

Typical operations carried out in the transport coder include channel coding, framing of 

 
 
 

Figure 1.2. Independent coding of multiple video programs. 
 
 

 
 
 

Figure 1.3. Joint coding of multiple video programs. 
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data, modulation and control operations required for accessing the communication 

channel. At the receiver side, the inverse operations are performed to reconstruct the 

video for display. Error control schemes can take place at different stages and normally 

they can be categorized into three classes: 

(i) Error resilience. In such techniques, the video encoder plays an important 

role in improving the error robustness, typically by introducing redundant in-

formation in the transmitted data. 

(ii) Error protection. In such techniques, the transport coder plays the primary 

part, where forward error correction (FEC), packetization and transport proto-

cols should be designed to minimize the distortion due to transmission errors. 

Essentially, they all add a controlled amount of redundancy in the transport 

coder. 

(iii) Error concealment. Error concealment techniques are purely decoder-based, 

whereby the video decoder attempts to benefit from previous received error-

free video information for the approximate recovery or lost or erroneous data 

without relying on additional information from the encoder. 

In this thesis, the first two classes of the error control techniques are explored. 

 
 
 

Figure 1.4. A generic video transmission system. 
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The second objective is to develop efficient joint rate allocation algorithms for multi-

program video compression system. For these systems, encoding of video programs at an 

equal constant bit-rate results in uneven picture quality due to different picture and 

motion content of the programs. How to reasonably allocate bit-rate among programs 

within a constrained fixed-rate network bandwidth becomes a great deal to achieve 

consistent optimized video quality in the distributive application. An efficient joint rate 

allocation algorithm can dynamically distribute the channel capacity among video 

programs according to their respective complexities, thus a more uniform picture quality 

and a more efficient utilization of channel capacity are achieved. In this work, the joint 

rate allocation techniques are extensively studied and the new algorithms are developed 

using the scalable video coding. 

The main contributions of this thesis are as follows: 

1. Proposal of 2-D channel coding scheme for MCTF based scalable video cod-

ing: 

In digital communications, channel coding is broadly used to deal with the 

transmission errors. In this work, a 2-D channel coding scheme is proposed to 

provide robustness for the scalable video with combined scalability over packet-

erasure channel. Through allocation of different amount of channel protections 

to different part of the scalable bit-stream, the video quality has been much 

improved to achieve a graceful degradation in the presence of packet loss. 

2. Development of adaptive resynchronization approach for scalable video 

over wireless channel: 

For scalable video, error-free transmission could be realized for the base layer 

through high-priority protection. Therefore, the overall quality greatly depends 
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on the enhancement layers. Resynchronization is proven to be a very effective 

tool among the state-of-art error-resilience techniques. In this work, an adaptive 

resynchronization approach is developed to achieve a robust transmission of the 

enhancement layer information. With the resynchronization method, the video 

exhibits robustness to the transmission errors and performs a graceful degrada-

tion over error-prone channel. 

3. Presentation of bit-rate allocation scheme for broadcasting of scalable video 

over wireless networks: 

Wireless broadcasting enables various mobile users with different platforms to 

access to the multimedia information simultaneously. A single transmission rate 

is unlikely to satisfy the heterogeneous requirements from all the receivers. 

Therefore, we develop a new system for wireless broadcasting using scalable 

video in this thesis. To realize a reliable transmission of the scalable video over 

the error-prone channel, different channel error protection schemes are designed 

for different quality layers. Given the clients’ distribution, the algorithm can de-

termine both the source coding bit-rate and the channel coding bit-rate for each 

layer to maximize a system-defined utility function. 

4. Design of joint rate allocation algorithm for multi-program video coding 

using scalable video codec: 

Joint rate allocation is an efficient tool to distribute the channel capacity among 

video sequences. Most of the existing approaches are based on non-scalable vid-

eo coding platforms, where computationally expensive encoding or transcoding 

is demanded to adjust the bit-rate of each video program. In this work, we pre-

sent a new statistical multiplexing system, where the scalable extension of 
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H.264/AVC is applied to compress the video sequences. A joint rate allocation 

algorithm is designed to dynamically distribute the channel bandwidth to 

different video sequences. In addition, the coding structure of each video is 

properly determined. With our algorithm, a more uniform picture quality and a 

more efficient utilization of channel capacity are achieved without consuming 

much computation. 

 

1.3 Outline of the Thesis 

The thesis is organized as follows: 

Chapter 2 first overviews the basic ideas behind the hybrid video coding structure. 

Related techniques and developments are introduced. It then gives a review of the 

scalable video coding. The H.264/AVC scalable extension is briefly introduced and 

different types of scalability are summarized, i.e. temporal scalability, spatial scalability, 

quality or SNR scalability and combined scalability. 

Chapter 3 proposes a novel 2-D UEP scheme for MCTF based scalable video coding. 

The background and related works are first described. Then, the generation of layers 

using the scalable video with combined scalability is presented. A novel method is 

proposed to assign the channel protection codes considering the dependency of different 

layers. Unequal amounts of protection are allocated to different temporal layers based on 

the MCTF structure and in each temporal layer, unequal amounts of protection are 

allocated to different SNR layers to provide a graceful degradation of video quality as 

packet loss rate varies. To solve the allocation problem, an efficient algorithm is further 

designed to quickly get the allocation pattern, which is hard to get with other conven-
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tional methods. Finally, several experimental results and relevant discussions are 

provided. 

Chapter 4 develops an adaptive resynchronization approach for scalable video trans-

mission. It firstly gives a brief introduction of the related background. And then the 

separation of the enhancement layer bit-stream is described, where a set of units are 

generated according to the temporal levels and quality levels. By measuring the utility-

cost ratio, all the units are arranged hierarchically from the most important unit to the 

least important one. Meanwhile, an efficient algorithm is designed to optimally insert 

different amounts of resynchronization markers to different units considering the time-

varying channel conditions and the significance of each unit. At the end of this chapter, 

experimental results and discussions are presented. 

Chapter 5 presents a bit-rate allocation scheme for broadcasting of scalable video. An 

overview of the related works is given firstly. A new system is developed for wireless 

broadcasting using scalable video. To deal with the transmission errors, two different 

channel coding schemes are designed for different quality layers. Moreover, a novel 

algorithm is proposed to determine both the source coding bit-rate and the channel coding 

bit-rate for each layer to maximize a system-defined utility function. The algorithm is 

implemented to verify its advantage and show how various allocation structures affect the 

overall utility. 

Chapter 6 proposes a joint rate allocation algorithm for multi-program video coding 

using scalable video codec. At the beginning, the existing joint rate control schemes are 

investigated, most of which are based on the non-scalable video coding platforms. Then, a 

new statistical multiplexing system is presented, where the scalable extension of 

H.264/AVC is applied to compress the video programs. An novel algorithm is designed to 

dynamically allocate the channel bandwidth to different video programs. In addition, the 
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coding structure of each video is also properly decided. The efficiency of our proposed 

joint rate allocation algorithm can be demonstrated in the experimental results. 

Chapter 7 concludes this thesis with concluding summaries and discussions for future 

research directions. 
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Chapter 2 

Overview of Scalable Video Coding 

2.1 Fundamentals of Video Coding  

Digital video compression technologies have been growing rapidly in recent years due to 

the increasing demand of visual communication applications. Unlike audio signals, digital 

representation of raw video signals requires a large number of bits. Since video data is 

either to be saved on storage devices such as Compact Disk (CD) and Digital Versatile 

Disk (DVD) or transmitted over a communication network, the size of digital video data 

is an important issue in multimedia technology. Network bandwidth continues to increase, 

high bit-rate connections are commonplace and the storage capacity of hard disks, flash 

memories and optical media is greater than before. With continual falling of price per 

transmitted or stored bit, perhaps it is not immediately obvious why video compression is 

highly desirable for storage and transmission purposes. However, video compression has 

two important benefits. First, it makes it possible to use digital video in transmission and 

storage environments that would not support raw video. For instance, current Internet 
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throughput rates are insufficient to handle uncompressed video in real time. A DVD can 

only store a few seconds of raw video at television-quality and so video storage using 

DVD would be unpractical without video compression. Second, video compression 

enables more efficient use of transmission and storage resources. When the channel’s 

available bandwidth is high, it is preferable to send a high-resolution compressed video or 

multiple compressed video programs instead of sending a single, low-resolution, uncom-

pressed stream. 

 

2.1.1 Principles of Video Compression 

In most of the video coding schemes, a video is considered as a sequence of rectangular 

frames (or pictures) [22]. A frame typically consists of three rectangular arrays of integer-

valued samples, one array for each of the three components of a tristimulus color 

representation for the spatial area represented in the image. The statistical analysis of 

video signals indicates that there is a strong correlation both between successive frames 

and within the frame elements themselves. Video compression could be realized by 

removing the redundant information from the video signal. If lossless compression 

schemes are employed, the statistical redundancy will be removed so that the original 

signal can be reconstructed perfectly at the receiver end. Unfortunately, the compression 

ratio achieved using lossless methods cannot satisfy the application requirement. As the 

Human Visual System (HVS) is not sensitive to loss of certain spatio-temporal visual 

information, lossy compression techniques can be used to reduce the video bit-rate while 

maintaining an acceptable image quality.  

There are several types of redundancies existed in the video signals. These redundan-

cies are either spatial due to similarities of luminance and chrominance values within the 

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library



 14

same frame, statistical due to the likelihood of occurrence of intensity levels within the 

video sequence or temporal due to similarities encountered amongst successive video 

frames. Fig. 2.1 depicts a simplified block diagram of a typical video encoder and 

decoder. A number of techniques will be applied on each input video frame before the 

compression process is completed. The typical compression techniques can be classified 

as follows. 

1. Prediction:  

Prediction is a process by which a set of prediction values is created to predict the values 

of the input samples. Normally the encoder will indicate how to form the prediction based 

on analysis of the input samples and the types of prediction that can be selected in the 

system. Through this way, the values that need to be represented become only the 

differences from the predicted values, thus the encoding bit-rate could be decreased. 

These differences are called residual values. 

2. Transformation: 

Transformation is a process that maps the pixels into a transform domain prior to data 

reduction. A transformation can prevent the need to repeatedly represent similar values 

and can capture the essence of the input signal by using frequency analysis. The strength 

of transform coding in achieving video compression is that the image energy of most 

 
 
 

Figure 2.1. Block diagram of a typical video encoder and decoder. 
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natural scenes is mainly concentrated in the low frequency region, and hence into a few 

transform coefficients. These coefficients can then be quantized with the aim of discard-

ing insignificant coefficients without significantly affecting the reconstructed image 

quality. The Discrete Cosine Transform (DCT) is broadly used because it has smoothly 

varying basis vectors that resemble the intensity variations of most natural images, such 

that image energy is matched to a few coefficients. 

3. Quantization: 

After transformation, a significant part of the image energy is concentrated at the lower 

frequency components, while less for the high frequency ones. The human eye is less 

sensitive to picture distortions at higher frequencies. This fact allows one to discard a 

great amount of information in the high frequency components. It is realized by simply 

dividing each component in the frequency domain by a constant for that component, and 

then rounding to a nearest integer. This is the so-called quantization. As a result, many 

high frequency components are rounded to zero and the rest become small positive or 

negative values. 

4. Entropy coding: 

Entropy coding is a process by which discrete-valued source symbols are represented in a 

manner that takes advantage of the relative probabilities of the various possible values of 

each source symbol. Variable Length Code (VLC) is a well-known entropy code. In VLC, 

short code words are assigned to the highly probable values while long code words to the 

less probable ones. There are two types of VLC in the standard video codecs. They are 

Huffman coding and Arithmatic coding. Huffman coding is a practical VLC code, but its 

compression cannot reach as low as the entropy. However, the arithmetic coding can 

approach the entropy since the symbols are not coded individually [23]. 
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To further improve the compression performance, the large amount of temporal re-

dundancy should be taken into account. Usually, most of the natural scene is essentially 

just repeated in picture after picture without any significant changes. Thus, video can be 

represented more efficiently by sending only the changes in the video scene rather than 

coding all regions repeatedly. This is referred to as Inter coding. The most important 

techniques in inter coding are motion estimation [24] and motion compensation [25]. The 

frame difference is mainly caused by illumination variation and motion of the objects. 

Frame difference due to motion can be significantly reduced if the motion of the object 

can be estimated, and the difference is taken on the motion compensated frame. 

 

2.1.2 Video Structure 

An example of the data structure in a video sequence is shown in Fig. 2.2. In a video 

sequence, successive frames are similarly coded. A picture is the top level of the coding 

hierarchy. Due to the existence of several picture types, a Group of Pictures, called GOP, 

is the highest level of the hierarchy. A GOP is a series of one or more pictures to assist 

random access to the video sequence. Basically, there are three types of video frames 

 

 
 
 

Figure 2.2. An example of frame configuration in a group of pictures (GOP). 
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depending on which prediction methods are used.  

(1) I-frame: The first coded frame in the GOP is an intra-coded (i.e., I-) frame, 

where all the macro-blocks (MBs) are intra-coded without reference to other frames. The 

I-frame is followed by an arrangement of P and B frames. Generally, I-frames result in 

the lowest compression ratio as they only exploit spatial redundancy. 

(2) P-frame: P-frames are predictive-coded frames. Each P-frame is coded with ref-

erence to the nearest preceding I-frame or P-frame. Each MB in a P-frame can either be 

intra-coded or inter-coded using motion estimation and compensation. The intra-/inter- 

decision is made based on the rule that the mode which can generate the smallest coding 

cost will be chosen. Normally, P-frames lead to moderate compression ratio since they 

exploit both the spatial and the temporal redundancies. 

(3) B-frame: B-frames are bi-directionally predictive-coded frames. Each B-frame 

makes use of both the nearest preceding and following I- or P- frames as reference. Each 

MB can be coded as an intra-block, an inter-block with forward prediction only, an inter-

block with backward prediction only, or an inter-block which is bi-directionally pre-

dicted. Usually, B-frames achieve the highest compression ratio by further reducing 

temporal redundancy with bi-directional motion compensation. 

The GOP length is defined as the distance between successive I-frames. A GOP may 

have any length, but it should be at least one I frame in each GOP. 

 

2.1.3 Video Quality Assessment 

The lossy video compression techniques introduce distortion to the reconstructed video 

quality. It is of great importance to know whether the distortion is acceptable to the 

viewers. In the past years, many subjective assessment methodologies are developed to 
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evaluate the video quality, where a group of people could be asked to judge the quality of 

the decoded video against the original one and the levels of distortion are rated according 

to some rating system [26]. Although subjective assessments can give reliable indications 

of the perceived video quality, these methods are time-consuming and expensive. 

Objective measurements are much faster and cheaper than subjective assessments. 

The two most widely used measurements are mean square error (MSE) and peak signal-

to-noise ratio (PSNR) [26], both of which are numerical difference between the recon-

structed frame and the original one. The definition of MSE is as follows, 

( ) ( ) 2

1 1

1 , ,
M N

i j
MSE x i j x i j

M N = =

′⎡ ⎤= −⎣ ⎦× ∑∑     (2.1) 

with M and N being the dimensions (in pixels) of the picture and ( ),x i j and ( ),x i j′  are 

the original and reconstructed pixel values at position ( ),i j , respectively. PSNR can be 

derived from MSE and is measured in decibel (dB): 
2

10
25510logPSNR
MSE

=              (2.2) 

where 255 is the peak signal with an 8-bit resolution. Although it has been claimed that in 

some cases PSNR’s accuracy is doubtful, its relative simplicity makes it a very popular 

choice. If accuracy is a main concern, some more sophisticated models than simple pixel 

differences could be used [27]. 

 

2.1.4 Contemporary Video Coding Schemes 

Over past years, video coding technology has witnessed a significant evolution. Although 

there exist several other video coding schemes, such as the wavelet based sub-band video 

coding [29] [30] [31], the hybrid video coding is the most common algorithm with 

successful applications [28]. Both ITU and ISO have released a number of video coding 
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standards, which have shaped the development of the visual communication industry. Fig. 

2.3 illustrates the development of various video coding standards. 

H.261 [13] is the first video coding standard, which is recommended by ITU-T for 

low bit-rate communications over ISDN at 64 (1 30)p p× ≤ ≤  kbit/s. This standard aims 

at meeting application requirements for videophone, video conferencing and other audio-

visual services. It is an inter-frame DCT-based coding algorithm. Inter-frame prediction is 

first carried out in the pixel domain. The prediction error is then transformed into 

frequency domain, followed by quantization to reduce bit-rate. 

ITU-T Recommendation H.263 [15] [33] was proposed in 1995 and designed for low 

bit-rate (less than 64 kbit/s) communication. The primary goal of the H.263 codec is to 

achieve a low or very low coding bit-rate for video applications such as mobile networks, 

public switched telephone network (PSTN) and the narrowband Integrated Services 

Digital Network (ISDN). The basic configuration of H.263 is based on H.261. Opposed to 

the full pixel precision used in H.261, half pixel precision is used for motion compensa-

tion in H.263. The performance of H.263 is improved in four aspects: unrestricted Motion 

 
 
 

Figure 2.3. Development of various video coding standards. 
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Vectors (MVs), syntax based arithmetic coding, advanced prediction, and forward and 

backward frame prediction, which is similar to that in MPEG. 

MPEG-1 [16] is the first generation of video coding standard proposed by MPEG. It 

is largely an extension of H.261, and many of the features are common. MPEG-1 is 

developed in response to industry needs for an efficient way of storing visual information 

on storage media such as CD-ROM and VCD. In most applications, the MPEG-1 video 

bit-rate is in the range of 1-1.5 Mbit/s. As the coding delay is not a major concern in 

storage applications, it can be traded for a higher coding efficiency. 

Unlike MPEG-1, which is basically a standard for storing and playing video on a 

single computer at relatively low bit-rate, MPEG-2 [14] is a standard proposed for digital 

TV and meets the requirements of HDTV and DVD. The target bit-rate of MPEG-2 is 4-

15 Mbit/s. To serve a wide range of applications, MPEG-2 introduces the concepts of 

profile and level as a way of encouraging interoperability without restricting the flexibil-

ity of the standard [32]. 

MPEG-4 Visual part 2 [34] [35] supports all functions that are already provided by 

MPEG-1 and MPEG-2. It is the first standard that considers content-based coding and 

introduces the concept of video object, where each video frame could be segmented into 

several objects and coded separately. MPEG-4 video aims at providing tools and algo-

rithms for efficient storage, transmission and manipulation of video data in multimedia 

environments.  

H.264 [18] [36], known variously as Advanced Video Coding (AVC), MPEG-4 part 

10, is the newest video compression standard that is becoming the worldwide digital 

video coding standard for consumer electronics and personal computers. Besides 

providing higher coding efficiency than previous standards (MPEG-1, MPEG-2, MPEG-4 
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Visual part 2, H.261 and H.263), the H.264/AVC standard is a straightforward video 

coding strategy designed to achieve a network-friendly video representation, simple 

syntax specifications, seamless integration of video coding into all current protocols and 

error robustness. Although most of the basic functional elements (prediction, transform, 

quantization, entropy coding) of H.264/AVC are also presented in the previous video 

coding standards, some new features are included, which enable the enhanced perform-

ance in coding efficiency and network adaptation. 

 

2.2 Scalable Video Coding  

With rapid advances in computing and communications, various user devices are 

accessible to visual content via different networks. Fig. 2.4 illustrates a heterogeneous 

video communication environment. In the environment, clients may have different 

display resolutions, systems may have different caching or intermediate storage resources, 

and networks may have varying bandwidths, loss rates, and best-effort or quality of 

service (QoS) capabilities. For example, the processing power of a personal digital 

 
 
Figure 2.4. Heterogeneous video communication environment. Different end-users may have 
different network access speeds and different processing capabilities. 
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assistance (PDA) cannot match that of a workstation. Reliable transmission of video over 

heterogeneous networks requires efficient coding, as well as scalability to different client 

capabilities, system resources, and network conditions [19]. Scalable video coding has 

been proposed to increase its adaptability to network and client conditions [21] [48]. A 

scalable compressed bit-stream is one that contains multiple embedded sub-bit-streams, 

each of which represents the original video content at a particular spatial resolution, 

temporal resolution, or quality represents. To be more specific, in scalable video coding, 

the input video is encoded into a base layer and one (or multiple) enhancement layer(s). 

The base layer can provide a coarse playback video quality, while the enhancement layers 

can be progressively decoded to further improve the video quality. The standalone 

availability of an enhancement layer is useless unless all the corresponding lower layers 

(including the base layer) can be correctly received and decoded. 

Early video compression standards such as ITU-T H.261 and ISO/IEC MPEG-1 pro-

duce monolithic bit-streams without scalability attributes [37]. In this case, if the decoder 

doesn’t receive all the compressed bit-stream generated by the encoder, it can do nothing.  

MPEG-2 is the first general-purpose video compression standard which includes a 

number of tools providing scalability. It intends to be forward compatible with MPEG-1, 

where eventually base information could be encoded and decoded by the old standard, 

while higher quality enhancement information is processed by the new standard [38]. All 

dimensions of scalability including spatial, temporal and SNR scalability are supported by 

MPEG-2. The scalability is realized by introducing multiple motion compensation loops, 

which will result in a decrease of the compression efficiency. Hence the number of 

scalable layers is generally restricted to a maximum of three in any of the existing 

MPEG-2 profiles. Fig. 2.5 and Fig. 2.6 give examples of two-layer SNR scalable encoder 

and two-layer spatial scalable encoder in MPEG-2 respectively. 
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The video codec of the ISO/IEC MPEG-4 standard provides even more flexible scal-

ability tools. MPEG-4 “Simple Profile” mode is equivalent to the ITU-T H.263 baseline 

codec, which provides no scalability. Extensions of H.263 define spatial, temporal, and 

SNR scalabilities as well. H.264/AVC, as recently defined as part 10 of the MPEG-4 

standard, can in principle be run in different temporal scalability modes, due to its 

flexibility in the definition of prediction frame references. The most influential scalability 

 
 
 

Figure 2.5. A two-layer SNR scalable encoder. 
 
 

 
 
 

Figure 2.6. A two-layer spatial scalable encoder. 

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library



 24

tool in MPEG-4 is fine granularity scalability (FGS) [39]. The basic idea of FGS is to 

encode a video sequence into a base layer and an enhancement layer. The base layer uses 

non-scalable coding to reach the lower bound of the bit-rate range. The enhancement 

layer is to encode the difference between the original picture and the reconstructed picture 

using bit-plane coding of the DCT coefficients. The block diagram of fine granularity 

scalability is illustrated in Fig. 2.7. 

Although scalability has already been provided in MPEG-2 and MPEG-4, the de-

crease in coding efficiency greatly restricts its application. Hence, research for more 

efficient scalable coding techniques is a demanding topic in video compression. 

H.264/AVC is the most recent international video coding standard that provides signifi-

cantly improved coding efficiency in comparison to all prior standards [42]. H.264/AVC 

has attracted a lot of attention from industry and has been adopted by various applications. 

Given the high degree of acceptance of the new standard and taking into account the large 

investments that have been taken place for the H.264/AVC-based products, a scalable 

video coding (SVC) scheme [40] [41] is developed as the scalable extension of 

H.264/AVC. In this thesis, our contributions for scalable video transmission are based on 

the scalable extension of H.264/AVC proposed by Fraunhofer Institute for Telecommuni-

 
 
 

Figure 2.7. Fine granularity scalability in MPEG-4. 
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cations – Herinrich Hertz Institute (HHI). In comparison to the H.264/AVC standard, the 

scalable extension provides the temporal, spatial and quality scalability, as well as any 

combination of these scalabilities. Both the MCTF (Motion Compensated Temporal 

Filtering) and the “hierarchical B frame” can be employed to remove the temporal 

redundancy. 

 

2.2.1 MCTF 

Because a high correlation exists in the successive frames, efficient video compression 

technique requires an effective removal of temporal redundancy. In the traditional hybrid 

video coding algorithms [28], closed-loop motion compensation is employed in the 

temporal domain and 2-D DCT algorithm is applied in the spatial domain as described in 

section 2.1. In this scheme, the previous frame is reconstructed and used as reference to 

predict the current frame before motion compensation. The resulting displaced frame 

difference, which has much lower energy as compared with the original frame, is then 

encoded and transmitted to the decoder side. There are some limitations in this method. 

First, the reconstructed frame has lower quality than the original frame, especially when 

the transmission bit-rate is low. Thus, using this distorted reconstructed frame to perform 

ME/MC will result in decrease in the temporal prediction efficiency. Second, the closed-

loop based video coding scheme employs the layered coding and the bit-plane coding 

schemes to achieve quality (SNR) scalability, such as FGS method [39] and its improve-

ment versions [43]-[45]. Because only the reconstructed frames in the base layer are used 

as reference for motion estimation, the prediction gain is relatively low at high bit-rate. 

Third, when there is error happening during video transmission, the error will propagate 

to the following frames and lead to dramatic decrease of reconstructed video quality until 
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the next I-frame is received. Therefore, this kind of closed-loop ME/MC scheme is 

unsuitable for the heterogeneous network environments, such as Internet. 

To overcome these problems, an open-loop video coding scheme is proposed and 

becomes one important issue in scalable video coding. For a long time in the development 

of SVC, motion compensated temporal filtering (MCTF) was considered a useful coding 

structure for temporally scalable coders. Although investigations have revealed that 

benefits of MCTF are limited compared to hierarchical B pictures [47], MCTF is still an 

option to remove the temporal redundancy in SVC. MCTF was first introduced by Ohm 

[12]. After that, it is further improved by Choi and Woods [11]. MCTF is based on the 

lifting schemes [30] [31]. The lifting schemes may ensure a perfect reconstruction of the 

input signal in the absence of quantization of the decomposed signal even if non-linear 

operations are employed during the lifting process. 

There are three steps involved in the lifting scheme: decomposition, prediction and 

update. At the decomposition stage, the input video signal is firstly separated into even 

signals and odd ones. Let nL  denote the input signal, where n is the temporal decomposi-

tion level ( 0n =  for the original frames), [2 1]nL k +  and [2 ]nL k  represent the odd signals 

and even signals respectively. The odd signals are predicted by a linear combination of 

the even signals using a predictor operation ( )•P  and the high-pass sub-band is output as 

prediction residuals. The corresponding low-pass sub-band is achieved by adding a linear 

combination of the high-pass sub-band to the even signals using the update operation 

( )•U . The high-pass and low-pass sub-bands at temporal level n+1 are derived as follows 

(note that for simple expression, the spatial coordinates and the corresponding motion 

vectors are not specified): 

( )1[ ] [2 1] [2 ]n n nH k L k L k+ = + −P            (2.1) 
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( )1 1[ ] [2 ] [ ]n n nL k L k H k+ += +U          (2.2) 

where k is the temporal coordinate for each temporal level, 1[ ]nH k+  and 1[ ]nL k+  are the 

high-pass sub-band and the low-pass sub-band at temporal level n+1 respectively. The 

prediction and update operators for the temporal decomposition using the lifting represen-

tation of the Haar wavelet are given by 

( )[2 ] [2 ]n n
Haar L k L k=P     (2.3) 

( )1 11[ ] [ ]
2

n n
Haar H k H k+ +=U         (2.4) 

For the 5/3 transform, the prediction and update operators are derived as 

( ) ( )5/3
1[2 ] [2 ] [2 2]
2

n n nL k L k L k= + +P              (2.5) 

( ) ( )1 1 1
/

1[ ] [ ] [ 1]
4

n n nH k H k H k+ + += + −5 3U      (2.6) 

As can be seen from the above equations, the Haar transform based temporal decom-

position refers to temporal information of one directional neighboring frame, while 5/3 

transform based temporal decomposition covers both directions. As the unidirectional 

 
 
 

Figure 2.8. An example of MCTF structure. 
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prediction produces less motion data compared with bidirectional prediction, it could save 

more bits for the spatial information at a given bit-rate. However, unidirectional predic-

tion explores less temporal correlation and increase the energy of the residual data in the 

high-pass sub-band. To attain a tradeoff between these two effects, it is desirable to 

switch dynamically between unidirectional prediction and bidirectional prediction to 

achieve a high coding efficiency.  

In Fig. 2.8, an example for the temporal decomposition of a group of 12 frames with 

3 decomposition stages is illustrated, where nH  and nL  denote the high-pass and low-

pass sub-bands at temporal level n.  

Since both the prediction and the update are fully invertible, the reconstruction (syn-

thesis) simply consists of the prediction and the update operations in reverse order with 

the inverted signs in the summation process. The equations can be derived as follows 

( )1 1[2 ] [ ] [ ]n n nL k L k H k+ += −U         (2.7) 

( )1[2 1] [ ] [2 ]n n nL k H k L k++ = + P           (2.8) 

 

2.2.2 Hierarchical B-Pictures 

When the update step is removed from the 5/3 transform based MCTF, a predictive video 

coding structure comes into being with hierarchical B-pictures [46] [47]. A typical 

hierarchical prediction structure with 4 dyadic decomposition stages is shown in Fig. 2.9.  

In each GOP, the key frame (e.g. 0th, 8th, 16th display order in Fig. 2.9) is first coded as an 

intra frame or inter frame with reference to the key frame of the previous GOP. The 

remaining frames in a GOP are hierarchically predicted as illustrated in Fig. 2.9. It should 

be noted that the key frames are only predicted from other key frames, and each of the 

non-key frames is predicted using two reference frames, which are the nearest frames of 
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the lower temporal level from the past and the future. As in Fig. 2.9, the coding order 

within each GOP is “I/P, B1, B2, B2, B3, B3, B3, B3”. In this way, the hierarchical B 

pictures could also provide the temporal scalability as MCTF. 

 

2.2.3 Temporal Scalability 

Temporal scalability is defined to represent the same video content in different temporal 

resolutions or frame rates. A bit-stream provides temporal scalability when it can be 

partitioned into a temporal base layer and one or more temporal enhancement layers. Both 

the MCTF and the hierarchical B pictures inherently provide temporal scalability. With n 

decomposition stages, up to n levels of temporal scalability can be provided. 

In Fig. 2.8, a group of 12 pictures is decomposed into 4 temporal levels with 3 de-

composition stages. If only the low-pass sub-band 3L  is obtained after transmission, the 

video can be reconstructed at the decoder at 1/12 of the temporal resolution of the input 

sequence. By additionally transmitting the high-pass sub-bands 3H , the decoder can 

reconstruct the video that has 1/4 of the original temporal resolution. By further adding 

the high-pass sub-bands 2H , the video with half the temporal resolution can be recon-

 
 
 
Figure 2.9. A typical hierarchical prediction structure with 4 temporal levels and a GOP size 
of 8. 
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structed. Finally, if the remaining high-pass sub-bands 1H  are transmitted, a recon-

structed video with a full temporal resolution is obtained. Therefore, the low-pass sub-

band 3L  is the temporal base layer, while 3H , 2H  and 1H refer to the progressive 

temporal enhancement layers. 

Temporal scalability with a number of temporal enhancement layers can also be effi-

ciently provided with the hierarchical B pictures. As illustrated in Fig. 2.9, four temporal 

layers can be generated with a group of 8 pictures using the hierarchical prediction 

structure. The key frames (I/P) represent the coarsest supported temporal resolution, 

which forms the temporal base layer. The enhancement layer pictures are encoded as B 

frames. The temporal resolution could be refined by further including the B frames of the 

next temporal levels. 

 

2.2.4 Spatial Scalability 

Spatial scalability is defined to represent the same video content in different spatial 

resolutions or frame sizes. To support spatial scalability [50], SVC employs the multi-

layer coding method, which is also adopted in conventional video coding standards, such 

as MPEG-2, H.263 and MPEG-4 Visual. Each spatial layer corresponds to a supported 

spatial resolution. The lowest resolution video data is referred to as the base layer, and the 

higher resolution video data is referred to as the enhancement layer. In each spatial layer, 

both the motion-compensated prediction and the intra-prediction are implemented as for 

single-layer coding. To further improve the coding efficiency in comparison to simulcast-

ing different spatial resolutions, inter-layer prediction mechanism is incorporated to 

explore the correlation between spatial layers as illustrated in Fig. 2.10.  
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As seen in Fig. 2.10, the inter-layer prediction enables reusing of the encoded lower 

resolution video sequence for coding of the corresponding higher resolution video 

sequence. The purpose is to use as much lower layer information as possible for im-

proving rate-distortion efficiency of the enhancement layers. In traditional video coding 

standards, the inter-layer prediction is realized by simply up-sampling the reconstructed 

lower layer signal or by averaging such an up-sampled signal with a temporal prediction 

signal. In order to improve the coding efficiency for spatial scalable coding, two addi-

tional inter-layer prediction concepts [51] have been included in SVC: prediction of 

motion and prediction of residual data. The inter-layer prediction approaches in SVC can 

be mainly categorized into 3 aspects: 

(1) Inter-Layer Motion Prediction: In comparison to H.264/AVC, two more macro-

block modes are included for prediction of the motion vectors from the available motion 

information of the lower resolution spatial layer: a base layer mode and a quarter pel 

refinement mode [49]. For both of these two modes, the macro-block partitioning is 

obtained by up-sampling the corresponding co-located 8 8×  block in the reference layer 

(see Fig. 2.11). The reference index for the up-sampled macro-block partitions are the 

same as for the co-located reference layer blocks. The associated motion vectors are 

derived by scaling the corresponding reference layer motion vector by a factor of 2. For 

 
 
 
Figure 2.10. Illustration of multi-layer structure with inter-layer prediction to enable the 
spatial scalable coding. 
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MB with base layer mode, no additional motion information is coded or transmitted, 

while for MB with quarter pel refinement mode, a quarter-sample motion vector refine-

ment is further transmitted for each motion vector. Meanwhile, the up-sampled motion 

vector from the reference layer could also be used as motion vector predictor for the MB 

in the enhancement layer. If none of the above techniques are used, the macro-block 

modes as well as the corresponding reference indices and motion vector differences are 

encoded according to the H.264/AVC syntax. 

(2) Inter-Layer Residual Prediction: Inter-layer residual prediction [49] can be em-

ployed for all inter-coded macro-blocks. If the motion vector for a block of the current 

layer is identical or nearly identical to the motion vector of the corresponding block in the 

previous layer, it is with a high probability that the coding efficiency can be increased 

when the coded previous layer residual is used as prediction for the current residual and 

thus only the difference between the current residual signal and the previous layer 

reconstruction is coded. However, when the motion vectors are not similar it is unlikely 

that a prediction of the residual signal could improve the coding efficiency. Consequently, 

the inter-layer residual prediction approach should be adaptively used. 

 
 
 

Figure 2.11. The up-sampling of MB partitions. 

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library



 33

(3) Inter-Layer Intra-Prediction: The inter-layer intra-prediction [49] can be applied 

to macro-blocks for which the corresponding blocks of the base layer are located inside 

intra-coded macro-blocks. With this mode, the intra texture information is predicted by 

up-sampling the reconstructed intra texture information from the lower spatial layer using 

the 6-tap filter that is defined in H.264/AVC for the purpose of half-sample interpolation. 

The prediction residual is transmitted using the H.264/AVC residual coding. Through this 

way, the intra prediction signal is directly obtained by de-blocking and up-sampling the 

corresponding 8 8×  luminance block in the lower spatial layer. Therefore, the decoding 

complexity is significantly reduced. 

 

2.2.5 Quality Scalability 

Quality or SNR scalability is defined to represent the same video content in different 

perceptual quality. With quality or SNR scalable coding, the input video can be com-

pressed into multiple layers including a quality base layer and one or more quality 

enhancement layers. For the quality base layer, H.264/AVC based transform coding is 

carried out. The predicted frames contain intra or residual macro-blocks as in the hybrid 

video coding described in Section 2.1. The intra frames are coded independently of each 

other as H.264/AVC intra frames. The intra macro-blocks are coded using intra coding 

modes, and the residual macro-blocks are encoded with DCT and quantization, the same 

as H.264/AVC. Fig. 2.12 illustrates a general structure of a scalable bit-stream with a base 

layer and L quality enhancement layers. The quality base layer provides the minimal 

visual quality with an initial quantization step size. To achieve the quality enhancement 

layers on top of the quality base layer, different scalable coding approaches are employed 

to provide different granularities of scalability as follows [49]. 
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Coarse-Grain Quality Scalability (CGS) 

Quality or SNR scalability can be regarded as a special case of spatial scalability with 

identical frame size for all the layers. It is supported by the general concept for spatial 

scalable coding and referred to as coarse-grain quality scalable coding. To achieve CGS, 

the same inter-layer prediction mechanism as for spatial scalable coding is employed 

without using the corresponding up-sampling operations and the inter-layer de-blocking 

for intra-coded reference layer macro-blocks. Furthermore, the inter-layer intra- and 

residual- prediction are directly performed in the transform domain. When utilizing the 

inter-layer prediction for CGS in SVC, a refinement of texture information is typically 

achieved by re-quantizing the residual texture signal in the enhancement layer with a 

smaller quantization step size relative to that used for the preceding CGS layer.  

In this way, a number of quality or SNR enhancement layers can be generated. How-

ever, the coarse-grain scalable coding only allows for a few truncation points in a scalable 

bit-stream, where the number of supported bit-rates is identical to the number of layers. 

Another limitation of coarse-grain scalable coding is that the enhancement layer has to be 

completely transmitted or decoded to refine the picture quality. If the available bandwidth 

 
 
 
Figure 2.12. General structuring of a scalable bit-stream with a base layer and L quality 
enhancement layers. 
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is not sufficient for transmission of the enhancement layer, the server will drop the entire 

enhancement layer for rate adaptation, which may lead to under-utilization of the channel 

bandwidth. 

Fine-Grain Quality Scalability (FGS) 

In fine-grain quality scalable coding, the base layer is similar to its counterpart in coarse-

grain scalable coding in the sense that it has to be completely received and decoded. The 

difference lies in the enhancement layers. Within each spatial resolution, fine-grain 

quality scalability is achieved by encoding successive refinements of the transform 

coefficients, starting with the minimum quality provided by the H.264/AVC compatible 

base layer coding. This is done by repeatedly decreasing the quantization step size and 

applying a modified entropy coding process akin to sub-bit-plane coding. This coding 

mode is referred to as progressive refinement. 

The FGS layers provide progressive refinement to the quality base layer. The pro-

gressive refinement can be truncated at any rate point, so that the decoded video can be 

improved in a fine-granular way, which is similar to the fine granularity scalability 

proposed in MPEG-4 visual [39]. Such fine-grained scalability enables a more precise 

rate adaptation. It should be noted that FGS coding mode has been removed from the 

SVC amendment that has been finalized in July 2007. A phase 2 SVC project is under 

study, which may contain FGS coding mode. 

 

2.2.6 Combined Scalability 

The concepts of temporal, spatial and quality scalability as described in Sections 2.2.3-

2.2.5 can be easily combined to a general scalable video coding scheme, which provides a 

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library



 36

wide range of scalability. The coding scheme depends on the scalability that is required 

by a certain application. 

Fig. 2.13 gives an example of combined scalability, where n
mL  and n

mH  represent the 

temporal low-pass and high-pass frames, respectively. m indicates the layer number, and 

n is the index of the temporal level. The video sequence with QCIF resolution is firstly 

encoded at the frame rate of 15Hz as layer 1 (base layer). The video data in layer 1 is up-

sampled to be used as reference for layer 2. Through inter-layer prediction, layer 2 is 

encoded with CIF resolution. With further encoding of the quality enhancement layer, 

layer 3 is achieved based on layer 2. By additionally encoding the high-pass frames 0
4H , 

the temporal resolution is increased to 30Hz in layer 4. Layer 5 has the same frame size 

 
 
 

Figure 2.13. An example of combined scalability. 

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library



 37

and temporal resolution as layer 4, but the picture quality is improved with quality 

refinement layers. 
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Chapter 3 

Two Dimensional Channel Coding 

Scheme for MCTF based Scalable 

Video Coding 

3.1 Introduction  

In pervasive media environments, users may access and interact with multimedia content 

from different terminals and via different networks. One critical need in such ubiquitous 

environments is the ability to handle the huge variation of resource constraints [52]. 

Recently, MPEG Committee has developed related tools and protocols to support 

development and deployment of video adaptation applications. In Joint Scalable Video 

Model (JSVM), the three main scalability aspects, i.e. temporal, spatial and SNR 
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scalability, are implemented to make the video streaming fully scalable. With the 

development of broadband wireless networks, such as IEEE 802.11b wireless LAN, 

delivering video over wireless networks has gained increasing attention. Although today’s 

broadband wireless networks can transmit video data at high bit-rates, there are still major 

challenges existing, such as fluctuations in channel quality and high bit-error rates 

compared with wired links [53]. Transmission errors, together with lossy source coding 

techniques, lead to the distortion of the video sequences at the decoder. Hence, proper 

allocation of the system resources to minimize the distortion is required to transmit the 

video efficiently [54]. Unequal Error Protection (UEP), which is based on the Priority 

Encoding Transmission (PET) [55], has been proven to be very promising to resolve this 

problem.  

In this chapter, for the scalable video with combined scalability, we propose a new 

two-dimensional (2-D) UEP scheme, which considers the dependency in both the 

temporal direction and the quality/SNR direction. It can properly allocate protection bits 

to the temporal layers, and in each temporal layer, unequal amounts of protection are 

allocated to different SNR layers. However, the optimal allocation for different layers is a 

complicated issue, especially when (1-dimensional) 1-D UEP is extended to 2-D UEP 

scheme. Many fast search algorithms have been proposed to achieve proper assignment, 

such as the hill-climbing method [58]. It has a non-increasing or non-decreasing pattern 

and is suitable for the 1-D UEP schemes for different layers with clear priority. In the 2-D 

UEP approach, the importance level of different layers cannot be estimated with a non-

increasing or non-decreasing pattern. Hence, the hill-climbing method and other such 

kind of algorithms are not applicable in solving the 2-D UEP problem, which will be 

demonstrated later. Genetic Algorithm (GA) [65] is a randomized search technique. GA 

mimics the processes of natural evolution of species that led to higher organisms. It is 
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often employed to solve difficult optimization problems. Hence, in this work GA is 

implemented in order to achieve a fast channel bits allocation. 

The rest of the chapter is organized as follows. An overview of the related back-

ground is given in Section 3.2. In Section 3.3, we will present in detail the development 

of our proposed 2-D UEP scheme. The generation of the 2-D layers is firstly illustrated. 

After that, the bit-rate allocation problem is formulated and GA is briefly introduced. The 

experimental results are given in Section 3.4, where our novel algorithm is discussed and 

compared with traditional methods. Finally, we draw a conclusion in Section 3.5.  

 

3.2 Related Background 
 
3.2.1 Forward Error Correction (FEC) 

In telecommunication and information theory, FEC is well known for both error detection 

and error correction. By adding redundancy to the transmitted information, it allows the 

receiver to detect and correct errors without the need to ask the sender for additional data. 

Since FEC has the effect of increasing transmission overhead and hence reducing usable 

bandwidth for the payload data, it must be used judiciously in video services that are very 

demanding in bandwidth but cannot tolerate a certain degree of losses. FEC has been 

studied for error recovery in video communications [66]-[71]. For example, in H.261, an 

18-bit error correction code is computed and appended to 493 video bits for detection and 

correction of random bit errors in integrated services digital network (ISDN). For packet 

video, because several hundred bits have to be recovered when a packet loss occurs, it is 

more difficult to apply error correction [72]. 
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Among various FEC codes, Reed-Solomon (R-S) codes are a well-known class of 

block codes with good erasure correction properties. R-S codes are particularly effective 

at recovering from erased symbols when the locations of the erased symbols are known. 

Because we are concerned only with networks in which packets either arrive perfectly 

intact or are completely discarded, we consider R-S codes that are optimized for erasures 

and do not correct bit errors [78]. Normally, these maximum distance separable block 

codes are denoted by a pair ( , )N k , where N is the block length and k is the number of 

source symbols. It has the property that a ( , )N k  code can exactly recover the k data 

symbols from any size k subset of the N total symbols. However, it will be unable to 

recover the original k data symbols if more than N k−  symbols are lost. Fig. 3.1 gives an 

example of the Reed-Solomon coding. 

Because error recovery is carried out entirely at the receiver, FEC scheme can scale 

to arbitrary number of receivers in a large multicast group. In addition, due to its ability to 

recover any packets regardless of which packets are lost, it allows the network and 

receivers to discard some of the packets that cannot be handled due to limited bandwidth 

or processing power. Hence, FEC is also applicable to heterogeneous networks and 

receivers with different capabilities [73]. However, there are also some disadvantages 

associated with FEC, which are listed as follows, 

 
 
 

Figure 3.1. An example of Reed-Solomon coding. 
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(1)  It increases the transmission bit-rate: The FEC schemes inflict redundancy bits on 

the transmitted video data. The higher the loss rate is, the higher the transmission rate is 

demanded to recover from the loss. The higher the transmission rate is, the more con-

gested the network gets, which leads to an even higher loss rate. This makes FEC 

vulnerable for short-term congestion. However, efficiency may be improved by making 

use of UEP, which will be introduced below. 

(2)  It increases delay: One of the reasons is that an FEC must wait for all packets in a 

segment (i.e., k source packets in Fig. 3.1) before it can generate the redundant packets 

( n k−  FEC packets in Fig. 3.1). The other reason is because the receiver must wait for at 

least k packets of a block before it can playback the video segment. In addition, recovery 

from bursty loss, which is very common for wireless channels, requires the use of either 

longer blocks or techniques like interleaving. In either case, delay will be further in-

creased. However, the video streaming applications can tolerate relatively large delay. 

Thus the increase in delay may not be an issue for this kind of applications. 

(3) It is not adaptive to time-varying loss rate: As stated above, if more than n k−  

packets of a block are lost, FEC cannot recover any portion of the original segment. This 

makes FEC useless when the short-term loss-rate exceeds the recovery capability of the 

protection code. On the other hand, if the loss rate is well below the recovery capability of 

FEC, the redundant information is more than necessary and a small ratio would be more 

appropriate. To improve the adaptive capability of FEC, feedback information should be 

used. That is, if the receiver sends the loss rate to the source, the channel encoder can 

adaptively add redundancy [73]. 
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3.2.2 Unequal Error Protection (UEP) 

FEC techniques normally apply equal error protection (EEP) onto various video parame-

ters. In other words, all the bits of the compressed video stream are treated equally, and 

given an equal number of redundancies, regardless of their sensitivity to errors and their 

contribution to overall video quality. However, different parts of the compressed video 

stream are not equally important. EEP makes the protection of highly sensitive data less 

efficient, while leading to unnecessary waste of bandwidth by overprotecting less 

important data. To solve this problem, the current research is heavily weighted toward 

unequal error protection (UEP) schemes, in which the video data can be protected with 

unequal rates depending on their sensitivity to errors. 

UEP schemes have been addressed by many researchers [74]-[77] [56]-[64]. An ef-

fective UEP scheme takes advantage of the differential sensitivity of the output bit-stream 

of video encoder. The existing schemes can be mainly classified into three categories 

according to the consideration of different aspects of video stream sensitivities: 

(1) Bits for headers, motion data and transform coefficients: The headers are more 

important than the motion vectors, in turn, are more important than the transform 

coefficients. Hence, the UEP scheme intends to add more redundancy for the motion data 

than for the DCT coefficients [74]. 

(2) Different frames in a GOP: UEP scheme is also applied on different types of 

frames, such as I-, P- or B-frames. Due to the predictive coding structure and the error 

sensitivities of the three types of frames, an UEP approach is proposed to exploit the 

dependency among I-, P- and B-frames in [75]. By further considering the temporal 

dependency of P-frames in a GOP, both [76] and [77] explore the sensitivity of succes-
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sive frames (including I- and P-frames) in order to minimize the overall distortion of the 

transmitted video sequence. 

(3) Different layers of scalable coding: Different layers are not equally important. To 

provide a graceful degradation for the transmitted video stream, an obvious way is to add 

more protection to the layers that impact the quality more [56]-[64]. For example, Cheng, 

et al. [63] study the impact of using UEP to protect Fine Granular Scalability (FGS) 

compressed video. Sachs, et al. [64] apply UEP on Set Partitioning in Hierarchical Trees 

(SPIHT) coder and find an algorithm for optimizing the amount of protection bits used to 

protect progressive data. 

 

3.2.3 Model of Wireless Packet-Erasure Channel 

To evaluate the performance of the R-S codes, we need to know the probability that more 

than k symbols are lost since then the missing symbols cannot be reconstructed. We can 

compute this probability if we know the probability ( , )P m N  with m being the number of 

lost packets within the block of N packets. In this chapter, we model the wireless network 

channel as a packet-erasure channel at the IP level. The process, which leads to packet 

losses over wireless packet-erasure channel, is quite complex. We assume the existence of 

a channel estimator, which indicates the probability that a particular number of packets 

are lost, given the total number of packets to be transmitted. This estimator could be 

formulated as any distribution of expected packet loss rate, such as uniform, binomial, 

exponential, Zipf, Poissen, etc. However, among such distributions, a Markov model [79] 

approximates the wireless channel’s packet loss behavior fairly well. 

In Markov model, hidden channel states {0,1,2,...}S N= ≡  form a Markov chain 

with the initial state 0X  and the transitional probabilities 1( | )i iP X X − . The probability of 
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a packet erasure is represented by a conditional density ( | )iP erasure X . The number of 

states N and the values of the erasure probabilities ( | )iP erasure X  can be chosen in a 

number of ways. Here we apply a simple and analytical tractable Markov model with two 

states, which are denoted as 0 when packets are received correctly and 1 when packets are 

lost. Transitions between these two states occur with given probabilities and are used to 

capture the variability of the channel. Fig. 3.2 shows an example of a two-state Markov 

model, where we assume that the channel can be in only one of the two states (good and 

bad channel behavior). 0S =  denotes the good channel state, in which no error happens, 

and 1S =  represents the bad channel state when error occurs. The model is fully de-

scribed by transitional probabilities (0 |1)P  from state 1 to state 0 and (1| 0)P  from state 

0 to state 1. Since these parameters are not very intuitive, we use the average packet loss 

probability 1P  and the average burst length 1L  instead, both of which are calculated as 

follows, 

1
(1| 0)

(1| 0) (0 |1)
PP

P P
=

+
              (3.1) 

1
1

(0 |1)
L

P
=         (3.2) 

where 1L  is the average number of consecutively lost packets [80]. With 1P  and 1L , we 

can calculate the block error density function ( , )P m N . In the Markov model, the event of 

a loss frees the memory of the loss process and restarts it. The distribution of error-free 

gaps can describe such a model. Assuming that a gap of length v is the event that a packet 

 
 
 

Figure 3.2. Two-state Markov channel model. 
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is missing after 1v −  packets are received correctly, the gap density function 

1( ) (0 1|1)vg v P −=  represents the probability of a gap length v. The gap distribution 

function 1( ) (0 |1)vG v P −=  gives the probability of a gap length, which is not smaller than 

v. Both ( )g v  and ( )G v  can be calculated using the transitional probabilities (0 |1)P  and 

(1| 0)P . 

2

1 (0 |1) for 1,
( )

(0 |1)(1 (1| 0)) (1| 0) for 1,v

P v
g v

P P P v−

− =⎧
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− >⎩
         (3.4) 

To facilitate the calculation of ( , )P m N , we define ( , )R m n  as the probability that 

1m −  packets will be lost within the next 1n −  packets, which follows a lost packet. 

( , )R m n  is computed as 

1

1

( ) for 1,
( , )
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Finally, the probability N)(m,P  that m  packets will be lost within N  packets can be 

calculated as 
1
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3.3 Proposed 2-D UEP Scheme 
 
3.3.1 Proposed Framework 

In scalable video coding, the input video sequence is divided into groups of pictures 

(GOPs) with fixed-size m  ( m  is a power of 2). In this work, temporal scalability is 
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realized by employing MCTF on each GOP although the proposed scheme is also 

applicable for the hierarchical B structures. MCTF [11] is implemented in each GOP, 

where even number frames use neighboring frames as reference for prediction and output 

high-pass subbands. The high-pass subbands are reversely used to update the odd number 

frames so that the low-pass subbands are generated. This is one level of temporal 

decomposition. Low pass subbands will be further decomposed in the same way. After n 

levels of decomposition there will be one low-pass subband and 1m −  high-pass sub-

bands. Meanwhile, 1n +  temporal layers are generated, where n is decided by m 

( 2nm = ). This process is illustrated in Fig. 3.3. At the decoder side, if only the low-pass 

subband is received, the video sequence can be reconstructed with a temporal resolution 

/Hzf m  ( Hzf  is the frame rate of the original video sequence). With receiving of higher 

temporal layers based on all the lower temporal layers, the temporal resolution increases 

until a full resolution is achieved. This is denoted as temporal scalability. The enhance-

 
 
 

Figure 3.3. MCTF of a group of pictures. 
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ment of temporal resolution improves the visual quality, which is evaluated by PSNR of 

the reconstructed video sequence in this work.  

After MCTF, for each subband, texture is encoded to produce a base layer, which 

provides a minimum quality at a given quantization level. To achieve quality/SNR 

scalability, the quantization parameter is repeatedly decreased and the refinements are 

encoded starting from the base layer. Therefore a number of SNR enhancement layers are 

formed. With more SNR layers received by decoder, the quality of the reconstructed 

frame will be further improved. In Fig. 3.4, all high-pass subbands in the same temporal 

layer are assumed as a whole object. Each temporal layer contains several SNR layers. 

Each SNR layer in each temporal layer is defined as a scalable unit. 

Due to the decomposition structure of MCTF and the dependency between SNR lay-

ers, the effect of channel errors on the video could be extremely severe when compressed 

video data is transmitted over error-prone channels. Thus the video applications should 

provide sufficient robustness to ensure that the quality of the decoded video is not overly 

 
 
 

Figure 3.4. SNR scalability in each temporal layer. 

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library



 49

affected by the channel unreliability. In order to provide the video data with some 

measure of reliability while communicating over error-prone channels, it is necessary to 

exert some forms of error control. The FEC codes are designed to protect data against 

channel erasures by introducing parity packets. If the number of erased packets is less 

than the decoding threshold for the FEC code, the original data can be recovered per-

fectly. In this work, the well-known Reed-Solomon codes are used to generate the FEC 

codes. 

From the relationship existing among the 2-D scalable units, we can find that: (1) the 

lower temporal layer an error occurs in, the more the reconstructed frames will be 

affected, and the lower the quality of the reconstructed sequence is, (2) the lower SNR 

layer an error occurs in, the lower the quality of the reconstructed sequence is. To 

minimize the impact of the transmission error, an appropriate choice of protection bits for 

all the 2-D scalable units is necessary. That is, we should add more protection bits to the 

2-D scalable units with lower temporal and SNR levels while adding fewer to the higher 

ones. 

Our proposed 2-D UEP scheme for all the units in a GOP is shown in Fig. 3.5. There 

are T temporal layers, each of which is further divided into F SNR layers. We add FEC 

codes for each unit in each temporal layer. Both the source data and the FEC codes are 

vertically packetized into N packets. The length and the height of the FEC codes for the 

unit ( , )i j  are denoted by ( , )k i j  and ( , )h i j , respectively. Here i represents the temporal 

level and j represents the SNR level, where 0,1,2,..., 1i T= −  and 0,1,2,..., 1j F= − . 

Therefore, the length of unit ( , )i j  is ( , )N k i j− , with N being the total number of packets 

in a GOP time interval. The packet size is denoted by M. 
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The problem is: what is the appropriate channel bits allocation for all the units to 

provide the best video quality under the constraint of a constant transmission rate? This 

will be resolved in the following section. 

 

3.3.2 Problem Formulation 

Next we will discuss the problem of allocating channel bits subject to an overall target bit 

rate as illustrated in Fig. 3.5. In this chapter, we mainly consider the problem of allocating 

channel rates to the compressed bit-stream. Therefore, we don’t consider source distortion 

here because it is independent of the channel coding [81]. With all constraints we want to 

find the best allocation mode such that the overall quality of the decoded video is 

maximized. It should be noted that using different objective functions to evaluate the 

 
 
 

Figure 3.5. Channel coding scheme for the 2-D scalable units. 
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quality may result in different channel rate allocation patterns. As stated in section 2.1.3, 

MSE and PSNR are two commonly used metrics. Besides, there are a number of more 

complicated and precise metrics existed [130]. As PSNR is broadly used as a measure of 

quality of reconstruction of compressed image due to its relative simplicity, in this work 

we apply PSNR as the objective function and try to maximize it although other metrics 

can also be used. The overall PSNR is calculated as follows, 

 
1 1

overall
0 0

( , ) ( , )
T F

i j
PSNR S i j P i j

− −

= =

= ×∑∑            (3.7) 

where ( , )S i j  is the PSNR increment provided by unit ( , )i j  and ( , )P i j  is the probability 

of correctly receiving the corresponding unit. 

( , )S i j  is calculated experimentally. Firstly we consider a simple case where there 

are no SNR enhancement layers. With l temporal layers received, 12l−  frames are decoded 

and used to reconstruct the sequence and calculate the PSNR increment ( ,0)S i . Next, we 

take the SNR enhancement layers into account. In each temporal layer, with more SNR 

layers received, the PSNR of the reconstructed sequence is increased. In order to calculate 

( , )S i j , ( , )PSNR i j  is defined as the average value of PSNR of the reconstructed 

sequence when 1i +  temporal layers with 1j +  SNR layers in each temporal layer are 

received. For example, the sequence size is 8 and after MCTF there are four temporal 

layers, where three SNR layers are further generated in each temporal layer. We’ll show 

how (2,1)PSNR  is calculated as an example. With 3 temporal layers received, four 

frames can be decoded, including the 1st, 3rd, 5th and 7th frames of the sequence. Each 

of the other four frames will use the previous frame as replacement to calculate PSNR. 

Finally with the reconstructed frames and the original ones, (2,1)PSNR  is calculated. 

With ( , )PSNR i j , ( , )S i j  can be computed as follows. 
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For the SNR base layer of the temporal base layer,  

(0,0) (0,0)S PSNR=               (3.8) 

For any unit in the temporal base layer, 

(0, ) (0, ) (0, 1)S j PSNR j PSNR j= − −    (3.9) 

For any unit in the SNR base layer, 

( ,0) ( ,0) ( 1,0)S i PSNR i PSNR i= − −            (3.10) 

For all the other units, 

[ ] [ ]( , ) ( , ) ( , 1) ( 1, ) ( 1, 1)S i j PSNR i j PSNR i j PSNR i j PSNR i j= − − − − − − −    (3.11) 

In (3.9)-(3.11), 1,2,... 1, 1,2,..., 1i T j F= − = − . 

The probability ( , )P i j  is related to the packet loss rate over wireless packet-erasure 

channel. The process leading to packet loss is very complex. In this work, we use a two-

state Markov model to approximate the wireless channel’s packet loss behavior [80]. As 

described in Section 3.2.3, the Markov model can be calculated by ( , )p m N , which 

illustrates the probability of losing m packets within N packets. As long as the number of 

lost packets doesn’t exceed the number of protection packets, the original data can be 

reconstructed. Thus ( , )P i j  can be formulated as, 
( , )

0
( , ) ( , )

k i j

m
P i j p m N

=

= ∑             (3.12) 

Till now the objective of the optimization problem is to find the proper 2-D channel 

rate allocation matrix K, 

(0,0) (0,1) (0, 1)
(1,0) (1,1) (1, 1)

( 1,0) ( 1,1) ( 1, 1)

k k k F
k k k F

k T k T k T F

−⎡ ⎤
⎢ ⎥−⎢ ⎥=
⎢ ⎥
⎢ ⎥− − − −⎣ ⎦

K

L

L

L L L L

L

        (3.13) 

Searching of appropriate distribution for K should follow: 
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Constraint 1: 
1 1

0 0
( , )

T F

i j
h i j M

− −

= =

≤∑∑         (3.14) 

which restricts the total amount of source bit and channel bit not to exceed the target bit 

rate. ( , )h i j  can be calculated as 

( , )( , )
( , )

B i jh i j
N k i j

⎡ ⎤
= ⎢ ⎥−⎢ ⎥

            (3.15) 

with ( , )B i j  being the number of source data bytes in the unit ( , )i j . 

Constraint 2: 

( ,0) ( 1,0)k i k i≥ + , 0,1, , 2i T= −K           (3.16) 

( , ) ( , 1)k i j k i j≥ + , 0,1, , 1i T= −K , 0,1, , 2j F= −K           (3.17) 

which confines the relationship between the elements in the matrix K. On one hand, in 

the SNR base layer, units with lower temporal levels are more important and should get 

more protection. On the other hand, in each temporal layer, units with lower SNR levels 

should get more protection. This constraint has been justified to be true by many works 

done before, such as [77] [63]. 

Now the optimization problem with constraints can be expressed as 

overallmax ( ),  subject to Constraints 1,2PSNR K       (3.18) 

 

3.3.3 Application of Generic Algorithm for Fast Channel Rate 

Allocation 

Exhaustive searching can be applied to solve the maximization problem. However, it is 

unfeasible in reality because this method will consume a large amount of computation. 

Hence, we need more efficient algorithms than explicit enumeration. There exist some 

traditional methods, such as hill-climbing method and local search algorithms, which are 
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often employed to solve the optimization problems. Using these methods, the available 

channel codes can be appropriately allocated to different layers with clear priority and the 

protection has a non-increasing or non-decreasing pattern. However, for the proposed 

scheme, the formulated problem is complicated and the channel rate allocation is actually 

two-dimensional, including the temporal direction and the SNR direction. Therefore, it is 

quite difficult to estimate the priority among the 2-D units. It is truly straightforward to 

claim that ( ,0) ( 1,0)k i k i≥ + , 0,1, , 2i T= −K  and ( , ) ( , 1)k i j k i j≥ + , 0,1, , 1i T= −K , 

0,1, , 2j F= −K . But for the other cases, it may not be so easy to determine the priority. 

For instance, given unit (2, 2)  and unit (3,1) , it is hard to tell which one is more impor-

tant and should be allocated with more protection. Due to the above reasons, these 

conventional methods cannot be applied here to solve the 2-D channel rate allocation 

problem. 

Generic algorithm (GA) is a solution that can be applied here. It can overcome the 

limits of the traditional algorithms, which require a continuous search space. GA attempts 

to mimic the processes in nature, which lead to evolution of higher organisms. In GA, 

every individual string in the population represents an instance of a solution to the 

problem being solved. Fitness of an individual population member (i.e. a solution 

instance) reflects how good the solution is to the problem being solved. In the experi-

ments, standard binary encoding [65] is used for GA. Following is the basic scheme. 

Step 1. Initialization. 

When GA is started for the first time, every individual string will be given a random 

value so that an initial population is generated. Each individual string denotes a channel 

rate allocation matrix K. The population size is also decided and will be kept constant for 

all generations. We use l to represent it. 
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Step 2. Evaluation. 

In this step, the fitness of each individual string is calculated. In this work, the fitness 

represents the quality of the reconstructed video sequence, overallPSNR . 

Step 3. Reproduction. 

Reproduction is to copy solution strings into a mating pool based on the fitness value 

( overallPSNR ) of them. The strings with higher fitness values will most likely be repre-

sented in higher numbers in the mating pool so that their genes may have higher 

probability to be passed on to the next generation. Several alternative ways are available 

to implement the reproduction. In this work, the roulette wheel method is applied. 

Detailed description about the method can be found in [65]. 

Step 4. Crossover. 

The crossover is applied to the mating pool, which is generated in the previous step. 

It is the process of combining the genes of one string with those of another to create 2 

offspring, which will inherit the characteristic of the parent strings and replace them. 

Before the crossover is performed, we have to decide whether a crossover operation will 

take place. Crossover probability cp  is used to determine if there will be crossover 

between 2 parent strings. To create l offspring, we will perform crossover / 2l  times. We 

can generate a random vector with / 2l  elements. Each of the element ranges from 0 to 1. 

After 2 parents strings are randomly selected, the corresponding random number is 

compared with cp . If it is smaller than cp , the crossover is applied. Otherwise, the 

parents are passed on as offspring. 

Step 5. Mutation. 

As in nature, random mutations may occur in the genes of some strings. The muta-

tion will introduce some degree of diversity into the population to prevent a premature 
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convergence. Mutation operation is to change the bit values in the generated offspring 

strings from “1” to “0” or from “0” to “1”. Let r be the number of bits in the generated 

offspring. The position of bit for mutation is selected according to the mutation probabil-

ity, mp . There are r  random numbers generated from 0 and 1, which correspond to the r  

bits in the string. If a generated value is smaller than or equal to mp , the bit value is 

changed at that position. 

We continue steps 2-5 until the specified number of generations is complete. 

Both the size of population and the number of generations affect the computation 

complexity of GA. These values are carefully selected through the experiments. In the 

experiments, the cost time of GA can be neglected compared with the coding time of the 

video sequence. 

 

3.4 Simulation Results 

In this section, we will show the simulation results of channel bits allocation in Subsec-

tion 3.4.1 and the performance of the proposed scheme in Subsection 3.4.2. In the 

experiments, we tested six QCIF sequences: Football with 128 frames, Crew with 144 

frames, Bus with 72 frames, Ice with 120 frames, Mobile with 144 frames and Harbour 

with 144 frames, which have the same frame rate of 15Hz and were coded by MCTF 

based scalable video codec [82]. 

 

3.4.1 Channel Rate Allocation with Implementation of GA 

The first work is to select the proper population size and the number of generations. 
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In the experiment, six sequences are tested. For the two-state Markov channel, the 

average packet loss rate is set to 10% and the average burst length is given as 9.57. We 

specify the number of generations as 500 and discover that the value of the fitness will 

not change much after 300 generations for all the test sequences. Therefore in the 

following experiments, the number of generations is given as 300. We also attempt to 

change the population size l and discover that after 100l =  the result will converge. Thus 

the size of population is specified as 100. The probabilities of crossover and mutation, cp  

TABLE 3.1 
CHANNEL RATE ALLOCATION AT DIFFERENT PACKET LOSS RATES FOR 

DIFFERENT SEQUENCES: (a) FOOTBALL (b) BUS (c) CREW and (d) HARBOUR 
 

 

Packet
Loss Rate

u(0.0) u(1.0) u(1.1) u(1.2)u(2.0) u(2.1) u(2.2)u(3.0) u(3.1) u(3.2)

5%

10%

20%

30%

(d) Sequence: Harbour      Number of Packets: 120       Packet Size: 160

51% 52% 52% 52% 54% 63%52% 59%55% 60%

48% 51% 51% 51% 54% 58% 55% 66% 63% 60%

44% 51% 51% 51% 63% 58% 55% 69% 69% 60%

38% 44% 51% 51% 54% 58% 55% 98% 76% 68%

Packet
Loss Rate

u(0.0) u(1.0) u(1.1) u(1.2)u(2.0) u(2.1) u(2.2)u(3.0) u(3.1) u(3.2)

5%

10%

20%

30%

(b) Sequence: Bus      Number of Packets: 120       Packet Size: 160

58% 59% 63% 66% 78% 78%63% 75%69% 76%

57% 57% 57% 60% 78% 63% 69% 90% 78% 76%

53% 55% 55% 57% 78% 75% 76% 96% 83% 76%

51% 51% 51% 51% 88% 63% 55% 96% 98% 95%

Packet
Loss Rate

u(0.0) u(1.0) u(1.1) u(1.2)u(2.0) u(2.1) u(2.2)u(3.0) u(3.1) u(3.2)

5%

10%

20%

30%

(a) Sequence: Football      Number of Packets: 160       Packet Size: 180

70% 75% 76% 76% 87% 89%89% 92%86% 89%

68% 71% 76% 76% 88% 83% 81% 94% 96% 92%

60% 71% 71% 71% 97% 97% 81% 97% 100% 98%

53% 75% 76% 76% 97% 97% 94% 97% 100% 98%

Packet
Loss Rate

u(0.0) u(1.0) u(1.1) u(1.2)u(2.0) u(2.1) u(2.2)u(3.0) u(3.1) u(3.2)

5%

10%

20%

30%

(c) Sequence: Crew      Number of Packets: 75       Packet Size: 90

64% 77% 77% 83% 88% 92%77% 84%92% 96%

61% 77% 79% 93% 88% 83% 93% 92% 92% 96%

56% 77% 88% 93% 88% 88% 93% 92% 95% 96%

55% 74% 88% 93% 88% 88% 95% 92% 96% 96%
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and mp , are 0.65 and 0.02, respectively. These values are cautiously determined by 

experiments. All programs were run on an Intel Pentium 4 CPU 3.0G. C language is used 

for implementation and typically the consumed time for the processing of one group of 

pictures is about 0.5 s. 

Each sequence is divided into several groups with fixed size 8. For each group, there 

are totally 4 layers in temporal direction and 3 layers in SNR direction. Therefore twelve 

sub-streams are generated for one group of pictures. ( , )u i j  is used to denote these twelve 

units, where i represents the temporal level and j indicates the SNR level, 0,1, 2,3i =  and 

0,1,2j = . Units (0,1)u  and (0,2)u  make use of large numbers of source bits whereas 

provide small quantity of PSNR increment. It leads to the result that few protection bits 

are assigned to these units. Thus in the experiment we skip such units and do not take 

them into account for the allocation problem.  Table 3.1 shows the results of channel rate 

allocation for four sequences in terms of different packet loss rates, 5%, 10%, 20% and 

30%, respectively. The channel coding rate defined as the ratio of the source bit rate over 

the target bit rate [81]. Here the channel coding rate for each unit ( , )i j  is represented by 

( , )R i j , which is calculated as 

( , )( , ) 100%N k i jR i j
N

−
= ×     (3.19) 

The lower the channel coding rate, the more the protection allocated to the unit. From 

the statistics in Table 3.1 we observe that generally more parity symbols are added to the 

more important units. We note that in SNR base layer, the channel rate for the temporal 

base layer is lower than the following temporal layers because the PSNR improvement 

brought by it is much higher than the others. Meanwhile, the system allocates more 

protection bits to the former temporal layers. This is due to the predictive relationship 

between temporal layers. Therefore we can conclude that the channel rate is related to 

both the PSNR contribution and the temporal level of a unit. On the other hand, in each 
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temporal layer, more protection bits are assigned to the units with lower SNR levels. One 

important reason is, the forming of higher SNR layers depends on the lower ones. In 

addition, compared with the amount of source bits they occupy, the higher SNR layers 

provide little PSNR increment. It reveals that the channel rate is also related to the SNR 

level and the source bit occupation of a unit. Of course, it does not mean that a unit coded 

with more bits will definitely be allocated with a high channel rate since the PSNR 

increment and its position make much more sense. 

 
 

(a) packet loss rate: 5%                                     (b) packet loss rate: 10% 
 

  
 

(c) packet loss rate: 20%                       (d) packet loss rate: 30% 
 

 
Figure 3.6. 3-D view of the channel rate allocation at different packet-loss rates for sequence 
“Bus”: (a) packet loss rate: 5% (b) packet loss rate: 10% (c) packet loss rate: 20% and (d) 
packet loss rate: 30%. 
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Comparing the data under different packet loss rates, we also observe that with the 

rising of packet loss rate, the protection bits gradually concentrate on the SNR base layer 

especially on its temporal base layer (0,0)u . Fig. 3.6 reveals this tendency in an intu-

itional way. It can further demonstrate the level of importance for different units. 

 

3.4.2 Performance of the 2-D UEP Scheme 

Simulations were performed to transmit video sequences over a Two-state Markov 

channel. Due to the random nature of such a channel, 100 different runs of the experi-

ments were conducted using different packet loss rate from 2% to 30%. Here we use four 

sequences with different properties to show our experimental result: Football, Bus, Crew 

and Harbour. Different conditions are prescribed for these sequences. For sequences 

Harbour and Bus, 120N =  and 160M = . For Football, 160, 180N M= = , and for 

Crew, 75, 90N M= = . During decoding of the sequence, a simple temporal replacement 

is employed as the error concealment method although more sophisticated approaches can 

be applied. 

The performance of our proposed scheme is compared with three other schemes, 

equal error protection (EEP), UEP on temporal layers, UEP on SNR layers and UEP on 2-

D units with fixed channel rate, respectively, over a variety of average packet loss rates. 

EEP: equal channel rates are allocated to different units in a GOP without considera-

tion of the error sensitivities of different segments of the bit-stream. 

UEP on temporal layers: unequal channel rates are allocated to the units in different 

temporal layers without consideration of the importance of different SNR layers in each 

temporal layer. The main difference of this method from the proposed one is that channel 

rate allocation is found only in the temporal direction. 
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UEP on SNR layers: unequal channel rates are allocated to the units with different 

SNR levels without consideration of the importance of different units in the temporal 

direction. The main difference of this method from the proposed one is that channel rate 

allocation is found only in the quality/SNR direction. 

UEP on 2-D units with fixed channel rate: unequal channel rates are allocated to the 

2-D units considering the importance of each unit in both the temporal direction and the 

  
 

(a) Football          (b) Bus 
 

  
 

(c) Crew       (d) Harbour 
 

 
Figure 3.7. Comparison of the proposed UEP scheme against other three schemes on different 
video sequences: (a) Football (b) Bus (c) Crew and (d) Harbour. 
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SNR direction. The main difference of this method from the proposed one is that the 

channel rate allocation is not dynamically changed according to the channel conditions. 

The comparison result is illustrated in Fig. 3.7. In contrast, our proposed scheme 

shows more advantage than the other four schemes for different types of sequences. We 

can observe that the proposed method exhibits obvious superiority over the EEP, the UEP 

on temporal layers and the UEP on 2-D units with fixed channel rate, and the improve-

ment is more than 3 dB. Comparing the proposed method with the UEP on SNR layers, 

our method still gives up to 0.81 dB improvements for some video sequences. We use 

Table 3.2 to give a detailed comparison for sequences Football and Crew. Refer to the 

channel rate allocation in Table 3.1, we can observe that the channel coding rates for 

different units in the same SNR enhancement layer are very close because of the similar 

importance of them. In addition we also find that, the SNR base layer is more important 

than the enhancement layers and most of the channel bits are allocated to it. Therefore, 

TABLE 3.2 
COMPARISON OF DIFFERENT UEP SCHEMES ON DIFFERENT VIDEO SEQUENCES: 

(a) FOOTBALL and (b) CREW 
 

PSNR comparison of different methods (dB) Packet Loss 
Rate EEP UEP on 

temporal layers 
UEP on SNR 

layers 
Fixed channel 

rate 
Our proposed 

scheme 
2% 31.46 31.56 31.71 31.48 31.79 
5% 29.88 30.31 30.75 30.14 30.84 
10% 25.77 26.01 28.33 26.92 28.53 
20% 14.51 20.07 23.83 18.02 24.20 
30% 5.02 14.42 18.61 8.79 19.30 

 
(a) Football 

 
PSNR comparison of different methods (dB) Packet Loss 

Rate EEP UEP on 
temporal layers 

UEP on SNR 
layers 

Fixed channel 
rate 

Our proposed 
scheme 

2% 34.05 34.63 34.68 34.40 34.71 
5% 31.86 33.47 33.55 32.75 33.63 
10% 27.94 31.25 31.52 29.53 31.57 
20% 19.56 26.74 26.99 21.77 27.17 
30% 9.97 19.09 21.48 13.45 22.29 

 
(b) Crew 
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the channel rate allocation for the units in the SNR base layer will more affect the result. 

It is noted that for some sequences (e.g., Bus and Harbour), the channel coding rates for 

the units in the SNR base layer have small differences. As a result, there are almost equal 

amount of protection bits allocated to each of them and the protection pattern is close to 

the UEP on SNR layers. However, for some other sequences (e.g. Football and Crew), 

the channel coding rates for these units differ a lot. Therefore, in the experiment this type 

of sequences has a better performance. 

It should be acknowledged that the proposed scheme achieves the improvement of 

PSNR performance with scarifying of some computational complexity. As elaborated in 

Section 3.4.1, the complexity of GA greatly depends on the number of generations. For 

the UEP on temporal layers and UEP on SNR layers, we also apply GA to solve it. The 

result converges after 100 generations. Therefore, the computation complexity is reduced 

compared with the proposed scheme. For the EEP scheme and the UEP scheme with 

fixed channel rate, the complexity is further decreased while the PSNR performance 

drops a lot. 

 

3.5 Conclusion  

Currently a new scalable video coding technique is developed by Heinrich Hertz Institute 

(HHI). It supports a wavelet based related tool called motion compensated temporal 

filtering (MCTF). The MCTF based SVC can provide flexibly combined temporal, 

spatial, SNR and complexity scalability. To the best of our knowledge, the channel rate 

allocation for the video with combined scalability in the MCTF based SVC has never 

been considered. In this chapter, a novel 2-D UEP scheme is proposed for this new 

technology, which can properly allocate the channel protection codes to the combined 
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temporal and SNR scalable units according to the MCTF structure in the temporal 

direction and the inter-layer dependency between the SNR layers in the quality direction. 

Given different types of video sequences, the priority of the 2-D scalable units cannot 

remain the same. Hence, we apply GA to solve the optimization problem efficiently. The 

scheme is compared with other four methods under different channel conditions for a 

variety of video sequences. The simulation results demonstrate the advantage of our 

proposed scheme. 
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Chapter 4 

Adaptive Resynchronization Ap-

proach for Scalable Video over 

Wireless Channel 

4.1 Introduction 

With increasing of the bandwidth in the mobile network, visual communication over 

wireless channels has become popular and received much attention. However, wireless 

channels are typically noisy and suffer from various channel degradations such as bit 

errors, which is caused by small-scale (multipath) and large-scale (shadowing) fades [83]. 

When compressed video bit-stream is sent over these channels, the effect of channel 

errors can be very severe. Therefore, delivering quality video over wireless channels is 
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really a challenging work and it is highly demanded to develop robust video coding 

techniques to ensure the quality of the decoded video. 

Recently, SVC is developed as scalable extension of H.264/AVC to provide a full 

scalability including temporal, spatial and quality/SNR scalability with fine granularity. 

Therefore, it is easy to divide the compressed bit-stream into a number of layers in each 

scalable dimension. As we discussed in the previous chapter, forward error correction 

codes can be used to provide protection to the source data. Since the base layer is usually 

small and of high importance, error-free transmission could be realized for it through 

high-priority protection. However, the enhancement layer bit-stream may be faced with 

severe errors when transmitting over error-prone channels. Therefore, the overall quality 

greatly depends on the enhancement layers. 

In this chapter, we aim at improving the error-resilience of the enhancement layers. 

Various error-resilience techniques can be employed on the compressed bit-stream to 

improve the robustness of the transmitted video [84]. Among the state-of-art error-

resilient techniques, resynchronization is proven to be a very effective tool. In this chapter, 

we propose an adaptive resynchronization approach to achieve a robust transmission of 

the enhancement layer information. In each GOP, the enhancement layer bit-stream is 

separated into a group of units with different temporal levels and quality levels. We 

measure the importance of each unit and organize them into hierarchical units from the 

most important one to the least important one. A joint GOP level and picture level 

resynchronization algorithm is developed to optimally insert resynchronization markers in 

different units considering both the time-varying channel conditions and the significance 

of each unit. It is shown from experimental results that the proposed method can perform 

a graceful degradation under a variety of error conditions and shows advantages over 

conventional method. We also conduct the experiments to demonstrate that the resyn-
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chronization method can also be employed together with other error-resilient techniques 

to further improve the quality of the decoded video. 

The rest of this chapter is organized as follows. In Section 4.2, we give a brief intro-

duction of the existing resynchronization approaches. In Section 4.3, an overview of the 

proposed scheme is presented. The optimization problem is formulated mathematically 

and properly solved. Section 4.4 demonstrates the simulation results for performance 

comparison. Finally, the conclusion is drawn in Section 4.5. 

 

4.2 Background and Related Works 

In coding theory, a variable length code (VLC) is a code which maps source symbols to a 

variable number of bits. It allows the source data to be compressed and decompressed 

with zero error and still be read back symbol by symbol. Although VLC can improve the 

coding efficiency, it may cause the loss of synchronization and a series of erroneous code 

words due to a single bit error. When the decoder detects an error in a variable length 

code word, it skips all the forthcoming bits, regardless of their correctness, in the search 

for the first error-free synch word to recover the state of synchronization. Therefore, the 

corruption of a single bit is transformed into a burst of channel errors. Residual redun-

dancy in non-compact VLC’s can be used to design self-synchronization codes in order to 

obtain valid symbols again after some slippage [85]. However, even if resynchronization 

is regained quickly, the appropriate location of the decoded information within the video 

frame is impossible to be known because the number of missing symbols may not be 

decided. What’s more, the subsequent code words are useless if the information is 

encoded differentially [84]. 
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To limit the error propagation, resynchronization markers (RMs) are widely used in 

VLC bit-stream (see Fig. 4.1). Bit patterns of RMs are specially designed and placed at 

approximately regular intervals in video bit-stream. The aim of insertion of these markers 

is to divide the compressed bit-stream into independent segments. The decoder can 

reliably locate each segment without actually decoding the packet by searching for the 

markers. Therefore, error can be localized in one segment to prevent error propagation 

across separated segments. However, the insertion of RMs unavoidably introduces some 

decrease in coding efficiency. To achieve a tradeoff between the overhead to encode the 

markers and the reliability to detect errors, length of each segment should be appropri-

ately decided [86]. 

In H.263, resynchronization markers are inserted at certain position in the bit-stream 

such as the starting point of the group of blocks (GOB) [15]. Once a specific macro-block 

(MB) location is reached in the encoding process, a resynchronization marker will be 

inserted into the bit-stream. The disadvantage of this approach is that the RMs are likely 

to be unevenly spaced because of the variable length coding. As a result, some areas of 

the picture will be more susceptible to errors. In contrast to H.263, MPEG-4 uses a 

 
 

Figure 4.1. Insertion of resynchronization markers into video packets: (a) H.263 and (b) 
MPEG-4. 
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periodic resynchronization approach throughout the bit-stream [17]. To be more specific, 

the length of a video segment is not determined by the number of MBs as in H.263, but 

by the number of bits contained in that packet. If the number of bits contained in the 

current video segment is more than a predefined threshold, a new segment will be created 

at the start of the next MB [86]. 

Besides the conventional approaches mentioned above, there are still many literatures 

considering the insertion of resynchronization markers for the non-scalable video [87]-

[92]. Picture level resynchronization is deeply studied to insert resynchronization markers 

in the bit-stream of a picture. In [87], the resynchronization marker positioning problem is 

worked over by formulating a cost function mathematically. Later, Lee and Kim [88] 

propose a method for placement of resynchronization markers based on rate-distortion 

optimization and the Viterbi algorithm, where the error resilience performance can be 

substantially improved. Some other resynchronization approaches are based on the data 

partitioning strategy, which will divide the bit-stream into regions according to their 

sensitivity to errors. For an instance, in [92], Fang and Chau propose a content-based 

resynchronization framework to effectively position the resynchronization markers such 

that the image quality of foreground can be improved at the expense of sacrificing 

background information. Besides picture level resynchronization methods, GOP level 

approaches have also been explored. In [90], different sizes of slice are assigned for 

different pictures in a GOP considering the type and the order of each picture. 

The insertion of resynchronization markers has also been applied on scalable video. 

Yan, et al., design a hierarchical enhancement layer bit-stream structure with resynchro-

nization markers and Header Extension Code (HEC) to achieve a stronger error detection 

and resynchronization capability [93]. In this scheme, the same number of resynchroniza-

tion markers is inserted in each bitplane without considering about the significance of 
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different bitplane and different channel condition. In this chapter, we focus on designing 

an efficient resynchronization approach for the scalable video. Detailed presentation of 

the algorithm will be given in the following section. 

 

4.3 Proposed Resynchronization Approach 

In this section, the structure of the proposed scheme is firstly presented, where the 

enhancement layer bit-stream in a GOP is divided into a number of units with different 

temporal and quality levels. After that, a utility based method is introduced to estimate the 

significance of each unit with the purpose to arrange the enhancement layer units into 

hierarchical units. Finally, the optimization problem is formulated and properly solved. 

 

4.3.1 System Overview 

As introduced in Chapter 2, a key element in SVC is the hierarchical de-composition 

structure that is applied to realize the temporal scalability [46]. The video can be recon-

 
 
 

Figure 4.2. Hierarchical B pictures and generation of temporal layers. 
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structed from the temporal base layer, where a minimum temporal resolution or frame 

rate is achieved. Receiving of temporal enhancement layers will increase the temporal 

resolution of the decoded video. As illustrated in Fig. 4.2, each GOP consists of eight 

pictures. Due to the dyadic structure, four temporal layers are generated in each GOP. 

The pictures of the same type are grouped into a temporal layer. 

In this chapter, the compressed bit-stream supports combined temporal and qual-

ity/SNR scalability. Both CGS and FGS can be used to achieve quality scalability. The 

texture of a picture is encoded using a larger quantization parameter to produce a quality 

base layer, which provides a minimum quality for the decoded video. A refinement of 

texture information is achieved by re-quantizing the residual signal with a smaller 

 
 
 

Figure 4.3. Generation of quality/SNR layers of each picture in a GOP. 
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quantization step size relative to that used for the previous quality layer. In this work, we 

make use of the FGS for encoding of the quality enhancement layers to realize the 

truncation of the enhancement layers at arbitrary position although the proposed method 

is also able to work with other coding modes. Fig. 4.3 shows the generation of 3 SNR 

layers (1 base layer and 2 enhancement layers) for each picture in a GOP. 

 

 
(a) (b) 

 

 
(c) (d) 

 
 

Figure 4.4. Average PSNR of the reconstructed video when different number of enhancement 
layers of different picture in a GOP is lost: (a) Foreman (347.9 kbps), (b) Foreman (193.5 kbps), 
(c) Football (786.8 kbps) and (d) Football (486.6 kbps). 
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In the proposed scheme, we assume that an error-free transmission of the base layer 

information could be realized through high-priority protection. For the GOP-level 

resynchronization, it is clear that more resynchronization markers should be inserted to 

the pictures with lower temporal levels. For the picture-level resynchronization, we 

further allocate different amount of resynchronization markers to different quality layers 

of a picture, where more markers should be assigned to the lower layers. To optimally 

insert resynchronization markers in each enhancement layer of each picture of a GOP, the 

work will be highly complicated. Experiments are conducted to estimate the impairments 

caused by loss of different slices in different picture in a GOP. Fig. 4.4 shows the average 

PSNR of the reconstructed video when different number of enhancement layers of 

different picture in a GOP is lost. “Foreman” and “Football” are used as test videos. 

There are 96 frames in each video sequence and the GOP size is 16. Each frame is 

encoded into a quality base layer and two FGS layers, where the enhancement layers are 

denoted by Q1 and Q2. Each sequence is tested under two different bitrates, which are 

achieved using QP32 and QP38 respectively. Because of the hierarchical coding structure 

the impairments caused by loss of information in the enhancement layers of various 

 
 
 

Figure 4.5. Generation of enhancement layer units (ELU) in a GOP. 
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pictures are different. As shown in Fig. 4.4, the impairments due to loss of information in 

the same type of pictures are quite similar. Therefore, to save the computational complex-

ity, we group the enhancement layers with the same temporal level and the same SNR 

level into an enhancement layer unit (ELU). The generation of ELUs in a GOP is depicted 

in Fig. 4.5. In the figure, for a group of 8 pictures, there are 4 temporal layers created and 

each picture is encoded into a quality base layer and two quality enhancement layers. All 

the enhancement layers are combined into ELUs with 4 temporal levels and 2 SNR levels. 

We use ELUi,j to denote the ELU with temporal level i and SNR level j. 

Now the joint GOP-level and picture-level resynchronization problem is converted to 

insertion of resynchronization markers to different ELUs within a GOP. There are several 

factors needed to be considered. First is the channel condition. The limitation of the 

channel bandwidth makes it an important issue to allocate the channel resources for 

source coding and resynchronization markers respectively. It is straightforward that with 

increasing of the channel bit error rate, more resynchronization markers should be 

inserted to quickly achieve resynchronization and vise versa. It is believed that under 

different channel conditions, there must be a tradeoff between the bits used for source 

coding and those used for resynchronization markers. We expect to adaptively and 

optimally allocate the available bandwidth between the two parts under time-varying 

channel conditions. Second is the importance of different ELUs. Intuitively, more 

resynchronization markers should be inserted in the more important ELUs to make the 

video stream more robust to transmission errors. In Section 4.3.2, the problem of 

measurement of importance of different ELUs will be addressed. 
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Figure 4.6. Generation of hierarchical units after measurement of importance. 

4.3.2 Measurement of Importance of Different ELUs 

For the ELUs with the same temporal level, it is obviously that the ELU with a lower 

SNR level is more important than the higher ones. However, it is not easy to judge the 

priority of ELUs with different temporal levels. To estimate the importance of a unit, two 

factors are taken into account in our scheme. 

The first factor is utility, which is the impairment caused when the slices belonging 

to the unit are lost. In this work, the impairment is measured by decreased PSNR due to 

loss of the information. We use ,i jU  to denote the utility of the ELUi,j, where 

1,2,3, ,i T= K  and 1,2,3, ,j F= K . 

The second factor is cost, which is the amount of source bits in the unit. We use ,i jB  

to represent the cost of the ELUi,j. 

The utility-cost ratio ,i jRT  is defined to measure the importance of each unit. It is 

calculated as 

, , ,/i j i j i jRT U B=          (4.1) 

The utility-cost ratio is computed for each unit. For the units with different temporal 

levels, a larger value of the utility-cost ratio means that the unit contributes more utility 
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while consumes fewer bits. Therefore, a unit with a larger utility-cost ratio is assumed to 

be more important. For example, if 2,1 1,2RT RT> , ELU2,1 is supposed to have a higher 

priority than ELU1,2. Through this utility based method, the significance of each ELU can 

be properly determined and hierarchical units come into being from the most important 

one to the least important one as shown in Fig. 4.6. In the figure, the left hand side depicts 

the ELUs with totally T temporal levels and F quality levels. After measurement of 

importance of all the ELUs, they are arranged into T F×  hierarchical units from the first 

important unit ELU1 to the least important unit ELUT*F, where ELUn denotes the unit 

with the nth importance level ( 1, 2,3, ,n T F= ×K ). It is believed that to insert the 

resynchronization markers optimally to improve the resilience of the bit-stream, we 

should make the slice size smaller for the more important units while larger for the less 

important ones. 

 

4.3.3 Formulation of the Problem 

In this subsection, we will discuss the problem of inserting resynchronization markers to 

different ELU of a GOP adaptively and optimally subject to an overall target bit-rate 

BudgetR . 

We assume that there are 12T −  pictures in a GOP and each picture is encoded into a 

base layer and F enhancement layers. With dyadic decomposition structure, ELUs are 

formed with T temporal levels and F SNR levels. Thus there are totally T F×  ELUs to be 

transmitted in one GOP. Given the overall coding rate, our objective is to optimally insert 

resynchronization markers such that the quality of the decoded video is maximized. It 

also means that the total distortion is minimized. The problem is formulated as 

Budgetoveralloverall RRD ≤ subject to ,Min              (4.2) 
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The overall bit rate overallR  is defined as 

RMSoverall RRR +=            (4.3) 

with SR  being the source rate and RMR  being the rate consumed by resynchronization 

markers. 

The overall expected distortion is defined as 

RMSoverall DDD +=            (4.4) 

The total distortion overallD  consists of two parts. The first one is SD , which is the 

distortion due to the loss of source bits caused by channel errors during transmission. It is 

calculated as follows, 
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In equation (5), i denotes the temporal level and j represents the SNR level. ,i jk  is the 

total amount of resynchronization markers in the ELUi,j. With insertion of ,i jk  resynchro-

nization markers, the bit-stream of the unit is separated into ,i jk  slices. l is the number of 

slices lost in the ELUi,j while , ,i j lδ  represents the average decreased PSNR due to loss of l 

slices in the ELUi,j. , ,i j lδ  can be obtained during encoding by calculating the difference 

between the decoded GOP and the original one. ,i jP′  is the probability for the first j ELUs 

with temporal level i to be correctly received from ELUi,1 to ELUi,j. , ,i j lP  is the probabil-

ity that l slices are lost in the ELUi,j. ,i jP′  and , ,i j lP  are calculated as 
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(a) (b) 

 

 
(c) 

 
 

Figure 4.7. Rate-distortion curves of ELUT*F for different video sequences: (a) Foreman (144 
frames), (b) Football (128 frames) and (c) City (144 frames). 
 

where ,i jSER  is the slice error rate, which is the probability that one slice in ELUi,j will be 

lost. We assume that if an error happens at any location within a slice, the whole slice will 

be discarded. For a channel modeled with i.i.d. bit errors, ,i jSER  can be computed as 

,
, 1 (1 ) i jb

i jSER BER= − −               (4.8) 

with BER being the bit error rate and ,i jb  being the average number of bits in each slice of 

ELUi,j. Note that we assume the existence of a channel estimator that indicates the bit 

error rate. 
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The second part of the distortion, RMD , is resulted from the bits used up by resyn-

chronization markers. RMD  is equal to increased distortion due to loss of ,
1 1

T F

i j
i j

k
= =
∑∑  slices 

in ELUT*F. Actually this part is not because of loss, but is used on resynchronization 

markers. It should be noticed that the overall bit rate is limited. During inserting of 

resynchronization markers, the same amount of source coding bits is required to be 

removed to satisfy the bandwidth requirement. The distortion due to reduce of the source 

coding bits is represented by RMD . The more bits consumed by resynchronization 

markers, the larger the value of RMD . However, the error-resilience performance of the 

bit-stream will be improved with more resynchronization markers. To minimize the 

distortion caused by insertion of resynchronization markers, this portion of bits should be 

taken from the least important unit ELUT*F. Thus, RMD  is calculated as the distortion 

caused by loss of information in ELUT*F, that is 

,
1 1

T F

RM T F i j T F
i j

D U m k B× ×
= =

⎛ ⎞
= ×⎜ ⎟

⎝ ⎠
∑∑            (4.9) 

where FTU ×  is the increased distortion when the whole unit ELUT*F is discarded. FTB ×  is 

the total amount of bits in ELUT*F, respectively. m is the number of bits consumed by one 

resynchronization marker. In [113], the R-D function of SVC FGS is analyzed and 

inferred to be linear under MSE criterion within an FGS level. Thus, we assume that RMD  

can be linearly interpolated from FTU ×  as in (4.9). To demonstrate this feature, experi-

ments are carried out on different video sequences. The base layer is encoded using QP32 

and two FGS layers are generated as enhancement layers. The rate-distortion curves of 

ELUT*F for different videos are shown in Fig. 4.7. 

With the above deduction, the optimization problem is expressed as 

Budgetoveralloverall RRD ≤ subject to ,)(Min K             (4.10) 

with 
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As described in Section 4.3.2, all the ELUs can be measured and arranged into T F×  

units from the most important unit ELU1 to the least important one ELUT*F. Therefore, we 

re-write K as 

[ ]FTn kkkkk ×= LL321K           (4.12) 

where nk  is the number of resynchronization markers in the nth important unit ELUn. 

The problem is deduced to find OptK , 

)(argmin KKOpt overallD=               (4.13) 

There are two key points in the optimization problem. One is the trade-off between 

the bits for source coding and those for resynchronization markers. The other is to 

allocate the available resynchronization markers in different units. By solving these 

problems properly, we can optimally insert resynchronization markers in each unit and 

achieve a graceful degradation under time-varying channel condition. During implemen-

tation of the algorithm, a constraint needs to be satisfied, which is 

1 2 3 1n T F T Fb b b b b b× − ×≤ ≤ ≤ ≤ ≤ ≤ ≤L L             (4.14) 

with nb  being the average number of bits in each slice of ELUn. The above constraint 

restricts that the average slice size of the more important unit should not exceed that of 

the less important one. 

Searching for the optimal insertion of resynchronization markers seems to be very 

time consuming especially when the number of ELUs is very large. To overcome this 

problem, we develop a simple and effective local hill-climbing algorithm [58], which is 

briefly described in the following. 
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Figure 4.8. Pseudo code of the algorithm for assignment of resynchronization markers. ( N  is the 
maximal number of resynchronization markers in each layer of an ELU. nB′  is the average 

number of bits in each layer of ELUn. *′K , ′lastK  and ′tempK  are vectors that store the assign-
ments.) 

 

4.3.4 Hill-Climbing Method 

Each ELU contains one or several layers depending on its temporal level. Let 

1 2[ ]n T Fk k k k ×′ ′ ′ ′ ′=K L L , where nk′  denotes the average number of resynchroni-

zation markers in each layer of ELUn. First, we initialize ′K  as [1 1 1 1]L . For 

each iteration, we examine 2QTF possible assignments to find certain ′K  that can reduce 
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the overall distortion, where Q is the maximal number of resynchronization markers that 

can be added to or subtracted from each layer. The overall distortion is calculated after 

adding or subtracting 1 to Q resynchronization markers for each layer while satisfying the 

constraint in (4.14). This process is repeated until *′K  is found, which minimizes the 

overall distortion. 

The pseudo code of the algorithm is given in Fig. 4.8. This algorithm can find a local 

minimum, which is close to the global minimum with tolerable computation. 

 

4.4 Experimental Results 

To test the performance of the proposed scheme, we conduct the experiments on standard 

video sequences, which are “Foreman” (144 frames), “Football” (128 frames) and “City” 

(144 frames). The frame rate is 15 Hz and the spatial resolution is QCIF. All sequences 

are encoded by the scalable video codec [94]. The GOP size is set to 16 for each se-

quence. Therefore, five temporal layers are generated in each GOP. Furthermore, every 

picture in a GOP is encoded into a quality base layer and two enhancement layers, where 

the base layer is compressed using QP32 and the enhancement layers are coded as FGS 

layers. The ns-2 network simulator [95] was used to study the performance of the 

proposed algorithm for transmission of the enhancement layers of the scalable video over 

wireless network. For “Foreman” “Football” and “City”, the available bandwidths are set 

to 255 kbps, 550 kbps and 235 kbps respectively. Each packet is comprised of 512 bytes. 

The Gilbert-Elliot bit error model is used to approximate the wireless channel’s bit error 

behavior. Due to the random nature of such a channel, 50 different runs of the experi-

ments were conducted under each error rate. 
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TABLE 4.1 
AVERAGE SLICE SIZE IN EACH ELU UNDER DIFFERENT BER 

 
Average slice size (in bytes) BER ELU1 ELU2 ELU3 ELU4 ELU5 ELU6 ELU7 ELU8 ELU9 ELU10 

10-6 38.85 43.53 44.47 54.97 57.39 96.15 100.51 238.63 300.08 404.94
10-5 37.41 41.45 42.35 54.97 55.92 80.13 85.21 102.27 189.53 404.94
10-4 26.58 33.48 39.82 43.98 54.51 68.68 68.77 75.36 76.62 269.96
10-3 19.8 30.02 36.05 36.65 37.6 40.06 43.56 53.03 62.09 134.98

Currently, there are no error-resilience tools adopted in the joint scalable video model 

(JSVM). However, we would still like to make a comparison on PSNR performance of 

our proposed scheme with other schemes. The same with the proposed method, scheme 1 

encodes the input video into a number of layers with different temporal and SNR levels. 

The enhancement layers with the same temporal level and SNR level are grouped into an 

ELU. The ELUs in each GOP are arranged from the most important unit to the least 

important one. Different amount of resynchronization markers are inserted to different 

ELUs. The only difference between scheme 1 and our proposed scheme is that scheme 1 

attempts to maximize the total amount of correctly decoded source bits instead of the 

PSNR of the reconstructed video. For scheme 2, the same amount of resynchronization 

markers is inserted in each enhancement layer of each frame. One slice consists of three 

rows of macro-blocks (MBs). In the proposed scheme, to reduce the computational 

complexity, we confined the minimum slice size to be 3 MBs. To show the performance 

of the resynchronization method, we also conduct the experiments using SVC when there 

are no resynchronization markers inserted in the bit-stream. In the experiments, the 

enhancement layer bit-stream in each GOP is separated into different units. ELUi,j 

represents the unit with temporal level i and SNR level j, where i = 1,2,3,4,5 and j = 1,2. 

We use “Foreman” to show the average slice size in bytes for different ELUs under 

various bit error rates in Table 4.1. We can observe that the average slice size of the more 
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(a) (b) 

 

 
(c) 

 
Figure 4.9. Average PSNR of the reconstructed video under different BERs: (a) Foreman, (b) Football 
and (c) City. 

important ELU is smaller than that of the less important one. With rising of the bit error 

rate, the average slice size for each ELU decreases. This means that more markers are 

inserted to make the video stream more resilient to the transmission errors. 

The end-to-end performance of sequences “Foreman” “Football” and “City” is illus-

trated in Fig. 4.9. The average PSNR of the reconstructed video under the proposed 

method and the other three schemes are compared. It is obviously that all the schemes that 

adopt resynchronization markers perform better than the scheme without using resyn-

chronization markers. In contrast, our proposed scheme exhibits superiority over the other 
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three methods under a wide range of bit error rate. When the BER is low, the performance 

of different schemes is quite similar. However, with increasing of the BER, our proposed 

scheme can show more advantage than the other three schemes. The average PSNR of the 

decoded video can be improved more than 1 dB. It should be noted that the performance 

gain is attained by sacrificing some computational complexity. The complexity of the 

proposed algorithm has been explained in Section 4.3.4. As scheme 1 is almost the same 

with the proposed scheme except that it tries to maximize the amount of decodable bits, 

its complexity is same as the proposed one. For scheme 2, its complexity greatly de-

creases to O(1). However, its performance also drops a lot. 

The proposed resynchronization method can also be adopted together with other error 

control methods such as forward error correction (FEC) to further improve the end-to-end 

performance. In the experiments, we employ unequal error protection on different SNR 

layers as proposed in [96]. The channel coding rates for the two enhancement layers are 

75% and 85% respectively. Reed-Solomon (RS) codes are used to generate the FEC 

codes. To make a fair comparison, the bits used for FEC codes are also taken from the 

least important unit. We compare the performance of the FEC scheme with the proposed 

resynchronization method in Fig. 4.10, where “FEC” denotes the FEC scheme and “RM” 

represents the resynchronization algorithm. As illustrated in Fig. 4.10, when the BER is 

low, RM is slightly better than FEC. It is because that FEC consumes a lot of bits as 

redundancy and results in decrease of the source bitrate, which is not necessary when the 

error rate is not high. However, with increasing of the BER, FEC shows more advantage 

than RM because it can provide a better protection for the source data. Although the FEC 

scheme can show good performance, it has unavoidable limitations. Firstly, the genera-

tion of RS codes will increase the computational complexity. In addition, for RS (n,k) 

codes, an FEC encoder must wait for all the k packets before it can generate the redun-

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library



 86

 
(a)      (b) 

 
Figure 4.10. Comparison of the performance of different error resilient schemes: (a) Foreman 
and (b) Football. 

dant packets and the receiver must wait for k packets of a block before it can playback the 

video segment, which will increase delay in the system. Finally, if more than n-k packets 

of a block are lost, FEC cannot recover any portion of the original segment. This makes 

FEC useless when the short-term loss rate exceeds the recovery capability of the code. In 

the experiments, we also employ the resynchronization method together with the FEC 

scheme. The FEC scheme remains the same as the above one, where the channel coding 

rates are 75% and 85% respectively for the two enhancement layers. And the bits used for 

FEC codes are also taken from the least important unit. In addition, the proposed adaptive 

resynchronization approach is carried out to insert resynchronization markers. It is shown 

in Fig. 4.10 that the combination of the two schemes is more efficient and can greatly 

improve the quality of the reconstructed video. 
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4.5 Conclusion 

Delivering video over wireless channel is not a trivial task since wireless network 

typically have harsh channel conditions and time varying throughput. The bit error rate of 

a wireless channel can range from an ideal case 10-5 or a typical case 10-4 to a critical case 

10-3 or instantaneously even higher. In this chapter, a joint GOP level and picture level 

resynchronization method is proposed for transmission of the scalable video bit-stream 

with combined scalability over wireless channel. The main aim of the scheme is to adopt 

error-resilience tool to SVC to enhance the robustness of the compressed bit-stream. After 

scalable video coding, the input video sequence is encoded into the bit-stream with 

combined temporal and quality scalability. Different parts of the enhancement layer bit-

stream in a GOP have different sensitivity to errors. The scheme groups the enhancement 

layer bit-stream into a set of units with different temporal levels and quality levels. An 

efficient method is applied to measure the importance of different units and organize 

them into hierarchical units from the most important unit to the least important one. The 

overall distortion is formulated, where a trade-off exists between the distortion caused by 

channel errors and the distortion due to removal of the source bits used for resynchroniza-

tion markers. Considering the time-varying channel condition and the significance of 

different units, a local hill-climbing algorithm is designed to quickly solve this trade-off 

and optimally allocate the resynchronization markers to different units. With the resyn-

chronization method, the video exhibits robustness against the transmission errors and 

performs a graceful degradation over error-prone channels. The simulation results 

demonstrate the efficiency of our proposed method by comparing it with the conventional 

methods under various error conditions. It is clear that our scheme is superior to the 

conventional methods and the improvement is up to 1 dB. The proposed resynchroniza-

tion algorithm can also be adopted together with other error resilient methods to further 
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improve the quality of the reconstructed video, which is proved by the experimental 

results. It should be noted that the proposed technique is useful when the video decoder 

sees bit errors. For today’s packet switching networks, it will have some limitations. 

Nevertheless, as network techniques are developed, more and more proposals suggest not 

to abandon the whole packet (with partially useful information) at the lower layers, but to 

pass it to the high layers or even application layer, which can save more bits with error 

correction or other related techniques. More information can be found from Y. Wang, etc 

[72]. 
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Chapter 5 

Bit-rate Allocation for Broadcasting 

of Scalable Video over Wireless 

Networks 

5.1 Introduction  

With increasing of the bandwidth in the mobile network, visual communication over 

wireless channels has become popular and received much attention [115]. Wireless 

broadcasting enables various mobile users with different platforms to access to the 

multimedia information simultaneously. A distinctive feature of wireless broadcast 

system is that the receivers are highly heterogeneous in terms of their bandwidths and 

processing capabilities. A single transmission rate is unlikely to satisfy the heterogeneous 
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requirements from all the receivers. It is therefore desirable to use multi-rate transmission, 

in which the receivers can receive video streams at different rates depending on their 

corresponding bandwidths. Scalable video coding has been shown to be a very attractive 

solution to solve this problem. As introduced in Chapter 2, it encodes raw video data into 

a number of layers of different priority. The layer with the highest priority, called the base 

layer, contains the data with the highest importance, which can provide a minimum video 

quality. The enhancement layers with lower priorities may be encoded progressively to 

further refine the quality of the base layer stream. The base layer should be guaranteed to 

be received by each end-user with very low loss rate. A client can subscribe to all or some 

of the enhancement layers that best match its bandwidth to improve the quality of the 

reconstructed video. 

Layered transmission has been studied by many researchers [117]-[122]. McCanne et 

al. firstly proposed the receiver-driven approach for layered video multicast [117]. This 

approach uses a layered video encoder to generate multiple layers from a single video 

sequence and transmits each layer over a separate multicast group. The number of layers 

as well as their bandwidths is predetermined. The adaptation is performed at the re-

ceiver’s end, where a receiver periodically tries to subscribe to more groups. In the 

receiver-driven approaches, the sender’s coding strategy is predefined, where the source 

generates a fixed number of layers, each at a fixed rate. The destinations choose from the 

layers that the source provides. However, the selections may not be adequate enough to 

optimize the network utilization and the video quality. Therefore, the sender-driven 

mechanisms were introduced, where the sender can use the feedback information to 

adjust the coding parameters dynamically to improve both the network utilization and the 

quality of the video obtained by the end users [120]-[122]. Hsu and Hefeeda applied 

multilayer scalable coding technique to customize the quality for individual clients in 
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[121]. They proposed an algorithm to determine the optimal rate and encoding granularity 

of each layer in a scalable video stream to maximize a system-defined utility function for 

a given client distribution. Combining both receiver-driven and sender-driven approaches, 

Zhang et al. proposed a system for video multicast over Internet [122]. The sender 

adaptively splits the video data coded by a scalable codec and a channel codec into 

multiple data streams based on the feedback information on receivers’ network parame-

ters. In the meantime, a receiver can estimate the available bandwidth based on a 

modified packet-pair technique and choose to subscribe to a given part or all of the data 

streams according to its network conditions. 

Another major challenge in video communication is the channel errors. Transmission 

errors, together with lossy source coding techniques, lead to distortion of reconstructed 

video at the decoder. Automatic Repeat on reQuest (ARQ) has been widely used to deal 

with packet loss [116]. Unfortunately, the ARQ-based error control is not realistic for 

real-time applications due to introduction of delay in the system. As mentioned in Chapter 

3, FEC techniques could be employed to reduce the effects of errors on the decoded video 

quality by adding redundancy codes to the source data [123]-[126]. Lee et al. studied a 

layered video multicast system with receiver feedback [125]. The layer bandwidth and 

FEC are properly allocated given the client’s heterogeneous bandwidth and error 

characteristics, subject to a certain overall loss rate requirement. Nevertheless, it simply 

aims at transmitting each enhancement layer with a target end-to-end loss rate, thus could 

not optimize the overall system utility. Besides, this method neglects the fact that when 

burst packet loss occurs in a certain layer and results in loss of the layer, the received 

packets in the higher layers will become useless. In [126], Schierl et al. presented an 

approach for wireless video broadcasting using the scalable extension of H.264/AVC with 

an unequal erasure protection scheme. Different amount of FEC codes are allocated to 
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different layers according to their priority to achieve graceful degradation. However, it 

predetermines the source and channel coding rates without consideration of receivers’ 

statistics. 

In this chapter, we develop a new system for wireless broadcasting of scalable video. 

To cope with the heterogeneity of different receivers, the scalable extension of 

H.264/AVC, known as SVC, is applied to encode the raw video data into multiple layers 

including a quality base layer and several enhancement layers. FEC scheme is adopted to 

generate error protection codes. The proposed joint source and channel coding scheme is 

designed to maximize the overall system utility and it has the following features. First, the 

statistics such as the minimum client bandwidth and the maximum packet loss rate are 

collected to determine the base layer source coding bit-rate and channel coding bit-rate. 

Through allocation of proper amount of FEC codes, it is guaranteed that the base layer 

can be correctly received by all the clients with a very low error rate. Second, to deal with 

the burst packet loss, we propose to apply UEP scheme on the enhancement layers using 

the interleaved packetization to ensure that a lower layer achieves a higher protection 

priority. Since the coding structure needs to be continuously adapted given the clients’ 

feedback statistics, fast algorithms are designed to dynamically allocate the source coding 

bit-rate and the channel coding bit-rate for the enhancement layers to maximize the 

system-defined utility function. To simplify the problem, a K-means clustering method is 

carried out to categorize the clients into groups. We also apply an efficient dynamic 

search algorithm to quickly solve the optimization problem. We implement the algorithm 

to verify its advantage, and we show how various allocation structures affect the overall 

utility. A limitation of the proposed scheme compared with [125] is that it introduces 

more delay to the system due to the interleaved FEC. Besides, because of interleaving of 
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the source data into different packets, receiving of partial packets is useless unless all the 

source packets can be decoded. 

The rest of this chapter is organized as follows. In Section 5.2, we present the archi-

tecture of the scheme for video broadcasting. In Section 5.3, the system-level 

optimization problem is formulated and the proposed algorithm is described. The 

experimental results are presented and analyzed in Section 5.4. Finally, the conclusion is 

drawn in Section 5.5. 

 

5.2 System Overview 

The basic framework of our proposed system is depicted in Fig. 5.1.  Given the input 

video and the clients’ statistics, the server’s task is to dynamically encode the raw video 

 
 
 

Figure 5.1. Basic framework of the system. 
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into multiple layers using the scalable video coding followed with allocation of channel 

protection codes to different layers. The layered streams, together with the protection 

codes, are packetized for transmission over error-prone network to the clients. Each 

receiver subscribes to all or partial of the packets depending on its bandwidth limitation. 

The receivers also send sparse feedback information on statistics about their network 

conditions back to the video server. The most important component in the system is the 

video server. It needs to analyze the clients’ statistics on network parameters such as 

bandwidth distribution and error conditions and in turn adjust the layered coding structure 

as well as the channel protection scheme. The joint operations of source coding and 

channel coding aim at maximizing the system-wide utility for all the clients under their 

specified network conditions. 

In the system, SVC is used for source coding to produce the scalable bit-stream. As 

introduced in Chapter 2, SVC is the extension of the hybrid video coding approach of 

H.264/AVC to achieve a wide range of spatio-temporal and quality scalability. Scalability 

is a functionality that allows the removal of partial stream from the original bit-stream 

while decoding the video at reduced temporal, SNR or spatial resolution to satisfy the 

specific rate and resolution required by a certain application. In this work, the qual-

ity/SNR scalability is utilized for source coding to make it convenient to adjust the bit-

rate in each layer. 

To provide robustness for the transmitted video data, the compressed bit-stream will 

go through the channel encoder. The scalable video coding approach makes it easy to 

split the bit-stream into multiple layers. It allows transmission of these sub-streams with 

different protection classes of an UEP transmission profile as proposed in [126]. FEC 

schemes based on R-S codes are used to protect data transmitted over broadcast channels. 
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Before reading on, it is suggested to review Section 3.2 for a detailed introduction of FEC 

and UEP. 

 

5.3 Proposed Scheme 

In this section, the proposed scheme is described in detail. We design different channel 

protection architectures for the base layer and the enhancement layers, respectively. The 

problems are formulated mathematically and we propose algorithms to solve them 

efficiently. 

 

5.3.1 Bit-rate Allocation for the Base Layer 

The base layer provides a minimum quality of video, which should be guaranteed to be 

received by every client with very low loss rate. Thus, the bit-rate allocated to the base 

layer should be equal to the minimum end-to-end bit-rate of all the clients. It consists of 

both the source bits and the channel protection bits. Let C be the total number of clients in 

the system, ( )b c  denote the available bandwidth of the cth client, where c ranges from 1 

to C. The bit-rate allocated to the base layer, r0, is determined as 

0 1
min ( )

c C
r b c

≤ ≤
=         (5.1) 

 
 
 

Figure 5.2. Proposed channel protection scheme for the base layer. 
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The channel coding scheme for the base layer is illustrated in Fig. 5.2. In the figure, 

each rectangle denotes a packet. A block of packets is comprised of 0N  packets, in which 

0k  of them are source packets. A packet-level FEC is applied on the source packets to 

generate 0 0N k−  parity packets. Due to the property of R-S code, up to 0 0N k−  packet 

losses in a block can be corrected. With the R-S ( 0N , 0k ) code, the video source bit-rate 

,0Sr  and the channel coding bit-rate ,0Cr  are computed as 

0
,0 0

0
S

kr r
N

⎛ ⎞
= ⎜ ⎟

⎝ ⎠
                 (5.2) 

 0 0
,0 0

0
C

N kr r
N

⎛ ⎞−
= ⎜ ⎟

⎝ ⎠
  (5.3) 

Given each client’s end-to-end bit-rate and packet loss rate, the server has to decide 

the source coding bit-rate and the channel coding bit-rate to make the base layer received 

by all the clients in the system with a very low loss rate, which is no more than ε. ε is 

defined as the residual loss rate after error correction. 

We use ( )bP c  to define the probability that the base layer is lost for client c. The 

probability is related to the packet loss rate over wireless packet-erasure channel. The 

process leading to packet loss is very complex. In this work, we assume the existence of a 

channel estimator that indicating the probability that a particular number of packets are 

lost, given the total number of packets to be transmitted. As presented in Section 3.2.3, 

this estimator could be formulated as any distribution of expected packet-loss rate, such 

as uniform, binomial, exponential, Zipf, Poisson, etc. Among such distributions, a two-

state Markov model approximates the wireless channel’s packet loss behavior fairly well 

[80]. The Markov model can be calculated by ( , )p m N , which illustrates the probability 

of losing m packets within N packets. As long as the number of lost packets does not 

exceed the number of protection packets, the original data can be reconstructed. There-

fore, ( )bP c  can be formulated as 
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( )
0

0 0

0
1

( ) ,
N

b c
m N k

P c p m N
= − +

= ∑      (5.4) 

where 0( , )cp m N  is the probability for client c to lose m packets within N0 packets. N0 is 

calculated as 

0 0 8TN r M
F

⎢ ⎥⎛ ⎞= ⋅⎜ ⎟⎢ ⎥⎝ ⎠⎣ ⎦
              (5.5) 

Let _ maxbP  be the maximum probability for the base layer to be lost among all the clients, 

which is 

_ max
1
max ( )b b

c C
P P c

≤ ≤
=             (5.6) 

The optimization problem is formulated as 

*
0 0maxk k=        (5.7a) 

0 0subject to ;k N≤       (5.7b) 

_ max .bP ε≤           (5.7c) 

 
 
 

Figure 5.3. Proposed channel protection scheme for the enhancement layers. 
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The searching of the maximum 0k  is for the purpose of maximizing the source data 

to achieve a better video quality. Once *
0k  is computed, the source bit-rate and the 

protection bit-rate of the base layer can be calculated using (5.2) and (5.3). 

 

5.3.2 Bit-rate Allocation for the Enhancement Layers 

All the clients can access to the base layer information and those clients with higher 

bandwidths may subscribe to more enhancement layers to improve the perceived video 

quality. There exists dependency between enhancement layers. Once a layer is lost, all the 

higher layers are useless. Therefore, we apply UEP on different enhancement layers of a 

GOP as illustrated in Fig. 5.2. There are totally L enhancement layers, where Si denotes 

the source data for the ith layer ( 1,2, ,i L= K ). In each block of the source data, the 

source bytes are inserted line by line from the upper left to the lower right. R-S based 

FEC codes are added as redundancy for protection of the source data. More protections 

are allocated to the lower layer while less for the higher ones. Both the source data and 

the FEC codes are vertically split into N packets with M being the size of each packet in 

byte. The length and the height of the source data in Si are denoted by ( )k i  and ( )h i , 

respectively. Thus, the length of the FEC codes for Si is ( )N k i− . Let SR  and CR  denote 

the source coding and channel coding vectors for the enhancement layers, 

,1 ,2 ,S S S Lr r r⎡ ⎤= ⎣ ⎦SR L  and ,1 ,2 ,C C C Lr r r⎡ ⎤= ⎣ ⎦CR L , where ,S ir  and ,C ir  are the source coding 

bit-rate and the channel coding bit-rate of the ith enhancement layer respectively. The 

calculation of ,S ir  and ,C ir  are as follows, 

, 8 ( ) ( )S i
Tr k i h i
F

⎛ ⎞= ⋅ ⎜ ⎟
⎝ ⎠

              (5.8) 

( ), 8 ( ) ( )C i
Tr N k i h i
F

⎛ ⎞= − ⋅ ⎜ ⎟
⎝ ⎠

       (5.9) 
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with T being the number of frames in a GOP and F being the frame rate of the video. 

Given the clients’ statistics, such as the available bandwidth and the packet loss rate, the 

server has to determine SR  and CR  in order to maximize the system-wide utility 

function, which is formulated as 

1

1 ( )
C

avg
c

U u c
C =

= ∑         (5.10) 

where Uavg is the average utility over all the clients and u(c) represents the utility received 

by client c, 1, 2, ,c C= K . The proposed scheme can work with any form of user-defined 

utility function, for instance, client perceived quality in terms of PSNR and mismatch 

between received stream rate and client bandwidth. In this work, the PSNR of the 

perceived video is used to measure the utility of each client. 

Given the server’s total sending bit-rate R and the bit-rate used for base layer coding, 

0r , the available bit-rate for the enhancement layers, er , is computed as 

0er R r= −               (5.11) 

The optimal allocation problem for the whole system is formally stated as follows, 

*

, 1

1max ( )
C

avg avg
c

U U u c
C =

= = ∑
S CR R

   (5.12a) 

( ), ,
1

s.t. ;
L

S i C i e
i

r r r
=

+ ≤∑              (5.12b) 

(1) (2) ( ).k k k L≤ ≤ ≤L       (5.12c) 

The first constraint restricts the total amount of bit-rate in the enhancement layers, 

including source coding bit-rate and channel coding bit-rate, not to exceed the budget bit-

rate. The second constraint confines the protection priority to be non-increasing for the 

layers from low to high.  Although the function is not difficult to design, in practice it is 

not easy to adjust the sender’s parameters in order to obtain the optimal allocation. 
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To simplify the problem, we apply a classification method to partition all the clients 

into several groups based on their available bandwidths. Given the number of layers in 

the scalable video stream, the total of C clients are clustered into L+1 groups with L being 

the number of enhancement layers according to their accessing bandwidth. Here, we 

assume that C is far more than L. We use min ( )b i  to represent the lowest bit-rate of all the 

clients in the ith group, where 0,1,2, ,i L= K . min ( )b i  serves as the data rate of group i. 

We assume that 0,1,2, , 1i L∀ = −K , min min( ) ( 1)b i b i< + , which implies that a client in the 

group with a higher index is able to access to more packets or more enhancement layers. 

As illustrated in Fig. 5.3, if a client can receive up to ( )k i  packets, it can decode the ith 

enhancement layer and all the lower layers, where 1,2, ,i L= K . To simplify the problem, 

we prescribe the relationship between min ( )b i  and ( )k i  as, 

min( ) ( ) 8Tk i b i M
F

⎢ ⎥⎛ ⎞= ⋅⎜ ⎟⎢ ⎥⎝ ⎠⎣ ⎦
    (5.13) 

It guarantees that even the client with minimum bandwidth in the ith group can ac-

cess to ( )k i  packets and the client with higher bandwidth can access to more packets. It 

also ensures that even the client with maximum bandwidth in the ith group cannot access 

to )1( +ik  packets, therefore cannot decode the (i+1)th enhancement layer. For the first 

group of clients, they can only access to the base layer. Thus, it will not be considered in 

the bit-rate allocation for the enhancement layers. We use avgU ′  to denote the average 

utility of all except for the clients in the first group. Client ( , )i j  is used to represent the 

jth client in the ith group. Let ( )g i  be the number of clients in the ith group, avgU ′  is 

formulated as 

1

1

1 ( )
( )

L

avg GL
i

i

U U i
g i =

=

′ = ∑
∑

            (5.14) 

where ( )GU i  is the overall utility in the ith group, which is computed as 
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( )

1
( ) ( , )

g i

G
j

U i u i j
=

= ∑         (5.15) 

with ( , )u i j  being the utility of client ( , )i j . The calculation of ( , )u i j  is shown as 

follows, 

1
( , ) (0) ( , ,0) ( ) ( , , ) ( , ,0)

i

l
u i j P i j l P i j l P i jδ δ

=

⎛ ⎞
= ⋅ + ⋅ ⋅⎜ ⎟

⎝ ⎠
∑           (5.16) 

where (0)δ  is the utility contribution of the base layer and ( )lδ  is the utility contribution 

of the lth enhancement layer. Both (0)δ  and ( )lδ  are dependent on the source bit-rate in 

the corresponding layer. We assume that the rate-distortion function of the scalable video 

codec in each layer is known. ( , ,0)P i j  denotes the probability for the base layer to be 

received by client ( , )i j  and ( , , )P i j l  represents the probability for client ( , )i j  to 

correctly receive the lth enhancement layer. The calculation of ( , ,0)P i j  and ( , , )P i j l  are 

as follows, 

0 0

, 0
0

( , ,0) ( , )
N k

i j
m

P i j p m N
−

=

= ∑     (5.17) 

,

, ,
0

( , , ) ( , )
i j lN k

i j i j
m

P i j l p m N
−

=

= ∑      (5.18) 

where 1,2, ,l L= K . , 0( , )i jp m N  is the probability for client ( , )i j  to lose m packets 

within 0N  packets and , ,( , )i j i jp m N  is the probability for client ( , )i j  to lose m packets 

within ,i jN packets. As described in the previous sub-section, , 0( , )i jp m N  and 

, ,( , )i j i jp m N  can be achieved using the two-state Markov model. ,i jN  is the maximum 

number of packets that can be received by client ( , )i j , which should be computed as 

, ( , ) 8i j
TN b i j M
F

⎢ ⎥⎛ ⎞= ⋅⎜ ⎟⎢ ⎥⎝ ⎠⎣ ⎦
    (5.19) 

with ( , )b i j  being the available bandwidth of client ( , )i j . From the above deduction, it is 

shown that the changing of ( )h i  will result in the variation of source coding bit-rate of 

each layer and consequently affect the overall utility of the system. Therefore, to maxi-
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mize the overall utility, we should look for the proper value of each ( )h i . The problem is 

re-formulated as follows, 

* maxavg avgU U′ ′=        (5.20a) 

1
s.t. ( ) ;

L

i
h i M

=

≤∑       (5.20b) 

0 ( ) , 1, 2, , .h i M i L≤ ≤ = K             (5.20c) 

Exhaustive searching can be applied to solve the maximization problem. However, it 

is unfeasible in reality because of the large amount of computation consumption. Hence, 

we need more efficient algorithms than explicit enumeration. In this work, we employ a 

dynamic programming algorithm to solve the problem. Let ( )overallU l  denote the cumula-

tive utility for the clients from group 1 to group l, which is calculated as 

1
( ) ( )

l

overall G
i

U l U i
=

= ∑            (5.21) 

Obviously, our purpose is to attain * ( )overallU L . The overall utility for the l groups, 

( )overallU l ,  is the sum of the overall utility in the lth group and the first ( 1)l −  groups. 

Thus, * ( )overallU L  can be computed recursively with the following dynamic program by 

searching for ( )h i . 

( )
1

* *

0 ( )

( )

( ) max ( ( ) ( 1)
L

j

overall G overallh L M

h j M

U L U L U L

=

≤ ≤

≤

= + −

∑

   (5.22a) 

M  

( )
1

* *

0 ( )

( )

( ) max ( ( ) ( 1)
L i

j

overall G overallh L i M

h j M

U L i U L i U L i
−

=

≤ − ≤

≤

− = − + − −

∑

         (5.22b) 

M  

*

0 (1)
(1) max (1)overall Gh M

U U
≤ ≤

=             (5.22c) 
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Dynamic programming is a method of solving complex problems by breaking them 

down into simpler sub-problems in a recursive manner. It is applicable to problems that 

exhibit the properties of overlapping sub-problems, which are slightly smaller and 

optimal substructure. In the above approach, an overview of the system is first formu-

lated. Each sub-system is then refined in greater detail until the entire specification is 

reduced to base elements. And then we try to solve the sub-problems first and use their 

solutions to build on and arrive at solutions to bigger sub-problems. Detailed descriptions 

on dynamic programming algorithm can be found in [129]. Dynamic programming 

algorithm can greatly save the computation complexity. In each recursive step in the 

above dynamic program, there are O(M) possibilities of ( )h i . Therefore, the search space 

of the maximization problem is O(ML), which is much lower than the exhaustive search 

algorithm. 

 

5.4 Experimental Results and Discussions 

In this section, we first describe our experimental setup. Then we evaluate the perform-

ance of the proposed method by comparing it against other methods. 

In our system, there are a large number of clients that are heterogeneous in band-

width and error rate. The server uses the proposed algorithm to determine the coding 

structure of the bit-stream based on the clients’ statistics. The output of the algorithm is 

the bit-rate allocation for different layers including the source coding bit-rate and the 

channel coding bit-rate. The information will be fed to the scalable video encoder, which 

divides the input video into GOPs and encodes each frame into multiple quality layers 

with the predetermined coding rates. Then the compressed source bit-stream goes through 
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a channel encoder to produce the FEC codes. Both the source codes and the channel 

codes are packetized for transmission. The packet size used in this work is 128 bytes. 

We assume that there are totally 10000 clients in the system, where their bandwidths 

range from 64 to 2048 kbps. The bandwidth distribution is depicted in Fig. 5.4. It follows 

a multimodal distribution with three normal distributions [121]: 50% of clients have a 

normal distribution with mean 40 kbps and a standard deviation of 25 kbps; 35% of 

clients have a normal distribution with mean 1000 kbps and a standard deviation of 100 

kbps; and 15% of clients have a average bandwidth 2000 kbps and a standard deviation of 

200 kbps. The packet loss rate of each client is randomly generated, where the mean 

value is set to 0.03 and the variance is given as 0.015. All the clients are categorized into 

a given number of groups by using the K-means classification method. K-means cluster-

ing is a method of cluster analysis, which aims to partition n observations into k clusters 

in which each observation belongs to the cluster with the nearest mean. In this work, we 

 
 
 

Figure 5.4. Client bandwidth distribution considered in the experiment. 
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apply the Kaufman approach [131] to partition the clients into groups given their 

accessing bandwidth, which means the clients with similar bandwidths are clustered into 

the same group. More details about the algorithm can be found in [131]. The server’s 

sending data rate is 3000 kbps, which should be properly allocated to the source coding 

and the channel coding of each layer. 

 

 
(a) 

 

 
(b) 

 
Figure 5.5. Two factors that affect the source coding bit-rate of the base layer (r0 = 64 kbps): (a) 
Source coding bit-rate versus residual loss rate ε (the random packet loss rate has an average of 
0.03 and a variance of 0.015) and (b) Source coding bit-rate versus maximum packet loss rate (ε = 
0.008). 
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The video sequence Foreman is used for testing, which is encoded at 15 Hz in CIF 

format using the scalable video codec [94]. The GOP size is fixed at 16. Experiments are 

performed to transmit the video sequence over a two-state Markov channel. Due to the 

random nature of such a channel, 50 different runs of the experiments are conducted. 

The available bandwidth for the base layer is the minimum receiving bit-rate among 

all the clients, which is 64 kbps in the experiment. It consists of both the source coding 

bit-rate and the channel coding bit-rate. Fig. 5.5 illustrates the results for the source 

coding bit-rate of the base layer. There are two factors that affect the result. One is the 

desired residual loss rate after channel protection, the other is the maximum packet loss 

rate among all the clients. To test the influence of the first factor, we let the random 

packet loss rate has the average of 0.03 and the variance of 0.015. As shown in the Fig. 

5.5 (a), with increasing of the desired residual loss rate ε, the source coding bit-rate arises. 

It is because that to meet the requirement of a smaller ε, more bits should be allocated to 

the channel coding and this results in decrease of the source coding bit-rate. As for the 

second factor, we fix the value of ε to be 0.008. We find in Fig. 5.5 (b) that with increas-

ing of the maximum packet loss rate, fewer bits are assigned to the source coding. It is 

due to the reason that more bits are needed for the channel coding to attain the desired 

residual loss rate when the maximum packet loss rate becomes higher. 

To test the performance of the proposed method for the enhancement layers, we vary 

the total number of enhancement layers L from 1 to 4. Under each L, the proposed 

algorithm is carried out to determine the coding structure that maximizes the average 

utility in the system. For coding of the base layer, the residual loss rate ε is set to 0.008. 

The source coding bit-rate of each layer and the average PSNR of all the clients are 

displayed in Table 5.1. Obviously, the overall utility increases with increasing of L. This 
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is because that a larger number of layers can better adapt to the heterogeneous bandwidth 

distribution to improve the system-wide utility. 

Fig. 5.6 gives the comparison of the proposed method against the other two schemes. 

For all these three schemes, the base layer is encoded using the same structure to 

guarantee that it can be received by all the clients with a very low error rate. In scheme 1, 

UEP is also applied on different enhancement layers. However, the height of the source 

data is equally allocated to different layers. In scheme 2, traditional method is employed, 

where equal error protection is added to different layers with fixed coding rate. During 

increasing of the total number of layers, the resulted system utility of scheme 2 slightly 

decreases due to the increase of overhead information for all the layers. From Fig. 5.6, we 

can observe that the variation of the coding structure can greatly affect the overall utility 

and the proposed method exhibits obvious superiority over the other two schemes. When 

there is only one enhancement layer, all three schemes have the same performance 

because they use the same coding structure. With increasing of the number of layers, the 

proposed method shows more advantage than the other two methods because it can better 

utilize the available bandwidth. The improvement is up to 2 dB. We would like to point 

out that there is a tradeoff between the performance gain and the computational complex-

TABLE 5.1 
CODING STRUCTURE OF THE SOURCE DATA AND THE AVERAGE PSNR OF THE 

RECONSTRUCTED VIDEO 
 

Source coding bit-rate (kbps) Total 
number of 

layers rs_0 rs_1 rs_2 rs_3 rs_4 
Average 

PSNR (dB) 

2 33.4 1506.5 X X X 32.49 
3 33.4 208.8 1568.8 X X 34.38 
4 33.4 305.8 614.4 1178.8 X 35.57 
5 33.4 498.4 692.8 935.6 1130.4 35.98 
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ity. As analyzed in Section 5.3.2, the complexity of the proposed algorithm is O(ML), 

while for scheme 1 and scheme 2, the complexity will reduce to O(1). 

 

5.5 Conclusion 

In this chapter, we deal with the problem of wireless broadcasting of scalable video. To 

cope with the heterogeneity of different receivers, the scalable extension of H.264/AVC, 

known as SVC, is applied to encode the raw video data into multiple layers including a 

quality base layer and several enhancement layers. To the best of our knowledge, the joint 

source and channel bit-rate allocation for video broadcasting to multiple receivers using 

the H.264/SVC has never been considered. In this work, we design two different channel 

error protection schemes based on FEC for the base layer and the enhancement layers, 

respectively. To guarantee that all the clients can receive the video with a minimum 

 
 
 

Figure 5.6. Comparison of the proposed method against the other two schemes. 
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quality, the base layer is highly protected to achieve a very low loss rate. To improve the 

overall quality of the reconstructed video in the system, UEP scheme is designed for 

different enhancement layers to ensure that a lower layer can be correctly received with a 

higher probability. Given the receivers’ statistics including the bandwidth and the error 

rate, we develop a novel algorithm to determine the source coding bit-rate and the 

channel coding bit-rate of each layer to maximize the system-wide utility. We implement 

the algorithm to verify its performance and it is shown to be very efficient. The proposed 

method is compared with the other two schemes to show how various coding structures 

affect the overall utility. It is demonstrated from the experimental results that the 

proposed method is more efficient than other schemes and the improvement is up to 2 dB.  

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library



 110

 

Chapter 6 

Joint Rate Allocation for Multi-

Program Video Coding using Fine 

Granularity Scalability 

6.1 Introduction  

As stated in Chapter 1, the advances in multimedia technology and digital communica-

tions have enabled the broadcasting of multiple programs over a single constant bit-rate 

(CBR) channel, which was used to transmit a single analog program. It means that 

different videos are encoded in parallel and the compressed bit-streams will be multi-

plexed to share the available bandwidth. A simple solution is independent coding of 

multiple video programs, where the programs are coded independently and each of them 
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has a separate rate control (see Fig. 1.2). However, independent coding suffers from two 

major drawbacks: potentially large variations in picture quality among programs as well 

as within a program, and inefficient use of channel capacity. On contrast, it has been 

shown that joint coding of multiple video programs (see Fig. 1.3) is able to achieve more 

uniform picture quality and more efficient use of channel capacity by dynamically 

allocating the channel capacity among video programs. Therefore, rate allocation among 

the sequences with a constrained bandwidth becomes an important issue to achieve 

consistent optimized video quality in the distributive application. 

In this chapter, we address the problem of joint rate allocation for multi-program 

video coding using the scalable video encoders. Most of the existing approaches are based 

on non-scalable video coding platforms, where computationally expensive encoding or 

transcoding is demanded to adjust the bit-rate of each video program. Different from all 

these works, we develop a new statistical multiplexing system, where the scalable video 

coding technique is applied to compress the video programs. In our scheme, each video 

sequence is separated into GOPs with a fixed length and the rate allocation is updated at 

the GOP boundaries. First, we propose an efficient look-ahead approach to distribute the 

base layer coding bit-rate to each video encoder. Then each video is encoded into a base 

layer and several quality enhancement layers with fine granularity. Second, a piecewise 

linear model is applied to accurately estimate the rate-distortion (R-D) relationship in the 

FGS layers. Based on this model, a novel algorithm is designed to dynamically allocate 

the available channel bandwidth to different video programs for bit-stream adaptation in 

order to minimize the variation of quality of different video programs in the statistical 

multiplexing system. Experiments are carried out to verify the performance of the 

proposed scheme by comparing it with existing methods. The results demonstrate the 
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superiority of the proposed scheme and the quality difference between different programs 

is greatly reduced. 

The rest of this chapter is organized as follows. In Section 6.2, we will present the 

background of joint rate allocation and introduce some related works. In Section 6.3, we 

give an overview of the multi-program video coding system. The proposed joint rate 

allocation algorithm is described in Section 6.4. Section 6.5 demonstrates the experimen-

tal results for comparison. Finally, we draw a conclusion in Section 6.6. 

 

6.2 Background and Related Work 

Statistical multiplexing techniques are broadly used in many video encoding applications, 

such as digital TV broadcast, video surveillance, and video conferencing. In a statistical 

multiplexing system, multiple video programs are encoded individually, then multiplexed 

and transmitted over a bandwidth-limited network to receivers for video decoding and 

presentation. In this case, not only the bit-rate of each encoder needs to be accurately 

controlled, but also the total transmission bandwidth needs to be efficiently allocated 

between video programs to achieve consistent optimized video quality. 

The simplest approach to deal with the problem is to encode each of the video pro-

grams at an equal constant bit-rate. However, in a multiplexing system, different video 

programs may have different scene activities, and within each program, the scene activity 

may change dramatically over time. According to the rate-distortion theory [97], equal 

rate allocation may lead to uneven distortions between different video programs due to 

variation of scene complexity. To achieve equal video quality for all programs, the 

channel bandwidth should be dynamically allocated to different programs in proportion to 

the complexity of each of the video sources. Therefore, the joint rate allocation algorithm 
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is desired to manage the operation of all the encoders to maintain a uniform picture 

quality among all video programs. 

Joint rate allocation for statistical multiplexing has been studied by many researchers 

in the past years [98]-[110]. These approaches can be mainly classified into two catego-

ries depending on how the R-D statistics of the video frames are obtained: the feed-back 

approaches and the look-ahead approaches. In the feed-back approaches [98]-[101], 

[107], [109], statistics are collected during encoding of the previous frames to derive the 

complexity of the current frame and its subsequent frames. For instance, Böröczky et al. 

proposed a joint rate control algorithm, where statistics generated by the encoder as a by-

product of the compression process are used to control the future bit-rate allocation [98], 

[110]. However, the feedback approaches assume that the neighboring frames have 

similar characteristics. Hence, they may suffer from performance degradation when scene 

change happens. Different from the feed-back approach, the look-ahead approach can 

greatly extend the range for selection of the statistics, but at the expense of extra compu-

tations [102], [103]. In [102], a preprocessing procedure is applied on video frames within 

the look-ahead window to collect their statistics prior to encoding of the frames. These 

statistics are then used for joint rate allocation and rate control. These two types of 

approaches can also be jointly employed to predict more accurately the bit-rate allocation 

for each of the video programs to achieve a better overall performance [104], [107], 

[109]. 

Conventionally, the statistical multiplexing works are based on the single layer cod-

ing standards, such as non-scalable mode of MPEG-2 [14] and Annex A profiles of 

H.264/AVC [18]. In these applications, multiple pre-encoded video streams have to be re-

encoded or transcoded in order to fit into the CBR channel, where complicated computa-

tions are inevitable. Recently, Jacobs et al. proposed a new system for real-time statistical 
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Figure 6.1. Different scalabilities supported by scalable video coding. 

multiplexing of video streams in digital video broadcasting for handhelds (DVB-H) using 

the scalable extension of H.264/AVC [106]. By encoding the video source into scalable 

bit-stream, a partial stream can be easily extracted to adapt to the bandwidth variation 

without introducing computationally complex re-encoding or transcoding. Nevertheless, 

in [106], the bandwidth distribution for the base layer of each video stream is simply 

decided using equal allocation. In addition, the proposed joint rate allocation algorithm is 

not efficient enough and will result in a great difference in quality between different video 

programs, which affects the overall performance of the system. 

In this work, we design a new statistical multiplexing system based on the platform 

in [106]. In the following sections, we will focus on the development of our proposed 

joint rate allocation algorithm. 
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Figure 6.2. The basic framework of the multi-program video coding system. 

6.3 System Overview 

As introduced in Chapter 2, SVC is developed as the scalable extension of H.264/AVC to 

achieve a wide range of spatio-temporal and quality scalability. As shown in Fig. 6.1, it 

allows removal of partial stream from the original bit-stream while decoding the video at 

reduced temporal, SNR or spatial resolution to satisfy the specific rate and resolution 

required by a certain application. In this work, we use SVC to encode the video program 

into compressed bit-stream with quality scalability. We make use of the FGS for encoding 

of the SNR enhancement layers to realize the truncation of the quality enhancement 

layers at arbitrary position. 

The basic framework of our proposed multi-program video coding system is depicted 

in Fig. 6.2.  The main components in the system comprise a number of preprocessors, 
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scalable video encoders, adaptation engines, a joint rate controller and a multiplexer. 

Firstly, each video source goes through a preprocessor for analysis of the video content 

on a GOP basis. The picture statistics are derived to characterize the video complexity for 

each GOP and fed into the joint rate controller. Given the input statistics, the task of the 

joint rate controller is to dynamically calculate the base layer bit-rate for each program 

according to the relative complexities of the programs. After receiving the delayed video 

and the allocated base layer bit-rate, each encoder compresses the video into a base layer 

and several FGS layers. Meanwhile, the coding statistics are produced as by-product of 

the encoder. Thereafter, the joint rate controller gathers these coding statistics and 

calculates the optimal bit-rate allocation to different video programs within a GOP. The 

compressed bit-stream, together with the computed target bit-rate, is sent to the adaptation 

engine. Given the target bit-rate, partial stream will be extracted from the input bit-stream 

in each adaptation engine. Finally, the sub-streams of different video programs are 

multiplexed to transmit over a single CBR channel. 

The most important component in the system is the joint rate controller. The joint 

rate allocation algorithm aims at minimizing the variation of quality of different video 

programs. The details of the proposed algorithm will be discussed in the following 

section. 

 

6.4 Joint Rate Allocation Algorithm 

In this section, the proposed joint rate allocation algorithm is described in detail, which 

consists of two parts. In Section 6.4.1, a look-ahead approach is presented to distribute the 

base layer coding rate to each video program before the encoding process. In Section 

6.4.2 we propose a novel algorithm to allocate the available bandwidth to realize an 
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optimal adaptation of the video streams to minimize the variation of video quality after 

encoding of the multiple video programs. 

 

6.4.1 Bit-rate Allocation for Video Encoding 

In our scheme, within each GOP, the input video is encoded into a base layer and several 

FGS layers. The base layer provides a minimum quality of video, which is guaranteed to 

be transmitted when the channel bandwidth is very low. Given the total transmission rate 

for the base layers, we need to distribute it to different video programs prior to encoding. 

Instead of equal allocation as employed in [106], we develop a look-ahead approach to 

determine the base layer bit-rate for each video program. 

In our scheme, both the frame activity and the motion activity are used to character-

ize the video complexity. There are many activity measures for still image coding. In 

[114], Kim et al. have classified these measures into four categories and suggested that 

the gradient-based method is more reliable for complexity measure of still image. 

Therefore, we calculate the frame activity of the I-frames in a GOP as 

( ) ( ){
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1 1
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x y
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where L and W represent the frame height and the frame width in pixels, respectively. 

( , )lum x y  is the luminance value of pixel ( , )x y  in the I-frame of the GOP. 

The motion activity is calculated as the average frame difference of a GOP, which is 

computed as follows, 
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with frameN  being the total number of frames in a GOP. frame ( )Diff k  denotes the frame 

difference between the kth frame and the (k+1)th frame in a GOP, which is calculated as 

( ) ( )frame
1 1

1( ) , , 1, ,
L W

i j
Diff k lum k x y lum k x y

L W = =

= − +
⋅ ∑∑   (6.3) 

where ( , , )lum k x y  is the luminance value of pixel ( , )x y  in the kth frame. 

These statistics are continuously fed into the joint rate controller on a GOP basis and 

utilized to dynamically determine the bit-rate allocation for coding of the base layer at 

each encoder. For the jth GOP in the ith video program GOPi,j, the base layer bit-rate ,i jr  

is determined as 
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with n being the total number of the video programs in the system and bR  being the total 

bit-rate for the base layers. ( )frame ,activ i j  and ( )motion ,activ i j  are the frame activity and 

the motion activity of GOPi,j, respectively. The weighting factor α is chosen as 0 at the 

start of encoding. After encoding a GOP, the bits in different frames are known. α will be 

dynamically updated using the data from the previous GOP. The value of α is calculated 

as the proportion of bits used for base layer coding of the I-frames respective to the whole 

GOP. Once the computed target bit-rate for the base layer is received, each encoder will 

compress the input video into a high quality bit-stream with a base layer and several FGS 

layers. 

 

6.4.2 Bit-rate Allocation for Video Adaptation 

Since all the n video programs are multiplexed into a single channel with a bandwidth cR , 

we should have 
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,
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n
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where ,i jR  is the transmission bit-rate allocated to GOPi,j. To satisfy this constraint, all the 

output bit-streams from the encoders need to be extracted in the adaptation engines. 

Because of the FGS coding, it is possible to truncate the bit-stream at any positions in the 

enhancement layers. As described in [111], the adaptation engine employs a simple 

method to truncate the refinement network abstraction layer (NAL) units. To determine 

the NAL units to be truncated as well as the truncation points, this method makes use of 

the calculated target bit-rate and the average bit-rate of different layers of the GOP to be 

adapted. The average bit-rate can be calculated in the encoder to save the runtime 

overhead and the results will be inserted in the SVC compliant supplemental enhance-

ment information (SEI) messages at the beginning of each GOP. 

Truncation of a video stream at different bit-rates will result in variation of quality of 

the decoded video. Given the total transmission bandwidth, our objective is to dynami-

cally allocate a target bit-rate to each video program for bit-stream adaptation such that 

the variation of distortion between different video programs will be minimized. This 

problem can be formulated as 
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with Var  being the variance of distortion between different video programs. ,i jMSE  

denotes the average mean square error (MSE) of the reconstructed video in GOPi,j and 

jMSE  is computed as 

,
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j i j
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For the video data in FGS layers, we can build a one-to-one mapping between the 

video bit-rate and the video quality. Let Φ  represent the rate-distortion relationship, we 

have 

( )D R= Φ         (6.8) 

where D is the distortion of the reconstructed video and R is the bit-rate of the video bit-

stream. That is to say, we can map each value of ,i jR  to a value of video distortion 

,i jMSE . In turn, we can map each value of ,i jMSE  to a value of ,i jR . Therefore, we 

assume that searching of the optimal rate allocation equals to searching of the correspond-

ing video distortion under the premise that the mapping function is known. 

In [113], the R-D function of SVC FGS is analyzed and inferred to be linear under 

MSE criterion within an FGS level. We also conduct a number of experiments to verify 

the piecewise linear R-D relationship in the FGS layers. Fig. 6.3 shows the results using 

Foreman and Football. We randomly pick out a GOP from each video sequence and use 

QP38 to encode it into a base layer and three FGS layers. Each figure gives the R-D curve 

in an individual FGS layer. Fig.6.3 (a)-(c) show the results for Foreman and (d)-(f) show 

the results for Football. It is observed that the R-D curve of each FGS layer appears to be 

nearly linear. Therefore, given both of the end values in an R-D curve, any in-between 

values can be estimated using linear interpolation as follows, 

( )* 1 L UD D Dη η= − +                               (6.9) 

where LD  and UD  are the lower bound and the upper bound of the video distortion of a 

FGS layer. *D  denotes the video distortion of an in-between point in the curve and η is a 

number between 0 and 1 that represents how far the point is placed between the end 

points. η is computed as 
*

L

U L

R R
R R

η −
=

−
            (6.10) 
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(a)      (b) 

 

(c)      (d) 

 

(e)      (f) 

 

Figure 6.3. R-D curve of different FGS layers: (a) Foreman (the first FGS layer), (b) Foreman (the 
second FGS layer), (c) Foreman (the third FGS layer), (d) Football (the first FGS layer), (e) 
Football (the second FGS layer) and (f) Football (the third FGS layer). 
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with LR  and UR  being the lower bound and the upper bound of the bit-rate of a FGS 

layer. *R  represents the bit-rate of the in-between point in the curve. Given the value of 

*D , (9) is deduced to calculate *R  as 

( )* 1 L UR R Rη η′ ′= − + ⋅             (6.11) 

*
L

U L

D D
D D

η −′ =
−

       (6.12) 

During the encoding process, the bit-rate and the distortion of the reconstructed video 

of the base layer or any of the FGS layers can be calculated as by-products. In our 

scheme, these coding statistics are collected by the joint rate controller for bit-rate 

allocation. Because the end values of the R-D curve of each FGS layer are available, the 

value of any truncation point in a FGS layer can be estimated using linear interpolation. 

Based on the above observations and derivations, we propose a novel joint rate allo-

cation algorithm. Instead of searching of the bit-rate allocation, we aim at looking for the 

target video distortion. To minimize the variation of video quality between different video 

programs, the target video distortion should be the same for the adapted videos. There-

fore, the problem in (6) is re-formulated as 
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with target
jMSE  being the target MSE of the jth GOP of each video program and RDiff  

being the bit-rate difference between the available channel bandwidth and the summation 

of the bit-rate of the adapted video bit-streams. Given the target MSE, ,i jR  for the jth 

GOP in each of the video programs is estimated using (6.11) and (6.12). To optimize the 

overall performance of the system, our objective is to make full use of the available 

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library



 123

channel bandwidth under the constraint that the total allocated bit-rate should not exceed 

the budget bit-rate. 

Exhaustive searching can be applied to solve the problem. However it is unfeasible in 

reality because of the large amount of computation. Hence, we design a golden-section 

search algorithm to find the sub-optimal solution to this problem. The golden section 

search is among the most efficient region elimination methods to optimize functions with 

single variable, provided upper and lower bounds exist [112]. The details of the algorithm 

are introduced in the following. 

Step 1. Initialization. 

In this algorithm, the search is based on the number 0.618, known as the golden sec-

tion. Let [a, b] be the initial interval, the first searching point is located at 0.618(b-a) from 

b. Let ,i j
lR  and ,i j

lD  be the bit-rate and the distortion of the reconstructed video with 

receiving of the lth layer and all the lower layers of GOPi,j, where 0,1,2, , .l F= K  Here 

the 0th layer is the base layer and F is the total number of FGS layers. The values of a and 

b are determined as 

( ),min , 1,2,3, ,i j
Fa D i n= = K       (6.14) 

( ),
0max , 1,2,3, ,i jb D i n= = K       (6.15) 

Given a and b, the first searching point is achieved. 

Step 2. Calculate the bit-rate allocation. 

The new searching point serves as target
jMSE  and is used to calculate the bit-rate allo-

cation. For each video program, we firstly locate the target MSE in one of the FGS layers. 

1) If ,
target 0
j i jMSE D≥ , ,

, 0
i j

i jR R= . 

2) If ,
target
j i j

FMSE D< , ,
,

i j
i j FR R= . 
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3) If , ,
target 1

i j j i j
l lD MSE D −≤ < , the target MSE is located in the lth FGS layer, where 

1,2,3, ,l F= K . The R-D curve of this FGS layer is used to map the target MSE to 

the allocated bit-rate ,i jR  as in (6.11). 

Let ,
1

n

sum i j
i

R R
=

=∑ , sumR  is computed for the current searching point. 

Step 3. Update the interval of interest. 

1) If sum cR R> , the lower endpoint of the interval is replaced by the current search-

ing point. Go to step 4. 

2) If sum cR R ε< − , the higher endpoint of the interval is replaced by the current 

searching point. Here, ε is defined as a threshold value, which equals to 0.002 cR . 

Go to step 4. 

3) If c sum cR R Rε− ≤ ≤ , the sub-optimal bit-rate allocation is attained. Go back to 

step 1 to process the next GOP. 

Step 4. Calculate the new searching point. 

Let L be the length of the new interval, the new searching point is positioned at 

0.618L from the new endpoint. Go to step 2. 

The proposed golden-section search algorithm converges very fast. Normally, it takes 

only several iterations to attain the sub-optimal solution even if we set a very small value 

to ε. As described in this section, the proposed joint rate allocation algorithm only 

involves a number of addition and multiplication operations. Therefore, the overall 

complexity is very low. The performance of the algorithm will be evaluated in Section 

6.5. 
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(a) 

 
(b) 

 
 

Figure 6.4. Allocated bit-rates for different video programs under different channel band-
widths: (a) 2 Mbps and (b) 5 Mbps. 

6.5 Experimental Results 

To assess the performance of the proposed system, we carry out a number of experiments 

using the H.264/SVC encoders [94]. 

      In our system, CIF resolution sequences Foreman, Football, Mother & Daughter 

(M&D) and Harbour are used as video sources, which have different scene complexities. 

The input frame rate is 30fps for each encoder. They are multiplexed into a single CBR 
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channel for transmission. Each video program is separated into GOPs and the bit-rate 

allocation between different video programs is updated at the GOP boundaries. 

The proposed joint rate allocation algorithm can be easily employed under different 

channel bit-rates. In the experiments, we simulate the proposed algorithm under 2Mbps 

and 5Mbps, respectively. The target bit-rate for coding of the base layers is assumed to be 

the minimal possible bandwidth and the estimation of the minimum bandwidth is out of 

scope of this work. In the experiments, we assume that the target bit-rate for coding of the 

base layers of all the video programs is 1Mbps. Once the base layer coding bit-rate for 

each video is determined by joint rate controller using the statistics from preprocessors, 

each encoder compresses the input video program into a base layer and 3 FGS layers. 

Thereafter, the joint rate controller dynamically allocates the truncation bit-rate for each 

adaptation engine based on the collected statistics from the encoders. Fig. 6.4 shows the 

bit-rate allocated to each video program using the proposed joint rate allocation algorithm 

under different channel bit-rates. It can be seen that the bit-rate allocation is dynamically 

updated on a GOP basis. In general, the tendency for distribution of the bit-rate under 

different channel bandwidths remains. Sequences Foreman and M&D have lower bit-

rates because they have lower scene complexities with respect to the other two video 

programs. 

In the experiments, we also implement another two existing methods for comparison. 

One is equal allocation of bit-rate to different video programs. The other is the algorithm 

proposed in [106]. In this algorithm, the bit-rate for the base layer coding is equally 

allocated to different video programs. Several complexity measures are proposed to 

distribute the channel bandwidth. The most promising one among them is 
,
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TABLE 6.1 

AVERAGE MSE AND VARIANCE OF DISTORTION OF EACH GOP UNDER 
DIFFERENT SCHEMES (CHANNEL BITRATE=2MBPS, GOP SIZE: 16) 

 

 

 

where ,i j
BLsize  is the size of the base layer for GOPi,j and ,i j

BLPSNR  is the average of the 

PSNR between the base layer and the original sequence for GOPi,j. Given the estimated 

complexity, the bit-rate allocation is determined as 
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         (6.17) 

Using this method, the joint rate controller regularly assigns bit-rate that is even low-

er than the base layer bit-rate to the video program with lower complexity. When this 

happens, we let the base layer bit-rate be the allocated bit-rate to this program and the 

remaining channel bandwidth is re-allocated to other programs using the above method. 

Table 6.1 shows the results for different schemes when the total available channel 

bandwidth is 2Mbps. For each GOP, the average MSE of each video program and the 

variance of distortion of all the programs are displayed. The average MSE of a video 

program across all the GOPs is also calculated. It can be seen that the variance of video 
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distortion is greatly reduced using our method, which demonstrates the superiority of the 

proposed algorithm. In contrast, the variance of distortion achieved using the method in 

[106] is much higher. In addition, both the proposed algorithm and the method in [106] 

perform much better than equal allocation. We also notice that the video quality of the 

method in [106] is better than our algorithm for sequences M&D and Foreman. It is 

because that the method in [106] always allocates more bit-rate to the low complexity 

video programs. The increase of bit-rate for the low complexity video can greatly 

improve the video quality. We can observe that the video distortion of M&D is obviously 

lower than other video programs. Comparing these two algorithms, the quality of the 

videos with higher complexity, such as Football and Harbour, is always better under our 

proposed method. 

 

TABLE 6.2 
AVERAGE MSE AND VARIANCE OF DISTORTION OF EACH GOP UNDER 

DIFFERENT SCHEMES (CHANNEL BITRATE =5MBPS, GOP SIZE: 16) 
 

 
 
 

The experiments are also conducted under the channel bit-rate 5Mbps to evaluate the 

performance of these three algorithms. As shown in Table 6.2, the difference of distortion 
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between various video programs is dramatically decreased under each of the algorithms. 

It is because that the base layer quality of different videos may have significant differ-

ence. When the channel bandwidth is low, even if most of the available bit-rate is 

allocated to the video with higher complexity, the reconstructed quality is still much 

lower than the base layer quality of the low complexity video. With increasing of the 

channel bandwidth, the quality difference can be made up by allocating more bits to the 

high complexity video. This further demonstrates the superiority of our proposed 

algorithm. Instead of equal allocation, we distribute the base layer coding rate to different 

videos according to their scene complexities, which makes the base layer quality of 

different videos to be uniform. In Table 6.2, the computed variance of video distortion is 

very small and in general it is no more than 1. It proves both the efficiency of the 

proposed joint rate allocation algorithm and the accuracy of the piecewise linear model 

used to estimate the R-D relationship in the FGS layers. 

We further conduct experiments to test the performance of different schemes when 

GOP size is 30. The results are given in Table 6.3-6.4. Similar results can be seen in the 

tables compared to the results obtained when GOP size is 16. Under different channel 

bandwidths, the proposed method always exhibits more advantage than the other two 

schemes. With increasing of the overall transmission bit-rate, the performance of the 

proposed method greatly improves. 

To compare the computational complexity of our proposed algorithm with the me-

thod in [106], we present the running time of these two algorithms in Table 6.5. Both of 

the two algorithms terminate in negligible time. For instance, our algorithm takes up to 

12.8 milliseconds to solve the joint rate allocation problem for one GOP. Because of its 

low computational complexity, our algorithm is feasible for real-time statistical multi-

plexing. 
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TABLE 6.3 
AVERAGE MSE AND VARIANCE OF DISTORTION OF EACH GOP UNDER 

DIFFERENT SCHEMES (CHANNEL BITRATE =2MBPS, GOP SIZE: 30) 
 

 

 

TABLE 6.4 
AVERAGE MSE AND VARIANCE OF DISTORTION OF EACH GOP UNDER 

DIFFERENT SCHEMES (CHANNEL BITRATE =5MBPS, GOP SIZE: 30) 
 

 

 

TABLE 6.5 
COMPARISON OF RUNNING TIME (IN MILLISECONDS) USING THE PROPOSED 
SCHEME AND THE SCHEME IN [106] (CHANNEL BITRATE=2MBPS, GOP SIZE: 

16) 
 

GOP index Scheme 1 2 3 4 5 6 7 8 9 10 
Proposed 8.1 10.9 11.9 12.8 8.6 10.0 11.3 10.4 10.9 9.5 

[106] 3.2 3.2 3.1 3.3 3.2 4.7 3.1 3.2 4.4 4.7 

 

We also carry out experiments to compare the performance of the proposed algorithm 

with the scheme in [104], where non-SVC based joint rate control algorithm is imple-

mented to allocate the channel bandwidth among video programs with various 
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complexities. The results are shown in Table 6.6. The overall distortion of the scheme in 

[104] is lower than our proposed method. It is mainly because that the scalable coding 

algorithm will result in decrease of the coding efficiency. With the same amount of bit-

rate, the non-scalable coding algorithm can achieve a better video quality. However, it is 

shown in the table that the variation of quality under the proposed scheme is much lower 

than the scheme in [104]. In addition, re-encoding or transcoding is unavoidable using the 

non-scalable coding platform, which consumes a lot of computations compared to the 

proposed method. Therefore, our proposed algorithm is more practical for real-time 

applications. 

 
TABLE 6.6 

COMPARISON OF THE PROPOSED SCHEME AND THE SCHEME IN [104] 
(CHANNEL BITRATE=2MBPS, GOP SIZE: 16) 

 

 

 

6.6 Conclusion 

In this chapter, we deal with the problem of joint rate allocation for multi-program video 

coding on a GOP basis. To the best of our knowledge, most of the existing approaches are 
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based on non-scalable video coding platforms, where computationally expensive 

encoding or transcoding is demanded to adjust the bit-rate of each video program. To 

save the computational complexity of the system, we develop a new statistical multiplex-

ing system, where the scalable extension of H.264/AVC, known as SVC, is applied to 

compress the video programs. In video broadcasting, the minimum video quality 

fluctuation should be achieved while switching from one video program to another. 

Aiming at this purpose, a novel joint rate allocation algorithm is proposed to dynamically 

allocate the available channel bandwidth to different programs in order to minimize the 

variation of quality of the decoded videos. Instead of equal allocation of base layer coding 

bit-rate, we first design a simple and effective method to distribute the bit-rate to different 

video encoders based on the video properties. Second, the coding statistics generated 

from the encoders as by-products are utilized for bit-rate allocation to different video 

programs. Based on this statistical information, a piecewise linear model is proposed to 

accurately estimate the R-D relationship in the FGS layers for the statistical multiplexing 

system. And then we develop a novel golden-section search algorithm to quickly find the 

sub-optimal solution for the bit-rate allocation problem. Experiments are conducted to 

evaluate the performance of the proposed joint rate allocation algorithm under different 

channel bit-rates. The proposed method achieves significant improvement comparing 

with the existing methods. The experimental results show that the variance of quality of 

different video programs is dramatically reduced under our algorithm, which demon-

strates the efficiency and the superiority of the proposed joint rate allocation scheme. 
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Chapter 7 

Conclusions and Future Works 

In this chapter, we summarize the main developments and results in Section 7.1, and 

present some directions for future research in Section 7.2. 

 

7.1 Conclusions 

With fast advances in computing and networking technologies, the network-based video 

applications have attracted more and more interest from both industry and research 

societies. Due to the variation of user devices and the heterogeneity of transmission 

networks, it is desirable to introduce an efficient tool to realize video adaptation. Scalable 

video coding technique allows for simple and flexible solutions for transmission over 

heterogeneous networks, additionally providing adaptability for bandwidth variations and 

error conditions. Simple adaptation can be achieved for a variety of storage devices and 

terminals. In this thesis, a general review of the scalable video coding is given and 

various fundamental techniques in error control and joint rate allocation are studied for 

ATTENTION: The Singapore Copyright Act applies to the use of this document. Nanyang Technological University Library



 134

scalable video transmission. The goal of our research is to produce the best visual quality 

of the reconstructed video with a given resource constraint and achieve better tradeoff 

between computing complexity and quality. In this regards, this thesis provided the 

following contributions: 

The first aspect was on the error control techniques including error resilience and 

error protection methods. 

1) A 2-D channel rate allocation scheme is proposed for MCTF-based SVC. 

In Chapter 3, we address the problem of UEP for scalable video transmission over 

packet-erasure channel. The proposed method jointly considers the dependency of 

different temporal layers in a GOP as well as the dependency of different quality layers in 

each temporal layer. In this way, the available channel protection rate is properly 

allocated to different layers in both the temporal direction and the SNR direction based on 

their importance and the channel conditions to provide a graceful degradation in the 

presence of packet loss. As packet loss rate varies, the channel rate allocation pattern is 

adaptively changed to achieve the optimal result. 

2) An adaptive resynchronization approach is developed for scalable video. 

In Chapter 4, a joint GOP level and picture level resynchronization method is pro-

posed to deal with the bit errors that occur in the wireless networks. For transmission of 

the enhancement layers of the scalable video, we first group different parts of the 

compressed bit-stream into a number of units according to their sensitivity to errors. An 

efficient method is applied to measure the importance of each unit and organize them into 

hierarchical units from the most important unit to the least important one. Considering the 

time-varying channel condition and the significance of different units, resynchronization 

markers are properly inserted in different layers. The effectiveness of the proposed 
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resynchronization method lies in reducing the loss of information based on significance of 

each unit of FGS video streaming.  

3) A bit-rate allocation scheme is presented for broadcasting of scalable video. 

In Chapter 5, we address the problem of wireless broadcasting of scalable video. The 

joint source and channel bit-rate allocation for video broadcasting to multiple receivers 

are studied. Two different channel error protection schemes based on FEC are designed 

for the base layer and the enhancement layers, respectively. To guarantee that all the 

clients can receive the video with a minimum quality, the base layer is highly protected to 

achieve a very low loss rate. On the other hand, UEP scheme is designed for different 

enhancement layers to ensure that a lower layer can be correctly received with a higher 

probability. Given the receivers’ statistics including the bandwidth and the error rate, a 

novel algorithm is developed to determine the source coding bit-rate and the channel 

coding bit-rate of each layer to maximize the system-wide utility. 

The second aspect was on the joint rate allocation for multi-program video coding. In 

video broadcasting, the minimum video quality fluctuation should be achieved while 

switching from one video program to another. Aiming at this purpose, we develop a new 

statistical multiplexing system in Chapter 6, where SVC is applied to compress the video 

programs. We first design a simple and effective method to distribute the bit-rate to 

different video encoders based on the video properties. Second, the coding statistics 

generated from the encoders as by-products are utilized for bit-rate allocation to different 

video programs. Based on this statistical information, a piecewise linear model is 

proposed to accurately estimate the R-D relationship in the FGS layers for the statistical 

multiplexing system. And then we develop a novel golden-section search algorithm to 

quickly find the sub-optimal solution for the bit-rate allocation problem. With the 

proposed scheme, the available channel bandwidth is dynamically allocated and the 
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variation of quality of the decoded videos is minimized. In addition, the computational 

complexity of the system is dramatically reduced comparing with the existing approaches, 

where computationally re-encoding or transcoding is demanded to adjust the bit-rate of 

each video program. 

 

7.2 Recommendations for Future Works 

In addition to the error control and joint rate allocation approaches discussed in this 

thesis, there are some interesting extensions for this work which are presented in the 

following. 

• Hybrid error control for scalable video transmission 

As introduced in Chapter 1, a number of error control techniques can be used to alle-

viate the effect of transmission error. In this thesis, we focus on the error resilience 

and error protection schemes in Chapter 3 and Chapter 4. Different error control tech-

nique is employed to provide robustness for transmission of scalable video separately. 

However, hybrid error control techniques have not been considered. Thus, it would be 

interesting to investigate the joint implementation of all kinds of error control tech-

niques in order to further enhance the error robustness of the transmitted video. For 

instance, one promising approach is to combine the UEP scheme and the resynchroni-

zation method into a unified framework. Moreover, error concealment approaches 

could also be jointly considered to further improve the overall performance. It is ob-

viously that, to achieve the optimal performance, the rate allocation problem would be 

more complicated under such a framework. 

• Cross-layer design for resource allocation in heterogeneous wireless networks 
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Traffic carried by future wireless networks is expected to be a mix of real-time traffic 

such as voice, multimedia conferences and games, and data traffic such as web brows-

ing, messaging and file transfer. All of these applications will require widely varying 

and very diverse Quality of Service (QoS) guarantees for different types of offered 

traffic. Traditionally, different protocol layers in the networks are treated as separate 

entities for specific operations. Different from the traditional works, cross-layer de-

sign approaches are critical for efficient utilization of scarce resources with QoS 

provisioning in the heterogeneous wireless networks [128]. To fully optimize the 

wireless broadband networks, both the challenges from the physical medium and the 

QoS demands from the applications have to be taken into account. Rate, power and 

coding at the physical layer can be adapted to meet the requirements of the applica-

tions given the current channel and network conditions. Information has to be 

exchanged across protocol layers to obtain the highest possible adaptability. There-

fore, considerable works on cross-layer design are desired in order to provide efficient 

end-to-end QoS support for scalable video transmission. 

• Bit-stream extraction for network aware video adaptation 

H.264/SVC can provide a full scalability comprising temporal, spatial, and quality 

scalability or any combination of these scalabilities. It allows transmission and decod-

ing of partial streams resulting in lower temporal or spatial resolution or reduced 

fidelity in order to adapt to the various preferences of end users as well as varying 

network conditions. An extractor can be used to adapt the bit-stream to the target bit-

rate and resolution before the decoder is invoked to decode the extracted partial 

stream. However, the embedded bit-stream consists of a number of operation points, 

at which the bit-stream adaptation can be realized. Truncation of the bit-stream at 

different points will result in different spatio-temporal resolutions and different visual 
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qualities. Given the budget bit-rate, the main objective is to find the optimal operation 

point that leads to the best visual quality. Although optimal adaptation of the scalable 

video have been explored using the R-D framework [127], there still lacks in-depth 

discussion about the selection of the optimal operation point in the cases that the 

frame size of the extracted stream is not specified. Thus, bit-stream extraction for 

network aware video adaptation needs further examination. 

• Joint rate allocation among multiple video programs 

Joint rate allocation algorithm is very important for broadcast systems. In Chapter 6, a 

novel joint rate allocation algorithm is elaborated for multi-program video coding 

using FGS. In this work, the available channel bandwidth is dynamically allocated to 

different video programs to minimize the variation of distortion among multiple vid-

eos in the same GOP. However, the quality variation in successive GOPs for the same 

video has not been taken into account. Since temporal variation may be perceptually 

annoying, some future works on this issue would be worthy of discussion.  Besides, 

other types of scalabilities, such as spatial scalability and temporal scalability, could 

also be considered for rate adaptation to further improve the coding efficiency. 

Besides the above mentioned extensions, it is also a promising direction to consider 

the implementation of the proposed schemes based on different video quality evaluation 

methods. In the current works, objective assessment is used to measure the quality of the 

perceived video, such as PSNR and MSE. In the future works, subjective quality assess-

ment methods should also be explored. We believe that subjective assessment can 

constitute a benchmark for evaluation of the performance of objective assessment metrics. 

By jointly considering both evaluation methods, the overall performance could be further 

improved. 
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