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ABSTRACT 

A multiple description coding technique is presented in this research work. The 

technique proposes to use adaptive techniques described in MPEG-21 to implement an 

innovative technique aimed at splitting encoded video sources outside the encoding 

process. The focus of this research is to develop an adaptive way to generate correlated, 

independently decodable multiple descriptions from a single bitstream. 

To implement the proposed technique, a complete description of the encoded 

bitstream was created using a generic bitstream syntax description (gBSD) tool. A 

splitting technique was implemented based on the gBSD that copies the DC coefficients 

unchanged within each block, while the AC coefficients are split into the number of 

descriptions desired. 

The proposed MPEG-21 based multiple description technique has the advantage 

of increased flexibility and adaptability to deal with existing network conditions. While it 

performs well at high redundancies, it also produces low quality, coarse description at 

low redundancies. 
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CHAPTER 1 

BACKGROUND ON VIDEO CODING, MULTIPLE 
DESCRIPTION CODING AND MPEG-21 

1.1 INTRODUCTION 

The digitization of image, audio and video signals has become a common 

occurrence. It is infeasible to transmit uncompressed video files because of their large 

bandwidth requirements; therefore the subject of video compression has garnered much 

interest. This has led to the success of low bandwidth transmission of video signals [1]. 

To ensure that video coding is of practical importance, the Motion Pictures Expert Group 

(MPEG) has standardized several video coding techniques. The main focus of the earliest 

MPEG standards was video encoding/decoding algorithms. The later standards have dealt 

more with the issues of video storage and retrieval, video transmission and bandwidth 

requirements. The later standards have been possible due in part to the success of the 

earlier established video compression MPEG standards. 

The goal of compression systems is to produce an alternative representation of a 

raw video signal that uses a reduced bitrate to represent as efficiently as possible the 

video signal. While video compression has several important advantages such as a 

decrease in transmission bandwidth and storage requirements, a video sequence with a 

high compression ratio is also more susceptible to losses due to transmission over 
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unreliable networks such as the wireless network [1, 2]. Other issues to be considered 

when choosing or designing a video compression algorithm includes the compression 

algorithms complexity, the choice between variable rate coding as opposed to fixed rate 

coding, as well as bitrate savings against a distortion tradeoff [1, 2]. These issues and 

more are often considered during the design of a video codec. 

1.2 CONTENT GENERATION AND CONTENT DELIVERY 

Two key areas of research have been explored with regards to digital signals -

content generation and content delivery [3]. Content generation includes all the methods 

used for the representation of image, audio and video signals while content delivery deals 

with the efficient transmission of these signals. However, greater success has been 

achieved in the area of content generation over content delivery. The problem 

encountered with content delivery has been how to provide error free content delivery 

across an unreliable network such as the wireless network. Some solutions have been 

proposed to solve this problem. The two main accepted solutions are layered coding and 

multiple description coding (MDC) [3]. 

1.2.1 CONTENT GENERATION 

In order to generate image sequences suitable for use in digitized video 

applications, the raw video has to be sampled. Sampling can either be applied to 

horizontal and vertical pixels in the raw video or it can be applied to a sequence of frames 

thereby digitizing the video sequence. Sampling raw video sequences generates digital 

video content suitable for use in video streaming over the internet. 
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Overtime, several video compression techniques have been implemented. The 

most commonly used include those proposed by MPEG. These include H.261, 

H.262/MPEG-2, H.263 and H.264 [1]. These compression techniques have garnered 

widespread use and success. Wavelet coding has also been introduced for use in video 

content generation. The International Telecommunication Union (ITU) Specialist Group 

has proposed several digital video formats for use in MPEG video compression standards 

[1]. These digitized video resolutions include: The Standard Input Format (SIF), the 

Common Intermediate Format (CIF) and the Quarter CIF (QCIF) which is a low bitrate 

version of CIF. In general, MPEG compression standards support one or more of these 

digital video formats e.g. H.261 supports both CIF and QCIF digital video formats [4]. 

Today, due to the exceptional success achieved in the field of video compression 

and video formatting there are as many multimedia coding technologies and users of 

these technologies as there are the hardware devices that use these technologies. The user 

in this context is the application, program, device or person etc that makes use of any 

multimedia content. There is currently an unprecedented demand for high quality 

multimedia content and change seems to be the only constant. The multimedia industry is 

scrambling to keep up with the user's need while users are also demanding to have 

customized multimedia content based on their preferences, the usage environment 

characteristics and device capabilities etc. They seek the ability to request a given 

multimedia content compressed using a compression standard of their choice which 

supports a particular digital format. 

Users seek the ability to adapt multimedia content to suit each user's needs, 

thereby maximizing the user's experience. To deal with this changing role of users, and 
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to ensure universal multimedia access (UMA), it is only feasible to adapt the multimedia 

content to fit the environment and not vice versa [5]. 

1.2.1.1 Multimedia Adaptation 

Several solutions have been proposed to solve the problem of multimedia 

adaptation. One of such solutions is instantaneous transcoding. This involves an 

intermediary node located between the multimedia provider and the user performing 

instant encoding/decoding operations based on each user's preference [5]. Needless to 

say, this solution is rather cumbersome, cost intensive and impractical. Another solution 

proposed to solve this problem involves the multimedia service provider making 

available a single multimedia content in multiple video coding standards, at different 

qualities and sizes. At the point of delivery, the receiving device has the opportunity to 

make a choice of the desired standard, size and quality. This choice is often made based 

on the receiving device's capabilities. The bandwidth requirement of this solution makes 

its implementation a less likely possibility. Also, due to the large number of available 

coding standards currently in existence, it becomes next to impossible to implement this 

solution. 

However, the MPEG has standardized a framework for the adaptation of motion 

pictures. This framework is specified in part 7 of the MPEG-21 standard [6]. This 

framework provides a technique that is beneficial to both the content provider and the 

user. It specifies a basis for product compatibility and interoperability while at the same 

time enabling content adaptation based on user preferences. This work of research 
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proposes a framework for the efficient delivery of video content across a network while 

also providing for content adaptation. 

1.2.2 CONTENT DELIVERY 

Although a lot of advancement has been made in the area of transmission losses 

and network performances, there is still currently no guarantee that information 

transmitted across a network would be delivered error free. The focus of current research 

is to find a way to transmit information given existing network conditions in such a way 

that the decoded information will still be of a visually acceptable quality. 

1.3 AN INTRODUCTION TO MPEG-21 

Overtime a lot of work has gone into the research, development and 

representation of multimedia information. Due to these researches, sufficient information 

has been made available about the consumption and delivery of multimedia. The problem 

was that there was not a coherent structure that collated all these information and 

provided a unified front that was inclusive of information about each individual element 

while at the same time explaining how each element relates to other elements. To solve 

this problem, MPEG introduced a new standard; the ISO/IEC 21000 standard commonly 

known as MPEG-21 [7]. 

MPEG-21 provides the required framework that enables the use of multimedia 

information over various networks. This framework has an open design that provides a 

structure for the "creation, consumption, production, personalization, delivery or trade of 

multimedia content" [7]. MPEG-21 provides a generic architecture that can be employed 

5 



in a unified way across the board by engineers in the field of video compression while not 

specifying the exact methods that must be used to implement any aspect of the 

framework. MPEG-21 strives to provide standardization within an open framework that 

enables interoperability. 

MPEG-21 provides a framework for the personalization of video content. Part 7 

of the MPEG-21 standard specifies the framework for MPEG-21 Digital Item Adaptation. 

The digital item adaptation (DIA) framework enables multimedia content to be adapted 

based on several constraints which include but are not limited to the following: 

1. User characteristics. 

2. Terminal capabilities. 

3. Network characteristics. 

4. Natural environment characteristics etc. 

1.4 AN INTRODUCTION TO MULTIPLE DESCRIPTION CODING 

In the 1970's, the idea of an MD coder was initially proposed out of a practical need 

to solve the problem of speech transmission over a telephone network. The idea of an 

MD coder then went from a proposed solution to solve a practical problem to a research 

and theoretical idea. This theory eventually gave rise to a solution to a practical 

engineering problem when an MD coder was proposed by Jayant for speech splitting [8]. 

Some early researchers who also studied MDC include Boyle and Miller [9, 10]. 

Finally, sometimes in the early 1980's [11], the odd/even sample splitting 

technique proposed by Jayant was implemented for speech coding [3]. The MD problem 

was officially formalized in 1979 at an information theory workshop by Witsenhausen et 
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al. [3]. Overtime, this problem has evolved from usage strictly in speech coding to find 

applications in the design of video codecs. 

1.5 PROBLEM DESCRIPTION 

The MD problem as identified by Goyal [3] is a channel splitting problem in 

which two individual descriptions of the source are transmitted separately and the 

limitations on the quality of these descriptions are observed either by studying each 

description separately or by studying both descriptions jointly. 

For the purpose of this research, the MDC problem is considered not so much as a 

channel splitting problem but more as a source splitting problem. Consider a source 

coding problem in which it is desired to transmit information over a network whose QoS 

cannot be guaranteed. Assume that the information transmitted across such a network is 

either received error free or lost. The desire is to solve the problem of network losses by 

generating two equally important descriptions of the source, such that each description is 

a low quality version of the source. These two descriptions can either be sent across a 

single channel or across two different channels. Provided that both descriptions are not 

simultaneously subject to losses, and provided at least one description is received at the 

decoder error free, a low quality version of the original source can be reconstructed. 

Peradventure both descriptions are received at the decoder, an increased quality version 

of the source can be reconstructed. 

The goal of this research is to develop a multiple description technique that uses 

the video adaptation tools of MPEG-21 DIA to split a video source into two or more 

descriptions. 
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1.6 CONTRIBUTIONS 

This research proposes a framework for the efficient delivery of video content 

across an unreliable network while providing for content adaptation. The proposed 

technique performs the video encoding process using the intra coding mode of the H.261 

video coding standard. While the H.261 video coding standard was used, the proposed 

technique can also be implemented using other video coding standards such as H.263 or 

H.264. An efficient way for adapting the gBSD of the encoded bit stream is proposed 

using MPEG-21 DIA. The proposed technique uses the powerful tools of MPEG-21 for 

the purpose of MDC thereby establishing a means for enabling post encoding distribution 

of the encoded video sample. 

Taking advantage of the fact that the more redundancy present in any information 

source, the higher its compression performance, a splitting technique is implemented. 

This splitting technique is different not only because it is implemented by transforming 

the gBSD of the encoded bitstream, but also because the splitting technique is not 

implemented within the traditional framework of the encoding process, but rather outside 

the encoding process, thereby creating a more flexible, adaptable way to split the encoded 

bitstream. 

The instructions used by the parser to split the gBSD is provided using a suitable 

transformation language, thereby generating two or more new transformed gBSDs that 

conform to the splitting constraints. Using the DIA engine provided by the MPEG-21 

framework, the adapted bitstreams can be developed from the transformed gBSDs and 

the encoded bitstream. Finally, the side descriptions can be reconstructed by decoding the 
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adapted bitstreams. The proposed technique provides an approach to MDC that enables 

UMA without the need for further processing such as instantaneous transcoding. 

1.7 THESIS ORGANIZATION 

This thesis work is organized as follows: Chapter one provides an introduction of 

the subject matter. A description of the thesis problem is also provided in this Chapter. 

Literature review of existing research is presented in Chapter 2. This Chapter also 

provides a more in-depth view of the information theory aspects of the MDC problem. 

An overview of the existing MDC implementations is also presented in Chapter 2. In 

Chapter 3, a detailed description of the methodology used to implement the proposed 

MDC process is presented. An overview and analysis of the results obtained from the 

implementation of the proposed technique is given in Chapter 4 while the conclusion and 

future works are presented in Chapter 5. 
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CHAPTER 2 

AN OVERVIEW OF MDC 

2.0 INFORMATION THEORY AND MULTIPLE DESCRIPTION CODING 

Existing MDC research often elects to examine the standard MDC design [11, 

12]. This decision is often formed based on the fact that any proposed design that is 

effective with the standard MDC design can often be generalized to any number of 

descriptions with a high level of success [3]. For the purpose of this research work, the 

dual description MDC is also first implemented. Provided that both descriptions are not 

consecutively lost, a reconstructed signal of acceptable quality can always be obtained 

while if both descriptions are received a higher quality reconstruction can be obtained. 

This makes MDC a viable option for real time applications such as video conferencing 

[11]. This standard MDC design with two descriptions, two channels and three decoders 

is shown in Figure 2.1. 

10 
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FIGURE 2.1 Standard 2 Channels, 3 Decoders Multiple Description Coder. 

An ideal MD network is composed of two channels. Either of the two channels 

can fail with a probability of 0.5. Assuming the probability that any given channel fails is 

represented by Pf„ then 

P f l= 0.5 where i= 1,2 EQ. 2.1 

In MDC, a description is either received in its entirety error free or it is lost. 

Likewise, a channel either works throughout the transmission of a description or it fails 

[11, 12]. In the standard MDC described above, the following assumptions are made: 

i. Both descriptions can be simultaneously received but cannot be simultaneously 

lost. 

ii. Both channels cannot simultaneously fail. 
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The MD encoder is tasked with creating two descriptions. Both descriptions are 

sent individually over separate channels with bitrates (bits per source) R i where i can be 

1 or 2. The rate of the description is usually the length of that representation [3]. The total 

rate for both descriptions is given by 

RT = Rl + R2 EQ. 2.2 [11] 

Given that the input to the encoder shown in Figure 2.1 is an n dimensional vector 

Y. The encoder is required to transmit the source vector Y across the two channels to the 

decoders. The middle decoder is the central decoder while the other two decoders are 

known as side decoders. The central decoder is capable of receiving information across 

both channels while the side decoders can only receive information over its respective 

channel. The encoder generates two codewords fi(Y) and f2(Y) which are transmitted 

across channels 1 and 2 respectively. The rate R for a (Y, n) code is given as 

R = 1/nlogY EQ. 2.3 [13] 

This can be generalized for the case of 2 code words as 

R{= l/nlogfi(Y) i = l , 2 EQ. 2.4 

Where "i" denotes the channels of transmission. The encoder transmits the two code 

words at rates Ri and R2 respectively across the two channels to the decoders. Each 

decoder has a decoding function denoted by hi, h2 and h0 where hi and h2 are the 

decoding functions for the side decoders while ho is the decoding function for the central 

decoder. The decoding functions are responsible for generating a reconstruction of the 

received codewords. Based on the assumptions made previously, the central decoder and 

the side decoders generate reconstructions Yo, Yi and Y2 respectively as follows: 

YQ= M/ioa/2oo) EQ.2.5 
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V,= M/iQO) EQ.2.6 

^2= M/2QO) EQ.2.7 

Although the encoder is not aware of any channel failures, the decoders have this 

information which is used to identify which decoder would be used for the 

reconstruction. As shown by the three equations above, three scenarios are possible at the 

decoder side. Scenario 1: Both descriptions are received and the central decoder 

generates the reconstruction Yo. This gives rise to distortion Do at the central decoder. 

Scenario 2: Description fi(Y) is lost while f2(Y) is received. Therefore side decoder 2 is 

used to create a reconstruction Y2. This gives rise to distortion D 2, i- Scenario 3: 

Description fa(Y) is lost while fi(Y) is received. Side decoder 1 is therefore used to create 

reconstruction Yi. This gives rise to distortion D 1,2. 

If both descriptions are balanced, then the following occurs 

i) D ,)2 = D 2,1 EQ. 2.8 

ii) i?i = R2 EQ. 2.9 

Since distortion relates to the quality of the reconstruction [3], generally, the 

central distortion is often much lower than the side distortions since the central decoder 

produces a higher quality reconstruction of the source compared with any of the side 

decoders. 

2.1 STATE OF THE ART 

The idea of splitting a source signal into two or more subsets was first researched 

in the 70's by Boyle and Miller while they were working at the Bell Laboratories [3, 9, 

10]. This idea stemmed from the need to provide a more efficient way to transmit speech 
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over a telephone network while taking into consideration the losses that can occur over 

the transmission line. Towards the end of the 70' s and during the early 80's, the problem 

of MDC became well formulated and resulted in a number of publications both within the 

Bell Laboratories and at other international conferences [8, 9, 10, 14]. Early researchers 

in this field recognized MDC as a problem whose solution was to be discovered based on 

information theory principles. 

In 1981, Jayant [8] proposed the use of sub-sampling and MDC principles for 

speech coding. Around that same time, El Gamal et al. [14] considered the MDC problem 

from a different perspective: Provided that a source signal can be split into two or more 

'individually good' subsets, their research was targeted at discovering what rates can be 

achieved. This research led to the publication of a landmark paper which is still relevant 

and commonly referenced in the field of MDC. 

Although the idea for MDC has been in existence since the 70's, it has not always 

been used for video coding. Prior to its introduction into video coding, layered coding 

was often used as the technique of choice for the transmission of video content across an 

unreliable network. As such layered coding has been studied for quite some time by a 

number of researchers [15, 16, 17]. Layered coding involves generating a base layer and 

one or more enhancement layers. The base layer is composed of the most important 

content of the source without which it may be impossible to reconstruct it while the 

enhancement layers contain information, that when added to the base layer, improves the 

quality of the reconstructed source. The base layer produces a coarse reconstruction of 

the source at the decoder. Without the base layer, the enhancement layer is not useful as it 

can produce no reconstruction of the source. The base layer is transmitted with a higher 
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quality of service (QoS) requirement while the enhancement layer receives little or no 

service guarantees. For layered coding to be effective, the base layer has to be delivered 

virtually error free. This makes transmission over wireless networks even more 

unreliable. When received, each enhancement layer improves the quality of the 

reconstructed source [18]. Layered coding has been effective under conditions where in 

regards to rate distortion, packet scheduling has been optimized, but under circumstances 

where packet schedule optimization has not been achieved, the performance of layered 

coding has left more to be desired [18]. Regardless, due to the high QoS guarantee 

required by the base layer in layered coding, an alternative was needed. 

The subject of MDC has been studied as an alternative to layered coding, 

especially for the transmission of a source over unreliable channels [19, 20, 21, 22]. In 

MDC however, the source is decomposed into multiple bitstreams or chunks of data 

which are often referred to as descriptions [2, 3] .Each description is of equal importance 

and is individually encoded and transmitted either in tandem with the other descriptions 

over the same channel or across separate channels over a network in multiple path 

transport (MPT). Each description received provides a low quality reconstruction of the 

source. The MDC decoder is then able to reconstruct a signal with an acceptable quality 

from each of the received descriptions [12]. The quality of the reconstructed signal in 

MDC improves with each successive description received. The goal of MDC is to allow 

reconstruction to proceed by combining any subset of the received descriptions even 

though there may have been losses of descriptions during transmission. 

MDC is not always optimal compared to layered coding and vice versa, but it 

provides a suitable alternative depending on the required application especially since 
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there is no need for retransmissions which significantly simplifies the required network 

design [11]. 

From the late 80's until date, research in this field has progressed. During this 

time, MDC has gained more relevance, not only in speech coding but also in video 

coding. MDC is currently used in video coding because it provides an efficient way to 

transmit video content across error prone and unreliable wired or wireless networks. 

While a general consensus exists about the relevance of MDC techniques in video 

coding, researchers have approached the study of MDC in video coding from two key 

directions. Some researchers have explored achievable rates and the relationship that 

exists between these achieved rates and the distortion introduced. This approach is 

representative of the El Gamal et al. approach to the MDC problem; however, it is geared 

towards video coding. On the other hand, other researchers have taken a more traditional 

approach by studying ways to efficiently encode and split a video source into individually 

good descriptions. As both of these approaches have led to important discoveries in this 

field of study and often tend to overlap, they are both presented in this Chapter. An 

examination of existing research, pertinent variations in techniques and their 

corresponding strong points are also presented. 

2.2 LITERATURE REVIEW OF ACHIEVABLE RATES AND THE RATE 
DISTORTION THEORY FOR MDC 

Rate distortion theory is the aspect of information theory that examines the 

relationship between the rate and the distortion levels that can be obtained for a given 

description. Rate is a measure of the length of a description while distortion is a measure 

of the quality of the reconstruction. In most practical applications, it is often impossible 
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to achieve optimal rates while simultaneously achieving optimal distortion performance. 

There is therefore a tradeoff between both. Using this theory, a method for measuring the 

performance of a codec can be established assuming that a given reconstruction quality is 

associable with a given length of the description. 

2.2.1 ACHIEVABLE RATES AND THE CORRESPONDING 

RATE- DISTORTION REGION FOR MULTIPLE DESCRIPTIONS 

In 1982, El Gamal et al. [14] presented their proposal on the achievable rates for a 

multiple description system. Today, most multiple description systems are designed 

based on their proposed design. Assuming that we have a sequence Xj , i = 1,2 that is 

composed of independent identically distributed (I.I.D) discrete random variables which 

are drawn according to p(x); where p(x) is a known probability mass function (PMF), the 

question proposed by El Gamal et al. is how to determine what rates R\ and R2 should be 

used to send two descriptions of X such that a receiver 1, with access to only description 

1 can recover X\ with distortion Di; likewise, a receiver 2 with only description 2 can 

recover X\ with distortion D2 and finally, a receiver with both descriptions can recover X\ 

with distortion Do. Put simply, what set of (Ri, R2) is necessary and sufficient to achieve 

the fixed distortions Do, Di and D2? 

This problem came about as a result of the need to send a description of a given 

stochastic process to a destination over a given communication network across which 

losses may occur. To deal with these losses, the description is split, such that each 

description must be individually good. For each description to be individually good, they 

necessarily must be dependent since when both descriptions are independent, they 

generally cannot be individually good [14]. 
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Goyal has a different approach to the rate-distortion problem. Goyal [3] defines a 

rate distortion pair (R, D). This rate distortion pair is said to be achievable provided that 

there exists a source with the distortion D and the rate R, given that the length of the 

source code is some positive integer n. The set of all achievable rate-distortion pairs form 

the rate-distortion region [3]. Based on this rate-distortion region, Goyal defined two 

functions: The rate-distortion function R(D) and the distortion-rate function D(R). R(D) 

is defined as the minimum rate achievable such that the rate distortion pair is located 

within the rate-distortion region. Likewise D(R) is defined as the minimum distortion 

achievable such that the rate-distortion pair is in the rate-distortion region. 

Goyal concluded that although the rate distortion problem has been solved for a 

limited number of sources and distortion measure, it is generally very difficult to obtain 

an optimal solution. This is due to the fact that it is next to impossible to determine the 

boundary of the defined rate-distortion region based solely on a given set of definitions. It 

is also difficult to design a variable length n source code that effectively minimizes the 

rate for a given distortion or on the flip side minimizes the distortion for a given rate [3]. 

Wang et al. [11] proposed another method for the measuring of the performance 

of an MD coder based on the rate distortion theory. Given that the distortion D0 is 

minimized for a fixed rate R in a single description coder (SD coder), the performance of 

the SD coder can be measured by its rate-distortion function R (Do). While the task of 

measuring the performance of an SD coder becomes relatively easy, translating this 

performance measure to a standard MD coder poses some difficulty since there is a 

requirement to minimize the distortion for both the central decoder and the side decoders 

simultaneously. To solve this problem, the method proposed [11] uses the redundancy 
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rate distortion curve (RRD) which was initially proposed by Wang et al. [23] to measure 

the efficiency of an MD coder. 

To implement this method, first the best quality achievable by an SD coder when 

a predetermined rate R* is used is defined as the central distortion D0 for the SD coder. 

The MD coder then attempts to match the central distortion Do achieved by the SD coder. 

The rate at which the MD coder achieves Do is defined as R. The redundancy required by 

the MD coder to achieve Do compared to the SD coder intuitively gives the redundancy 

measure p which is defined as 

p = R- R* EQ.2.10 

From the redundancy measure, the RRD function was intuitively defined as 

p (Di; Do) which is the additional bit rate required in an MD coder in order to obtain a 

minimized side distortion Di of that MD coder at central distortion Do. 

Wang et al. [11] then formulated an MD encoder optimization problem based on 

an ideal MD network. An assumption was made that the probability of failure of the 

channels in the ideal network was known. Subject to a rate constraint, their approach was 

to minimize the average distortion on the basis of the known channel probabilities. This 

gives 

m m ( ( l - P ) 2 D 0 +2p(l-p)D1+/U?) EQ.2.11 [11] 

Z,M 

Given the rate constraint that R < R max where 

Z is the performance parameter of the SD coder 

M is the performance parameter of the MD coder based on Z and 

R is the total rate 

R = R*(Z) + p(M,Z) EQ.2.12 [11] 
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Substituting EQ.2.12 into EQ.2.11 gives 

min {(1 - p ) 2 D0 (Z) + AR* (Z) + min{ 2p(l -p)D,(Z,M) + Ap(M,Z)} EQ.2.13 [11] 
Z Af 

Based on the equations above, the rate distortion problem was hence intuitively 

described as the problem of allocating a total rate R max between R* and p such that the 

average distortion is minimized [11]. 

2.2.2 GENERAL BASIC DEFINITIONS OF RATE DISTORTION THEORY 

Given that we have a sequence Xu i = 1, 2 that is composed of i.i.d discrete 

random variables which are drawn according to P (x); where P (x) is a pmf. 

Given a reconstruction space X that is associated with the distribution measure 

d: X x X => R, the distortion measure on sequences can be defined by obtaining the 

average per symbol distortion. 

Therefore, given n - sequences in Xn x X n , the distortion measure is defined as 

d(x,x) = ^Td=id(xi,xi) EQ.2.14 

The definition can then be extended to the case of descriptions and their reconstructions. 

If a description x G. Xn maps i: Xn => {1, 2 . . . 2nR] where R is the rate of that description 

in bits per symbol of x, then the reconstruction of the description X is a map 

x: { l , 2 . . . 2 n R } => fn EQ.2.15 

This reconstruction leads to a distortion D(n) which is the expected average per symbol 

distribution 

D(n) =Ed(X,x(i (x))) EQ.2.16 

= E(£)E£=id(*k,*k( i (X))) . EQ.2.17 
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"This rate distortion pair is said to be achievable for { XJi = / if for n = 1, 2 . . . ., there is 

a sequence of rate R descriptions and reconstructions i: Xn =>{1, 2 . . . ., 2nR} and 

X : {1,2 . . . 2nR} => Xn, respectively such that D < D, for all n sufficiently large ". 

2.3 LITERATURE REVIEW OF TECHNIQUES FOR MULTIPLE 
DESCRIPTION CODING AND THE ARCHITECTURE FOR VIDEO 
ADAPTATION 

Overtime, a lot of research has been done on the subject of MDC. These studies 

have led to the development of various techniques for implementing MDC. Some of these 

techniques are briefly discussed in this section and will be discussed further in 

subsequent sections. Goyal [3] gives a very detailed overview of the history and 

background of MDC as well as state of the art information on the current technologies 

and techniques used for the implementation of MDC. MDC is generally based on the 

premise of sub-sampling a source signal, thereby decomposing it into any number of 

subsets. This decomposition can either be done in the spatial, temporal or frequency 

domain [24, 25, 26, 27, 28.]. 

Wang et al. [11] proposed a technique for the implementation of MDC in video 

coders. This technique is the use of predictive coding in MD coders. For the standard two 

descriptions, three decoders MD coder, the state of the decoders can be any one of three 

possible states. In predictive multiple description coding (P-MD Coding), the video 

encoder tracks the state it expects to be present at the decoder and bases its predictor on 

that state. Currently, predictive coding is commonly used in video coders. Another 

technique is MDC using unequal forward error correction (FEC) [11, 29, and 30]. This 
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method is suitable for use with scalable bitstreams. In this technique, different bitstreams 

have different levels of FEC applied. 

Although both of these techniques provide a viable implementation of MDC in 

video coders, the drawback of using P-MD coders is the issue of mismatch control. 

Mismatch is a condition that occurs when the encoder uses a signal for prediction that is 

not present at the decoder [11]. This problem of mismatch can be avoided by using the 

appropriate class of predictors. Although MDC is generally based on the inclusion of a 

certain level of redundancy information in each description, MDC using unequal FEC 

requires a higher level of redundancy than most MDC techniques. An overview of both 

of these techniques is provided in Section 2.2.1. 

There have been several MDC techniques that have been based on transform 

coding [2, 27, 28]. These techniques use wavelets, DCTs or LOT for MDC. Other 

techniques go a step further by incorporating motion compensated prediction [31]. 

Although 2D transform coding along with motion compensated prediction is a commonly 

used technique for video and MD coding, it is possible to achieve a 3D transformation of 

a video sample. This is done by replacing motion compensated prediction with a 

transform along both the spatial and the temporal axis; a temporal axis transform is 

required to handle the temporal correlation present between the frames in the video 

sample. A comparison of both of these techniques in terms of compression efficiency 

indicates that the motion compensated video compression technique out performs the 3D 

transform method. In terms of computational speed however, the 3D transform method 

out performs the motion compensated prediction method. 
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Tillo et al. have proposed a zero-padding DCT based MDC technique [32] that 

also falls in the transform coding group of techniques. This technique is suitable for both 

image and video coding. The basis of this technique is to oversample the original source. 

The source is discrete cosine transformed prior to being oversampled. Next, IDCT is 

performed on the zero-padded source to produce a transformed source with a new size 

characteristic. This new source is then sub-sampled thereby splitting it into two 

descriptions which can now be encoded. Provided both descriptions are received by the 

decoder, they are interlaced and the full source information is recovered, while if either 

description is lost, the missing information can be obtained through linear prediction. 

Su et al. and Verdicchio et al. have also proposed innovative MDC techniques 

worth mentioning. Su et al. [33] proposed a novel multiple description technique based 

on the video coding tools provided by H.264/AVC. Their proposed technique uses a 

Main Slice Group (MSG) and a Side Slice Group (SSG) to split the video sequence into 

two descriptions. The MSG provides the most essential portion of the information 

contained in the source. This information is encoded using the standard H.264 technique, 

while the SSG provides the redundancy information. The portion of the source that 

comprises the redundancy information is coarsely encoded with larger quantization steps 

and fewer bits compared to the MSG. This splitting technique proposed by Su et al. is 

similar to that proposed by Norkin et al. [2] for use in 3D-DCT based MDC. This 

technique uses a coarsely quantized shaper along with a finely quantized residual 

sequence which provides the enhancement information. 

Verdicchio et al. [34] have proposed a MDC scheme suitable for Scalable erasure 

resilient video coding. This technique is called Embedded MDC. It is so called because it 
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uses embedded multiple description scalar quantization to provide video scalability and 

erasure resilience. Provided that transmission is done across reliable channels, improved 

visual quality is ensured as opposed to increased erasure resilience which is not essential 

under the current channel conditions. However, when transmission of the source 

information is done across unreliable channels, visual quality is traded for increased 

erasure resilience. 

Chen et al. [35] have proposed a technique that combats the packet losses that can 

occur while roaming in a wireless local area network (WLAN) with MDC techniques, 

thereby ensuring that a constant video quality can be achieved. These losses often occur 

due to fading and handoff, hence multipath transport is used to increase network 

reliability. Therefore, combining the error resilience properties of MDC with the 

capabilities of multipath transport, a greater service guarantee can be achieved regardless 

of the inherent losses. In the proposed technique, network capabilities and conditions are 

obtained by utilizing active probing along with a channel status detection mechanism. A 

transcoder stores a list of possible paths based on the channel quality of each path. By 

making use of this information, the transcoder makes a decision about whether to send 

data without MDC over a single channel with excellent quality or to send data after 

applying MDC over two channels with good quality, thereby increasing the probability 

that an acceptable quality reconstruction will be achieved at the decoder. 

In addition to the current advances made in the field of multiple description 

coding, advances have also been made in the area of video adaptation. Video sources can 

be adapted in several ways including but not limited to formatting adaptation or 

conversion, bandwidth reduction [36, 37], video transcoding [38] and quality adaptation 
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[39] etc. These adaptation techniques often make use of the powerful adaptation tools of 

MPEG-7 and MPEG-21. These tools were developed to help with the adaptation and 

delivery of digital video. 

Devillers et al. [40] have proposed using the BSD tool of MPEG-21 for the 

adaptation of streaming video. The proposed adaptation technique uses both BS Schema 

and the BSDtoBin processor for adaptation. Iqbal et al. [5] have also proposed a similar 

adaptation implementation for use with H.264. However, this implementation replaces 

the BSD tool with the gBSD tool, thereby enabling a more abstract and general approach 

towards the transformation of a bitstream. 

Negru et al. [41] have proposed a technique based on MPEG-21 that provides 

access to multimedia services irrespective of the geographical location of the user. This 

technique uses an ambient middleware along with the adaptation tools of MPEG-21 to 

adapt the services requested by the user in a way that maximizes the user experience. 

Two middleware were used in this implementation: the home ambient middleware 

equipment (HAME) on the home service platform and the terminal ambient middleware 

device (TAMD) at the mobile side. Based on the user specific metadata description 

provided by MPEG-21 i.e. user preferences, terminal capabilities and network 

characteristics, HAME is able to adapt the requested services prior to transmitting it to 

the mobile user. TAMD can also request those same multimedia services based on the 

mobile user's home service platform, thereby ensuring that the mobile user has access to 

the same multimedia services. 

The authors in [42] have also proposed the use of the MPEG-21 DIA framework 

for event-on-demand (EoD) video adaptation. The proposed technique also uses the 
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multimedia description schemes provide by MPEG-7. This technique was implemented 

in three basic steps: first, selected or identified event information was obtained from the 

bitstream along with an MPEG-7 annotation XML file, thereby generating a generic 

bitstream syntax description. Next, in order to make informed adaptation decisions, 

MPEG-21 metadata providing user preference and network characteristics information 

etc. was used. Finally, the adaptation was achieved using an adaptation engine that 

automatically parses the gBSD and the adaptation decisions formulated in stage two. This 

proposed technique obtains user preference information by allowing the user to choose 

their events of choice. The user can choose several events and assign varying levels of 

importance to such events. Based on these choices, the adaptation technique allocates 

more resources to the selected events in a priority based way. By using MPEG-21 DIA as 

well as the gBSD tool, this implementation ensures a more universal approach while 

minimizing computational cost. 

Huang proposes the use of MDC for the adaptive delivery of media content across 

wireless networks [43]. This proposed technique is different from other techniques 

because it does not use an MPEG-21 based adaptation approach. The proposed technique 

uses MDC to maximize the quality and satisfaction of the media user. In general, there 

are several adaptation techniques that can be used to implement the MDC of a video 

sample. These techniques include format conversion, rate adaptation and MDC based on 

down sampling to achieve a lower resolution. Rate adaptation based MDC techniques can 

further be subdivided into adaptation based on frame or DCT coefficient dropping, 

scalable coding and object encoding where based on the region of interest (ROI), some 

objects can be disregarded based on network conditions and re-quantization [44]. Huang 
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[43] proposes a technique whereby based on current network conditions, MDC is 

implemented not only based on the adaptation techniques given above but also based on 

video to image adaptations, image to text adaptations and text to audio adaptations. The 

decision about the modality or level of adaptation used should be made based on user 

preferences, resource constraints or network conditions [43]. 

There has been sufficient research done on MDC by various researchers who have 

introduced several techniques for its implementation. Likewise, there have also been in-

depth studies into the architecture of video adaptation as well as the techniques used to 

perform video adaptation. However, there has been little or no research that has 

investigated the use of MPEG-21 adaptation techniques to implement MDC. 

2.3.1 THE ARCHITECTURE OF COMMON MULTIPLE DESCRIPTION 
CODING TECHNIQUES 

The architecture of some of the commonly implemented MDC techniques which 

have been introduced earlier in this Chapter is described below. Their advantages, pros 

and cons are also presented. 

2.3.1.1 Predictive Multiple Description Coders (P-MD Coders) 

During the designing phase of a predictive coder, it is always important that 

predictions formed at the encoder matches those formed at the decoder. This is done to 

prevent mismatch. While mismatch control is an important design consideration for these 

types of MD coders, redundancy allocation is also important. There is a trade-off between 

mismatch control and redundancy allocation since mismatch control may lead to 
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increased redundancy requirements. It is therefore necessary that depending on the actual 

goal of the design, mismatch control may be foregone in favor of optimal redundancy 

allocation and vice versa. 

MD-Predictive coders are well discussed by Wang et al. [11]. Predictive coders 

base their predictor upon the state that the encoder expects to be present at the decoder. 

Provided that no information is lost, the encoder state and the decoder state are identical 

[11]. In the case of a generic predictive MD-Coder with 2 descriptions, 2 side decoders 

and a single central decoder, there are 3 states on which an encoder can base its predictor 

upon. However, there is no way for the encoder to determine precisely which of the 3 

available states are present at the decoder. In a situation where the encoder then uses a 

predictor based on a state not available at the decoder, this leads to mismatch and 

invariably, error propagation since mismatch error in one frame will be propagated onto 

the remaining frames. 

The generic P-MD Coder has to produce two useful descriptions irrespective of 

mismatch and state problems, therefore various techniques have been developed to deal 

with the problems associated with the design of predictive MD-Coders. The predictors 

that may be encountered in a P-MD Coder can be categorized into three different classes 

on the basis of the existing tradeoff between the side distortion and the overall 

redundancy as follows [11]: 

1. Class A Predictors: This class of predictors has no mismatch i.e. the encoder has 

created a prediction error signal using identical predictors as the decoder. This is 

done irrespective of the current decoder state. This can be done either by using a 

two state encoder or by using only one predictor. A two state encoder [45] is one 
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that uses two separate predictors which make predictions based on information 

obtained from both descriptions. 

2. Class B Predictors: The predictor used by this class of predictors is the same 

predictor used by any single description predictive encoder. Using this class of 

predictors introduces no additional redundancy, however, because the decoder 

requires both descriptions to form this prediction, Class B predictors introduce 

mismatch while minimizing the prediction error. 

3. Class C Predictors: This class of predictors enables a trade-off to be made 

between prediction efficiency and mismatch control. Depending on the desired 

outcome, appropriate levels of prediction efficiency and mismatch can be chosen. 

The level of prediction efficiency is measured against the performance of a single 

description predictor. 

In general, various predictive coders can be formed based on different classes of 

predictors. In predictive MDC, the mismatch introduced can be controlled by propagating 

intra-coded (I-Frames) frames periodically to remove mismatch that may have 

accumulated over time. 

2.3.1.2 Multiple Description Coding Using Unequal Forward Error Correction 
(MD-FEC) 

MD-FEC was first proposed by Albanese et al. [29] and by Davis et al. [30]. This 

method is based on scalable bitstreams. Unlike previous MDC techniques where the 

computational complexity of the source coder is increased by having the encoder split the 

source into multiple descriptions thereby yielding the M descriptions directly, in MD-
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FEC, unequal cross-packet FEC is applied to various parts of the compressed bitstream 

thereby yielding various descriptions. 

First, the scalable bitstream is divided into 'A' layers; each of these 'A' layers is 

further subdivided into 'B' groups each having an identical length. To yield the various 

descriptions, a Reed-Solomon (RS) code has to be applied across the equal-length 'B' 

groups, thereby yielding 'A' groups [11]. Each description is therefore composed of a 

combination of the bits from one particular group picked across all the layers. For 

example, if there are ten layers in the scalable source code, and each layer is divided into 

T groups; then description ' C would be composed of the bits from group ' C across all 

ten layers. To recover the original bitstream from the descriptions, Reed-Solomon 

decoding would have to be applied. 

Applying MD-FEC to scalable video coders involves each Group of Pictures 

(GOP) being partitioned into the required number of layers and then applying unequal 

FEC to the different layers. The optimal number of layers required can be decided by 

reducing the expected distortion based on a defined total rate constraint such as channel 

coding [11]. For temporal prediction, it is necessary to include a number of layers as 

reference layers. Class A predictors require that only one layer be used for prediction. 

When all available layers are used on the other hand for prediction, then a class B 

predictor without mismatch has been used. This method of grouping on the basis of the 

number of layers used for prediction can be made for all predictor classes. 

30 



2.3.1.3 Multiple Description Coding of Video Based on 3D Block Transforms 

There is often a need to perform MDC using a low complexity video coder, 

especially for portable devices with low energy and computational capabilities. In cases 

such as this, the traditional H26x codecs may not be optimal due to the common 

computational complexities associated with them, therefore an alternative solution is 

needed. One of such possible alternatives is the use of 3D block transforms, which tend 

to have less complex computational requirements. Different 3D block transforms have 

been proposed for use in multiple description video coding including wavelets, DCT and 

LOT [46, 47, 48, 49]. 

Norkin et al. [2] have proposed a technique that uses 3D-DCT for MDC. 1D-DCT 

has very fast and efficient implementations. Research has shown that the 3D-DCT also 

has very efficient implementations [50, 51, 52]. Although in terms of compression 

efficiency, the 3D-DCT does not perform as well as the H.263 codec, in terms of 

computational speed, however, it performs at least three to four times better than the 

H.263 codec [53]. 

This proposed technique is a two staged MD Coder that uses 3D-DCT to divide a 

source into two independent descriptions. This coder tries to balance the computational 

load between the encoder and the decoder. A 16x16x16 3D-DCT that gives a coarse 

approximation of the source is used at the first stage to provide redundancy information 

that is included in both descriptions. This coarse approximation is called the Shaper [2]. 

The second stage uses a finer 8x8x8 3D-DCT to produce enhancement information at a 

higher bitrate from the residual sequence that is split between the two descriptions. The 

quantization steps used for the shaper are coarse while the quantization steps used for the 
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residual sequence are finer [2]. The shaper combined with one half of the residual 

sequence forms one description while the shaper combined with the second half of the 

residual sequence forms the second description. Since the shaper provides redundancy 

information, peradventure one of the descriptions gets lost during transmission; the 

source can be reconstructed provided any one of the two descriptions is received. 
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CHAPTER 3 

METHODOLOGY OF A MULTIPLE DESCRIPTION 
VIDEO CODING TECHNIQUE BASED ON MPEG-21 

3.0 INTRODUCTION 

All implementations of MD video coding have one element in common - A video 

codec. This is required to carry out the encoding/decoding compression process to ensure 

that the video is in a format suitable for transmission. While all MD coding 

implementations have to compress the raw video signal, they are not limited to any one 

particular video compression standard. Therefore, most MD techniques differ based on 

the compression standard used for video compression and the technique used to split the 

compressed source into the required number of descriptions. The goal of this work of 

research is to implement multiple description coding using the strong adaptation tools 

provided by MPEG-21 DIA. This proposed technique makes use of four important 

components: The H.261 video coding standard, the extensible Markup Language (XML), 

the extensible Stylesheet Language Transformation (XSLT) and the MPEG-21 Digital 

Item Adaptation (DIA) engine. These components are introduced next. 
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3.1 THE EXTENSIBLE MARKUP LANGUAGE (XML) 

The Extensible Markup Language (XML) is a markup language that is used to 

describe data structure. XML is often used for web based applications; however, it is also 

suitable for a variety of non-web based applications such as the transfer of sensitive data 

between organizations or businesses. Since its inception, XML has become an important 

technology commonly used for description and/or structuring of data [54]. XML and the 

Hyper Text Markup Language (HTML) were created based on the Standard Generalized 

Markup Language (SGML). The problem with SGML is that although it is a very 

powerful language, it is too complex. HTML has enjoyed greater success than its parent 

language, but it has also fallen short in that it is only suitable for specifying how a given 

document should be displayed in a browser. It has no information about the content of the 

document nor can it provide any information about the document's content to any third 

party. XML is preferred to the other markup languages since it is less complex than 

SGML and not as limited in its scope as HTML. XML has gained widespread usage 

because it can provide information about its content to any third party program such as 

XSLT. Since XML is a subset of SGML, it is fully compatible with SGML [54]. XML by 

itself does not do anything; rather it provides syntax for language creation [55]. XML is a 

self describing language i.e. its syntax can easily be understood by a layman. The primary 

goal of XML is to serve as a means to enable software to communicate with each other. 

In general, XML satisfies two major usage criteria as follows [55]: 

1. It is capable of distinguishing between the data and the instruction for displaying 

that data on a given device. 
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2. It is also able to transmit information between organizations without the need for 

these organizations to invest in any specific enabling software. 

3.2 THE EXTENSIBLE STYLESHEET LANGUAGE: TRANSFORMATIONS 

This language was established to transform the structure of XML documents. The 

XSLT version 1.0 Recommendation was released on 16th November 1999 [55]. The 

XSLT process of transformation is a two staged process: the first step involves 

transforming the structure of the input XML document into the desired output structure 

while the second step is to produce the final output document type. XSLT is not a 

traditional programming language, rather it is a declarative, not a procedural language. In 

procedural programming, a step by step instruction about what needs to be accomplished 

is given to the computer whereas in declarative programming, the computer is told what 

the programmer's end goal is and not how to achieve that goal [54]. An XSLT program is 

called a stylesheet. The input into the stylesheet is usually an XML document. The output 

document can be XML, HTML or text as required [55]. 

An integral part of programming using XSLT is XPath. XPath is an expression 

language used in XSLT [56]. It is basically used as a pointer to select or exclude specific 

portions of an XML document during processing. In an XPath model, key parts of the 

XML document needs to be represented as nodes. XPath expressions can either be 

absolute or relative. In absolute XPath expressions, the start point is always the root node 

while in relative XPath expressions; the start point could vary depending on what portion 

of the XML document is desired. In general, the starting point of an XPath is known as 

the Context [54]. 
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XSLT together with XPath form a very powerful tool used in XML processing. 

This is especially due to the fact that the structure of an XML document typically needs 

to be changed prior to its usage [54]. XSLT can be used to convert XML to its final 

presentation format. 

3.3 INTRODUCTION TO MPEG-21 DIGITAL ITEM ADAPTATION (DIA) 

The MPEG-21 standard came into existence based on a universal consensus 

within the MPEG community, that despite the existence of MPEG-1, MPEG-2, MPEG-4 

and MPEG-7, there was limited interoperability between these standards and the issue of 

multimedia distribution and consumption remained largely unsolved. The goal was to 

identify how the existing standards fit together and also to identify areas within existing 

standards that left more to be desired before full interoperability could be achieved. 

MPEG-21 was in no way designed to replace or invalidate other existing MPEG 

standards; rather it was developed to enable the seamless exchange of any type of 

multimedia content between two or more users. The concept of MPEG-21 was designed 

around two actors: the user and the digital item. The technical report [6] for the MPEG 

standard defines a user as follows: "A user is any entity that interacts in the MPEG-21 

environment or makes use of a digital item". The report also defines a digital item as "a 

structural digital object with standard representation, identification and metadata within 

the MPEG-21 framework. This entity is also the fundamental unit of distribution and 

transaction within this framework". 
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The desire of the standard is to enable a user to have seamless, universal and if 

need be, selective access to multimedia content on whatever device the user chooses. The 

MPEG-21 standard is made up of 7 key elements which include: 

1. Digital item declaration (DID). 

2. Digital item identification and description. 

3. Content handling and usage. 

4. Intellectual property management and protection. 

5. Terminals and networks. 

6. Content representation. 

7. Event reporting. 

3.3.1 DIGITAL ITEM ADAPTATION (DIA) 

DIA developed out of the increasing need to provide UMA while at the same time 

providing interoperable adaptation of the multimedia content by the user. DIA is an 

important aspect of the MPEG-21 framework. Within this framework, multimedia 

content adaptation is based on a number of DIA tools. The DIA concept is best 

represented by the Figure below. The Digital item is representative of the bitstream of 

a multimedia content along with all relevant descriptions of that bitstream [5]. As 

shown in the Figure, the digital item is processed by the DIA engine as well as DIA 

tools, thereby generating as output, an adapted digital item. The DIA tools are 

introduced in the next section. 

37 



Digital Item Adaptation Engine 

Resource Adaptation Engine 

Description Adaptation Engine 

DIA TOOLS 

Scope of 
Standardization 

FIGURE 3.1: The approach of DIA Standardization [57]. 

3.3.2 DIA TOOLS 

To support interoperability, MPEG specified a set of tools within the 

MPEG-21 DIA framework that supports multimedia content adaptation. These tools 

are designed to provide device independent and coding - format independent 

adaptation when needed [57]. DIA tools include the following: 

1. Usage environment description tools. 

2. DIA configuration tools. 

3. Session Mobility. 

4. Metadata adaptability. 

5. Universal constraints description tools. 

6. Terminal and network QoS. 
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7. Bitstream syntax description (BSD), bitstream syntax description language 

(BSDL) and generic bitstream syntax schema (gBS Schema). 

8. Bitstream syntax description link. 

These tools are displayed in Figure 3.2. For the purpose of this research work, the 

DIA tool of key importance is the bitstream syntax description tool set. This tool set is 

explained in more detail in subsequent sections. 

FIGURE 3.2 The DIA Tools. 
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3.3.2.1 BITSTREAM SYNTAX DESCRIPTION (BSD) TOOL SET 

Adaptation of digital content has previously been based on scalable multimedia 

formats and transcoding. Due to scalability, it is possible to achieve several versions of 

any video content on the basis of quality, size and frame rate etc. from just one bitstream 

without requiring further computation by the usage device. Likewise, by using 

transcoding, various versions of a single content can be provided by using various video 

coding standards such that the user could choose the standard that best suits his need. 

However, due to the large number of available video coding standards, it has 

become impossible to provide a single content in varying codecs while permitting each 

codec to render lower quality versions of the source in terms of frame rate, size etc. To 

solve this problem, MPEG-21 DIA provides a means of adapting multimedia content 

using the BSD tool set [57]. This tool set is composed of the bitstream syntax description, 

the bitstream syntax description language (BSDL) and the generic bitstream syntax 

schema (gBS Schema). This tool set can be used with any binary multimedia format and 

is also device independent. 

In general, the syntax of the bitstream is described using the BSDL. The BSDL is 

an XML based language. The bitstream syntax generation system receives as input the 

binary bitstream and generates as output the BSD. This BSD is transformed on the basis 

of the XSLT which contains information provided by the user e.g. usage environment 

information, terminal capabilities, user preferences etc. The resulting transformed BSD is 

used by a generic processor to produce the adapted bitstream which must be conformant 

with the adaptation parameters provided by the XSLT stylesheet. Although the BSD is 

written based on the XML syntax, it may contain either parts of the actual bitstream data 
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included within the XML elements or it may contain references to the bitstream data 

instead [57]. 

3.4 THE H.261 VIDEO CODER 

The H.261 video encoder was adopted as a recommendation by ITU in 1990, 

prior to the standardization of MPEG-2 and the recommendation of H.262. It specifies a 

video encoding standard for video conferencing and video services for transmission over 

the Integrated Services Digital Network (ISDN) at p x 64kbps where values of p range 

between 1 and 28 [1,4, 58]. This standard was primarily intended for use at video bitrates 

between 40kbps - 2Mbps [4, 58]. While the standard does not specify any particular 

encoder design, it does specify the syntax of the encoded bitstream and the decoder. 

Hence, the encoder should be designed in such a way as to be compatible with the 

standardized decoder design. To ensure that H.261 can operate in real time dual 

directional videoconferencing applications, the standard specifies a delay of less than 

150ms [1, 4]. The H.261 encoder and decoder block diagrams are shown in the Figure 

3.3. 

Since H.261 is targeted for videophone and videoconferencing, motion 

compensation is optional and only defined in the forward direction. Although the 

standard provides for the use of both intra-coding and inter-coding, it leaves the decision 

open as to how the choice is made. The encoder bitstream is error protected by using 

forward error correction coding [4]. To enable a single standard to be used for both the 

625 and the 525 line television standard, the H.261 standard supports both the Common 

Intermediate Format (OF) and the quarter O F (QGF) picture formats [1, 4, 58]. The 
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video coder also supports non interlaced pictures at an approximate frame rate of 29.97. 

The pictures are coded with one luminance and 2 color difference components, i.e. Y, CB 

and CR respectively. While the standard supports both CIF and QCIF picture scanning 

formats, the standard also specifies that all H.261 codecs must support QCIF while some 

can also support CIF [4]. The H.261 coder is capable of achieving a high coding 

efficiency because it can encode in groups of 30, 15, 10 or 7.5 fps as supported by CIF 

and QCIF thereby eliminating the need to individually encode and transmit whole frames 

[1]. 

— • 

Input 

i r 

Source Coder • 

i ' 

Video Multiplex 
Coder 

— • 
Transmission 

Buffer 
— • 

Transmission 
Coder 

— • 

Encoded 
Bit 

Stream 

FIGURE 3.3 (a): ITU-T H.261 Video encoder block diagram. 
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FIGURE 3.3 (b): ITU-T H.261 Video decoder block diagram. 
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Unlike images that only contain information in the spatial 2D domain, video 

signals contain information in both the spatial and temporal domains i.e. in 3 dimensions. 

Hence the H.261 video coder was modeled in both the spatial and the temporal domains 

[1]. A spatial encoder deals with blocks of 8 by 8 pixels while the temporal encoder deals 

with blocks of 16 by 16 pixels. Figure 3.4 shows the basic building blocks for the H.261 

video compression system. Each building block has a specific function. 
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FIGURE 3.4: video compression system [1]. 
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The system receives the source video as input. The spatial domain of the source is 

passed to a spatial operator which is a 2D linear transform. The most commonly used 

spatial operator for video compression is the 2D-DCT. Within the H.261 framework also, 

the spatial operator specified by standard is 2D-DCT. The DCT is a separable transform 

which operates on 8 by 8 pixel blocks, therefore, DCT is often the transform of choice 

because it is able to deliver real computations, is low in complexity and has relatively fast 

implementations [1, 2]. An overview of DCT is given in the next section. The outputs of 

the DCT process are transform coefficients which are sent on to the next block which is 

the quantizer. 

The quantization operation is a lossy one which may significantly reduce bitrates. 

The quantization method employed is most often scalar, non-uniform quantization, where 

the step sizes are chosen based on the transform coefficient distribution. The next step is 

the variable length coding of the quantized transform coefficients. This is a lossless 

operation. These quantized transform coefficients are zigzag scanned using progressive 

coding. Following the zigzag scanning, entropy coding is done to generate a serial 

bitstream [1]. Specifically, the H.261 video compression standard uses a variable length 

Huffman code for this step in the video compression operation. The first two steps on the 

feedback loop are the inverse quantizer and the inverse DCT. The function of both steps 

is to reconstruct and store each frame. The frames stored by these blocks are used down 

the line by the motion estimator and the motion compensator block to generate the next 

prediction frame [1]. 

The H.261 video compression system provides for both intra frame coding and 

inter frame coding. Inter frame coding uses the feedback loop to generate a prediction 
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error. The prediction error is calculated as the difference between the blocks of the 

current frame and the current prediction frame [1]. The motion estimation block operates 

on 16 by 16 pixel blocks and generates motion vectors for each 16 by 16 block. It is the 

responsibility of the motion compensation block on the other hand, to generate the 

prediction from the motion vectors and the previously reconstructed frame [1]. The intra 

frame mode plays two important roles [1]: 

1. To ensure that an error is not continuously propagated i.e. error checking, the intra 

frame mode will spatially encode one current frame periodically, for example, 

every 15 frames. 

2. When the inter frame mode is unable to meet its performance threshold, the intra 

frame mode will spatially encode a block. 

3.5 DISCRETE COSINE TRAMSFORM (DCT) 

DCT was first proposed in 1974 by Ahmed et al. [59]. Since its discovery, it has 

played a large role in the development of compression techniques. It is commonly 

thought of as Fourier-Cosine series performed in the discrete time domain. DCT is based 

on the decomposition of a source signal into smaller M by M blocks or M by M by M 

blocks for 2D or 3D coding respectively. Each of these blocks is then individually 

processed. 

DCT derives its name from the fact that in its computation, rows of M by M 

transform matrices are obtained as functions of cosines. DCT is closely related to 

Discrete Fourier Transforms (DFT). In fact, DCT can be obtained from DFT by mirroring 

a ID M-point sequence to create a 2M-point sequence, where the first M-points of the 
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generated 2M-point DFT sequence is the DCT of that sequence. The DCT of an M by M 

pixel array is given as 

F(u, v) = - Cu Cv ^ 2 , /('•') C 0 S 1 2M J X C ° S 1 2M J 
£=0 ;'=0 v ' v ' 

EQ3.1 

The corresponding inverse DCT (IDCT) is given as 

, , . . , , V V r r ^ / ( 2 M - l ) w r \ / ( 2 ; + l)vn\ 

f(i,)) = cucv ^ 2 , F(w '^ c o s ( — 2 ^ — j x c o s l — m — j 
u=0 v=0 V ' V 7 

EQ3.2 

Where Cu = -j= for u = 0, Cu = 1 Otherwise and 

Cv = — / o r I; = 0, C„ = 1 Otherwise. 

i and j represent the horizontal and vertical indices of the M by M spatial array while u 

and v represent the horizontal and vertical indices of the M by M coefficient array. 

Overtime, a lot of international compression standards have been established 

based on DCT. In 1992, the Joint Pictures Expert Group (JPEG) was established as an 

international compression standard for image compression. The JPEG encoder and 

decoder are DCT based. In video coding also, MPEG video coding standards are also 

largely based on DCT e.g. H.261, MPEG-2, H.263 etc. DCT has been widely used in 

video coding because it is a unitary transform. Unitary transforms are used because they 

have an inverse operation which produces a good reconstruction of the input signal. In 

general, DCT is preferred to other transform coding techniques because it has a better 

energy compaction or coding gain than others in the transform domain [1, 60]. This is 
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due to the fact that DCT takes advantage of the high degree of correlation that exists 

between adjacent pixels in a source signal. 

Although DCT has garnered widespread approval and usage, it is not without 

shortcomings. The fact that a source needs to be sub-divided into M by M blocks often 

has the drawback of blocking artifacts in the reconstructed signal. Blocking artifacts 

occur due to the fact that correlation between blocks still exists across block boundaries. 

Blocking artifacts are especially more pronounced at low bitrates [61]. Another problem 

with DCT is that only the spatial correlation that exists between pixels in a block is 

considered while the correlation that exists between pixels in one block and the pixels of 

its neighboring blocks are ignored. Despite these shortcomings, DCT is still widely used 

because of its simplicity and performance. 

3.6 METHODOLOGY AND IMPLEMENTATION 

The proposed multiple description coding technique is composed of five distinct 

implementation stages. The first stage is made up of the video encoding process. The raw 

video signal is encoded using an H.261 encoder. The output of the first stage is an 

encoded bitstream. The next stage involves a detailed XML description of the encoded 

bitstream. This detailed description is known as the generic bitstream syntax description 

(gBSD). The third stage involves the proposed technique for splitting the compressed 

bitstream in such a way as to generate multiple descriptions. The output of this stage is 

two or more transformed gBSDs. 

The next stage is the processing of the transformed gBSDs using the DIA engine. 

This processing results in the creation of binary files representing each description. The 
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final stage involves decoding the binary files using an H.261 decoder and the 

corresponding post-processing phase. A detailed discussion of each implementation stage 

is given below. Figure 3.5 gives a general overview of the components of the proposed 

methodology. 
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FIGURE 3.5: An Overview of the components of the MDC technique. 

While network testing was not implemented, to enable the efficient transmission 

of the descriptions generated by our proposed technique, these descriptions should be 

transmitted using the user datagram protocol (UDP) as opposed to the transmission 

control protocol (TCP). TCP is a connection oriented and reliable protocol. It is said to be 

connection oriented because it ensures that both end processes have established a 
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connection prior to the transfer of data. In order to ensure reliability, TCP ensures that 

transmitted packets are received error free. In the event of errors or losses, TCP enables 

re-transmission of the affected packets. Due to this feature, TCP is most often used for 

transmission over the internet. Other advantages of TCP include in-order delivery of 

transmitted packets, congestion control etc. UDP on the other hand is an unreliable, 

connectionless protocol. It is connection free since it can send information without 

ensuring that an end to end connection has been established. UDP uses a checksum 

technique in which either the UDP along with the IP header are delivered error free else 

they are lost [62]. Therefore, UDP provides no guarantee that transmitted packets would 

be received. However, due to the fact that UDP provides no in-order delivery, congestion 

control nor buffering, it has a low protocol overhead making it attractive for the 

transmission of time sensitive video communication [62]. 

We propose the use of UDP for the transmission of the MDC descriptions for 

several reasons including the fact that there are no transmission delays due to re

transmissions as is experienced in TCP. Also, UDP is an attractive protocol due to the 

fact that it has low protocol processing overhead [62]. Although it achieves this by 

sacrificing in-order delivery and re-transmissions, these are not required in MDC since, 

MDC descriptions are all of equal importance and can be received in any order by the 

decoder without any adverse effect on the reconstruction quality. Also, MDC is designed 

to be able to deal with unreliable transmission conditions, hence re-transmissions are not 

necessary. UDP is also preferred for the transmission of descriptions because TCP 

generally has a low performance over wireless networks [63]. Likewise, the UDP 

49 



checksum does not pose a problem in MDC, specifically because a description in MDC is 

either received error free otherwise it is lost. 

3.6.1 THE VIDEO ENCODING PROCESS 

A raw video file was processed using an H.261 encoder as specified in Section 

3.4. The H.261 video encoder supports both the CIF and the QCIF picture formats, 

therefore, the raw video could be in either format. The encoder received as input the raw 

video file and as specified by the video coding standard, each block generated sixty four 

coefficients composed of one DC coefficient and sixty three AC coefficients after the 

DCT transformation process. Generally, H.261 supports both inter and intra prediction 

coding. However, for the purpose of this work of research, the implementation of the 

H.261 video codec only supports intra coding. Intra coding is a special case of prediction 

coding where the predictor value is zero. Intra coding was chosen over inter coding not 

only because of computational simplicity, but because of the advantage of limited error 

propagation and easy transmission error concealment. In the case of intra coding, it is 

important to note that the value of the DC coefficients is always much larger in 

comparison with the AC coefficients. 

Mismatch is not an issue in the proposed technique. Mismatch is a condition 

introduced when a signal used for prediction at the encoder is unavailable at the decoder. 

Due to the fact that this H.261 encoder implementation supports only intra coding, 

motion estimation was not used. Therefore, the problem of mismatch between the 

encoder and decoder, which is commonly related to motion estimated multiple 

description coders is avoided. 
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3.6.1.1 Video Multiplex Coder 

The encoded bitstream was sent as an input to the video multiplex coder of the 

H.261 coder. The function of the video multiplex coder is to arrange the bitstream into a 

well defined hierarchy of layers. This video data hierarchy ensures that the video 

multiplex decoder can decode the video data with little or no ambiguity. The video 

multiplex coder of the H.261 coder defines a hierarchical data structure with four 

identified layers which are: Picture layer, Group of Blocks layer (GOB), Macroblock 

layer (MB) and Block layer [1,4, 58]. Each layer has associativity with the preceding 

layer in that each layer is developed from the preceding layer and contains the payload 

associated with that particular layer as well as a header describing the parameters that are 

used to generate the bitstream [1]. 

The encoded bitstream was arranged from the bottom up as follows: Each block 

was composed of 64 coefficients. Each macroblock consisted of 4 luminance blocks and 

two sub-sampled color difference blocks. Each group of block consisted of thirty three 

macroblocks. Since the H.261 coder supports both CIF and QCIF, each picture layer in 

the case of CIF pictures was composed of twelve groups of blocks while in the case of 

QCIF pictures was composed of three groups of blocks. The structure of each layer is 

provided in appendix A. 

3.6.2 GENERATION OF THE GENERIC BITSTREAM SYNTAX 
DESCRIPTION (gBSD) 

At this point of the implementation process, the hierarchical, encoded bitstream 

has been obtained. The next step in the implementation process was generating an XML 

based description of this hierarchical bitstream on the bit level, thereby obtaining a 
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generic bitstream syntax description. This process was implemented in C++. Adhering to 

the formatting rules of XML documents, a generic gBSD writer was used to write a 

standard gBSD header for the XML references to be used. This header contained all the 

namespaces that were to be used in the XML document. Next, a header specific to the 

compressed H.261 bitstream was written into the output XML document. This header 

contained information such as the classification alias for the bitstream, the address unit 

and the address mode etc. 

Using the hierarchical breakdown of the intra coded H.261 bitstream provided by 

the video multiplex coder, the bitstream was described in terms of the position of each 

layer within the hierarchy. Based on the gBS Schema element, as shown in Figure 3.6, 

the hierarchical structure of gBSDs and gBSDUnits with their associated syntactical 

labels were used to describe the starting point of the elements of each layer and the 

corresponding binary length of each element within the bitstream. 

gBSD Unit ?HBF 

FIGURE 3.6: A gBS Schema Element Hierarchy. 
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To effectively describe all the coefficients of the block layer, parameter elements 

were used as opposed to gBSDUnit elements. In addition to the start and length attributes 

used by the gBSDUnit elements, the parameter elements also provided information about 

how each element within the block was coded using either variable length coding or fixed 

length escape codes. To provide this information, additional level, run and escape 

attributes were used. Instead of the syntactical label attribute used by gBSDUnit 

elements, a name attribute was used with parameter elements. Furthermore, to 

differentiate the DC coefficient from the AC coefficients within each block, a marker 

attribute was introduced. The length and start attributes of both the gBSDUnit and 

parameter elements were generally used in such a way that based on the length of the 

current node, the start value of the subsequent node was updated by the exact length 

value. The result of this stage of processing was a detailed XML based gBSD of the 

encoded bitstream. An excerpt of this description showing the first block of the first 

macroblock in the first group of blocks is shown in Figure 3.7. 

<?xml version="l.0" encoding="UTF-8"?> 
<dia:DIA xmlns:dia="urn:mpeg:mpeg21:2 003:01-DIA-NS" 
xmlns:xs="http://www.w3.org/2001/XMLSchema" 
xmlns:xsi="http://www.w3.org/2001/XMLSchema-instance"> 

<dia:Description xsi:type="gBSDType"> 
<Header> 

<ClassificationAlias alias=":H261" 
href="urn:mpeg:mpeg4:graphics:cs:syntacticalLabels"/> 

<DefaultValues addressUnit="bit" addressMode="Absolute" 
globalAddressInfo="Media/foreman.cmp"/> 
</Header> 
<gBSDUnit syntacticalLabel=":H261:PSC" start="0" length="20"/> 
<gBSDUnit syntacticalLabel=":H261:TR" start="20" length="5"/> 
<gBSDUnit syntacticalLabel=":H261:Ptype" start="25" length="6"/> 
<gBSDUnit syntacticalLabel=":H261:PEI" start="31" length="l"/> 
<gBSDUnit syntacticalLabel=":H261:GBSC" start="32" length="16"/> 
<gBSDUnit syntacticalLabel=":H261:iGBID" start="48" length="4"/> 
<gBSDUnit syntacticalLabel=":H261:mGQuant" start="52" length="5"> 
<Header> 
<DefaultValues addressMode="Absolute"/> 

53 

http://www.w3.org/2001/XMLSchema
http://www.w3.org/2001/XMLSchema-instance


</Header> 
<Parameter name=":H261:mGQuant[iGBID]" start="52" length="5" 
gQuant="5"/> 
</gBSDUnit> 
<gBSDUnit syntacticalLabel=":H261:GEI" start="57" length="l"/> 
<gBSDUnit syntacticalLabel=":H261:MBA" start="58" length="l"/> 
<gBSDUnit syntacticalLabel=":H261:MTYPE" start="59" length="4"/> 
<gBSDUnit syntacticalLabel=":H261:Blocks" start="63" length="344" 
GBID="1" MBID="1" BL0CKID="1"> 
<Header> 
<DefaultValues addressMode="Absolute"/> 
</Header> 
<Parameter name=":H261:coeff" start="63" level="85" run="0" escape="0" 
length="8" marker="DC"/> 
<Parameter name=":H261:coeff" start="71" level="4" run="0" escape="0" 
length="8" marker="AC"/> 
<Parameter name=":H261:coeff" start="79" level="l" run="0" escape="0" 
length="3" marker="AC"/> 
^Parameter name=":H261:coeff" start="82" level="4" run="0" escape="0" 
length="8" marker="AC"/> 
<Parameter name=":H261:coeff" start="90" level="-3" run="0" escape="0" 
length="6" marker="AC"/> 
<Parameter name=":H261:coeff" start="96" level="-2" run="0" escape="0" 
length="5" marker="AC"/> 
<Parameter name=":H261:coeff" start="101" level = "2" run="0" escape="0" 
length="5" marker="AC"/> 
<Parameter name=":H261:coeff" start="106" level="l" run="0" • escape="0" 
length="3" marker="AC"/> 
<Parameter name=":H261:coeff" start="109" level = "-l" run="0" escape="0" 
length="3" marker="AC"/> 
<Parameter name=":H261:coeff" start="112" level="8" run="0" escape="0" 
length="13" marker="AC"/> 
<Parameter name=":H261:coeff" start="125" level="18" run="0" 
escape="000001" length="20" marker="AC"/> 
<Parameter name=":H261:coeff" start="145" level="4" run="0" escape="0" 
length="8" marker="AC"/> 
<Parameter name=":H261:coeff" start="153" level="l" run="0" escape="0" 
length="3" marker="AC"/> 
<Parameter name=":H261:coeff" start="156" level="-l" run="0" escape="0" 
length="3" marker="AC"/> 
<Parameter name=":H261:coeff" start="159" level="-3" run="0" escape="0" 
length="6" marker="AC"/> 
<Parameter name=":H261:coeff" start="165" level="4" run="0" escape="0" 
length="8" marker="AC"/> 

</gBSDUnit> 
<gBSDUnit syntacticalLabel=":H261:EOB" start="407" length="2"/> 

Figure 3.7: An excerpt of the gBSD showing block 1 of macroblock 1 in group of 
blocks 1. 
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3.6.3 GENERATION OF THE TRANSFORMED GENERIC BITSTREAM 
SYNTAX DESCRIPTION (gBSD) 

This was implemented as a three step process. The most important aspect of this 

process was the choice of a suitable splitting technique. This was paramount to the 

development of the multiple descriptions needed to fulfill the requirements of multiple 

description coding. Once the splitting technique had been chosen, the gBSD had to be 

transformed using a suitable transformation language on the basis of the transformation 

constraints specified by the splitting technique. The final step of this process involved 

parsing the gBSD to generate the transformed gBSD. 

3.6.3.1 The Bitstream Splitting Process 

Multiple description coding is based on the premise that it is possible to split a 

single source into two or more individually good descriptions, such that if losses occur 

during transmission, the source can still be reconstructed provided at least one description 

is received error free. Each additional description received improves the quality of the 

reconstruction. Necessarily, each description must have some redundancy information 

without which it would be impossible to reconstruct the source. Generally, each 

description is often a low quality version of the original. In this work of research, a 

splitting technique that fulfills all these requirements is proposed. 

This splitting technique takes advantage of the DCT blocking used in H.261. 

During the H.261 encoding process, each video frame had to be sub-divided into 8 by 8 

blocks which were discrete cosine transformed and quantized. Assuming that N 

descriptions are desired, the proposed technique indicates that each DCT component 

other than the DC component must be divided into the number of descriptions required. 
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Therefore, provided that two descriptions were desired, each AC coefficient was divided 

into two. Several techniques for splitting these coefficients were tested. Some of the 

techniques tested include odd and even splitting, odd and even splitting with zero 

padding, uniformly splitting both DC and AC coefficients and uniformly splitting only 

AC coefficients. The first technique tested was the odd and even splitting. However, due 

to the low quality reconstruction achieved, the odd and even splitting with zero padding 

was implemented so as to provide a possible improvement in quality. The quality that 

resulted was also not satisfactory. Largely, these techniques were rejected because of 

their performance using our proposed technique. Finally, to create two descriptions of 

equal importance with similar sizes, it was observed that each DCT component would 

need to be split into almost equal parts. However, rather than simply splitting each AC 

coefficient down the middle and rounding the resulting value, which would lead to a 

significant loss in quality of the reconstructed source, a more dynamic splitting technique 

was chosen. Given an AC value of 21, this value was split into two. In one description, 

the resulting value was floored such that the resulting value was 10, while in the second 

description, the ceiling of resulting value was obtained which equaled 11. By utilizing a 

splitting technique of this nature, the resulting central reconstruction of the source would 

in this case result in the pre-processing value of 21, thereby losing little or no 

information. This process resulted in two dependent descriptions, each containing about 

half the information of the original source. If any one of these two descriptions is 

received error free, a low quality version of the original source can be reconstructed. 
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3.6.3.2 The XSLT Transformation Process 

Having proposed a splitting technique, the next step was to design a 

transformation process that could implement this splitting technique. The transformation 

language used is XSLT. The key transformation constraint identified by the proposed 

splitting technique required to obtain two descriptions is that the value of each AC 

coefficient must be split into two. Therefore, an XSLT code that satisfied this constraint 

was generated based on the gBSD of the compressed bitstream. The structure of the 

gBSD used was designed to enable this transformation process to be carried out with 

relative ease. The value of each DC and AC coefficient within the gBSD was stored using 

a level attribute. These two values were differentiated using a marker attribute. Therefore, 

the value stored in each level attribute with a corresponding 'AC marker attribute was 

split into two as specified by the transformation constraint. 

<xsl:template name="half_level_value" match="gbsd:gBSDUnit[©level]"> 
<xsl:copy> 
<xsl:variable name="Updatelevel"> 

<xsl:call-template name="half_level"> 
<xsl:with-param name="a" select="2"/> 
<xsl:with-param name="level" select="@level"/> 
<xsl:with-param name="index" select="l"/> 

</xsl:call-template> 
</xsl:variable> 
<xsl:apply-templates select="@*"/> 
<xsl:attribute name="level"> 

<xsl:value-of select="$Updatelevel"/> 
</xsl:attribute> 
<xsl:apply-templates select="node()"/> 

</xsl:copy> 
</xsl:template> 
<xsl:template name="half_level"> 

<xsl:param name="nodes"/> 
<xsl:param name="index" select="l"/> 
<xsl:param name="a" select="2"/> 
<xsl:param name="level" select="@level"/> 
<xsl:variable name="Calclevel"> 

<xsl:choose> 
<xsl:when test="$level and @marker='AC'"> 

<xsl:value-of select="floor or ceiling(($level)div($a))"/> 
</xsl:when> 
<xsl:otherwise> 
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<xsl:if test="$level and @marker='DC"> 
<xsl:value-of select="$level"/> 

</xsl:if> 
</xsl:otherwise> 

</xsl:choose> 
</xsl:variable> 
<xsl:value-of select="$Calclevel"/> 

</xsl:template> 

Figure 3.8: XSLT code excerpt showing the coefficient splitting process for two 
descriptions 

Once each AC coefficient was split into the required number of descriptions, it 

became necessary to re-encode the newly calculated coefficient values. To prevent any 

errors, particularly since all the processing was done at the bit level, the binary DC 

coefficient values were also re-encoded. As specified by the H.261 standard, the DC and 

AC coefficients had to be encoded in different ways. This made it necessary to use two 

separate lookup tables for each coefficient type. Due to the detailed description of the 

binary stream provided by the gBSD, we were able to distinguish between the DC and the 

AC coefficients as previously stated using a marker attribute. The forward DC re-

encoding was done simply using 8 bit codes as specified by the standard. However, the 

forward re-encoding for AC coefficients was done using the variable length code and the 

escape code specified by the H.261 standard. 

The forward re-encoding of the AC coefficients was not as easily implemented as 

the DC encoding. The gBSD specified within each parameter element which AC levels 

were previously encoded using the variable length codes and which ones were encoded 

using the fixed length escape codes. However, after splitting each AC value by the 

number of descriptions desired and either obtaining the ceiling or floor of the resulting 

coefficient value, the value of each AC coefficient was reduced by at least half its 
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previous value in the situation where two descriptions were desired. Three situations 

resulted: first, some level values were reduced to zero. Next, some level values 

previously encoded using escape codes could now be coded using the variable length 

codes. Finally, some level values which prior to processing were encoded using the 

variable length table, needed to be re-encoded as escape codes. 

Intuitively, for the first situation, where the value of an AC coefficient after 

processing resulted in zero, the value of the run attribute of that particular coefficient was 

increased by one, and provided that the subsequent level attribute value was not zero, the 

run attribute for the ensuing AC coefficient was updated by the exact value of its 

preceding sibling. This preceding sibling with the zero level attribute was subsequently 

removed from the gBSD. Due to the fact that the value of all AC coeffients were split, 

some values that were previously encoded using escape codes no longer required a 20 bit 

escape code and were re-encoded using variable length codes. Finally, the forward run 

length coding that was required to deal with situations were post processing level values 

resulted in zero which led to new level/ run combinations that had to be encoded using 

escape codes. This was a direct result of the fact that these level/ run combinations were 

no longer within the variable length codes. 

These three conditions resulted in significant bit savings. For example, where 

escape codes were re-encoded using variable length codes, this resulted in at least a gain 

of 6 bits. Also, where level values resulted in zero, they were subsequently removed 

thereby leading to bit savings. Even under conditions where zero level values resulted in 

the conversion of variable length codes into escape codes, there was still an overall 

reduction in the number of bits required to encode the resulting level/ run sequence. To 
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quantitatively measure the exact number of bits saved after processing, it was necessary 

to provide a means for updating the values of the start and length attributes within the 

gBSD after forward re-encoding had been implemented. Therefore, within the XSLT 

code, provisions was made to update the length in the gBSD such that it reflected the 

number of bits used to encode the recalculated level value while simultaneously changing 

the start values to reflect the new length. 

3.6.3.3 The gBS Description Transformation Process 

At this point, the gBSD of the bitstream had been obtained and the XSLT code 

implementing all the facets of the splitting constraint had been developed. The next phase 

of the proposed multiple description coding technique involved parsing the gBSD and the 

XSLT code using a suitable parser. 

XSLT 
CODE 

ORIGINAL 
gBSD 

^ 

v 
TRANSFORMED 

gBSD 

FIGURE 3.9: The processing of the original gBSD to the transformed gBSD 
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As shown in the Figure above, the parser received as input both the XML description 

of the bitstream as well as the XSLT code that specified what updates the parser had to 

implement within the XML description. The output of this stage of processing was 

another XML document that implemented all the splitting constraints. Assuming that the 

number of required descriptions (N) is two, the output XML document satisfied the 

following constraints: 

1. It divided the level of each AC component by two. For the first description, the 

resulting coefficient values were floored while for the second description, the 

ceiling of the resulting coefficient values was obtained. 

2. There was a removal of all AC level components whose post processing values 

equaled zero. 

3. There was forward DC re-encoding and 

4. There was forward AC re-encoding, including escape - to - variable length coding 

and variable length - to - escape coding. 

This resulting XML document that satisfied all these constraints is known as the 

transformed gBSD. An excerpt of the original gBSD prior to transformation and the 

resulting transformed gBSDs for both descriptions are shown in Figures 3.10 and 3.11 (a) 

and (b) respectively. 

<gBSDUnit syntacticalLabel=":H261:Blocks" start="1225" length="84" 
GBID="1" MBID="1" BLOCKID="4"> 
<Header> 
<DefaultValues addressMode="Absolute"/> 
</Header> 
<Parameter name=":H261:coeff" start="1225" level="79" run="0" 
escape="0" length="8" marker="DC"/> 
<Parameter name=":H261:coeff" start="1233" level="-2" run="0" 
escape="0" length="5" marker="AC"/> 
<Parameter name=":H261:coeff" start="1238" level="-2" run="0" 
escape="0" length="5" marker="AC"/> 
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cParameter name=" 
escape="0" length="5 
<Parameter name=" 
escape="0" length="3 
<Parameter name=" 
escape="0" length="3 
<Parameter name=" 
escape="0" length="5 
<Parameter name=" 
escape="0" length="3 
<Parameter name=" 
escape="0" length="5 
<Parameter name=" 
escape="0" length="3 
<Parameter name=" 
escape="0" length="3 
<Parameter name=" 
escape="0" length="3 
<Parameter name=":H261:coeff" 
escape="0" length="3" marker="AC 
<Parameter name=":H261:coeff" 
escape="0" length="3 
<Parameter " 

start="1243" <Parameter name=":H261:coeff " 
escape="0" length="7" marker="AC"/> 
<Parameter name=":H261:coeff" start="1250" 
escape="0" length="3" marker="AC"/> 
<Parameter name=":H261:coeff" 
escape="0" length="5" marker="AC 
<Parameter name= 

start="1253" 
marker="AC"/> 

<Parameter name=":H261:coeff" start="1258" 
escape="0" length="5" marker="AC"/> 
<Parameter name=":H261:coeff" start="1263" 

" marker="AC"/> 
H261:coeff" start="1268" 
" marker="AC"/> 
H261:coeff" start="1271" 
" marker="AC"/> 
H261:coeff" start="1274" 
' marker="AC"/> 
H261:coeff" start="1279" 
" marker="AC"/> 
H261:coeff" start="1282" 
' marker="AC"/> 
H261:coeff" start="1287" 

_,___ _' marker="AC"/> 
<Parameter name=":H261:coeff" start="1290" 

______ _ marker="AC"/> 
name=":H261:coeff" start="1293" 

start="1296" 
marker="AC"/> 
I261:coeff" 
marker="AC"/> 

start="1299" 
_̂ ___ _ marker="AC"/> 

<Parameter name=":H261:coeff" start="1302" 
escape="0" length="7" marker="AC"/> 
</aBSDUnit> 

level="-2" 

level="-l" 

level="-2" 

level="-2" 

level="-2" 

level="-l" 

level="-l" 

level="-2" 

level="-1" 

level="-2" 

level="-l" 

level="-l" 

level="-l" 

level="-l" 

level="-l" 

level="-l" 

run= 

run= "0" 

run="0" 

run="0" 

run= 

run= 

run= 

run= 

run= 

run= 

run= 

run= 

run= 

run= 

run= 

run= 

"0" 

"0" 

"0" 

"0" 

"0" 

"0" 

"0" 

"0" 

"0" 

"0" 

"0" 

ii n II 

</gBSDUnit> 
<gBSDUnit syntacticalLabel=" <gBSDUnit syntacticalLabel=":H261:EOB" start="1309" length="2"/> 

Figure 3.10: An excerpt of the gBSD showing a block prior to transformation. 

<gBSDUnit syntacticalLabel=":H261:Blocks" start="1225" length="84" 
GBID="1" MBID="1" BLOCKID="4"> 
<Header> 
<DefaultValues addressMode="Absolute"></DefaultValues> 
</Header> 
<Parameter name=":H261:coeff" start="1225" level="79" run="0" 
escape="0" length="8" marker="DC"> 
<value xsi:type=":bt:b8">01001111</value> 
</Parameter> 
<Parameter name=":H261:coeff" start="1233" level="-l" run="0" 
escape="0" length="3" marker="AC"> 
<value xsi:type=":bt:b3">lll</value> 
</Parameter> 
<Parameter name=":H261:coeff" start="1238" level="-l" run="0" 
escape="0" length="3" marker="AC"> 
<value xsi:type=":bt:b3">lll</value> 
</Parameter> 
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<Parameter name=":H261:coeff" start="1243" level="-l" run="l" 
escape="0" length="4" marker="AC"> 
<value xsi:type=":bt:b4">0111</value> 
</Parameter> 
<Parameter name=":H261:coeff" start="1253" level="-l" run="l" 
escape="0M length="4" marker="AC"> 
<value xsi:type=":bt:b4">0111</value> 
</Parameter> 
<Parameter name=":H261:coeff" start="1258" level="-l" run="0" 
escape="0" length="3" marker="AC"> 
<value xsi:type=":bt:b3">lll</value> 
</Parameter> 
<Parameter name=":H261:coeff" start="1263" level="-l" run="0M 

escape="0" length="3" marker="AC"> 
<value xsi:type=":bt:b3">lll</value> 
</Parameter> 
<Parameter name=":H261:coeff" start="1274" level="-l" run="2" 
escape="0" length="5" marker="AC"> 
<value xsi:type=":bt:b5">01011</value> 
</Parameter> 
<Parameter name=":H261:coeff' start="1282" level = "-l" run="l" 
escape="0" lengths"4" marker="AC"> 
<value xsi:type=":bt:b4">0111</value> 
</Parameter> 
</gBSDUnit> 
<gBSDUnitsyntacticalLabel=":H261:EOB"start="13 09"length="2"></gBSDUnit> 

Figure 3.11 (a): An excerpt of the gBSD showing the block after 
transformation in the first description (ceiling). 

<gBSDUnit syntacticalLabel=":H261:Blocks" start="1225" length="84" 
GBID="1" MBID="1" BLOCKID="4"> 
<Header> 
<DefaultValues addressMode="Absolute"></DefaultValues> 
</Header> 
<Parameter name=":H261:coeff" start="1225" level="79" run="0" 
escape="0" length="8" marker="DC"> 
<value xsi:type=":bt:b8">01001111</value> 
</Parameter> 
<Parameter name=":H261:coeff" start="1233" level="-l" run="0" 
escape="0" length="3" marker="AC"> 
<value xsi:type=":bt:b3">lll</value> 
</Parameter> 
<Parameter name=":H261:coeff" start="1238" level="-l" run="0" 
escape="0" length="3" marker="AC"> 
<value xsi:type=":bt:b3">lll</value> 
</Parameter> 
<Parameter name=":H261:coeff" start="1243" level="-l" run="l" 
escape="0" length="4" marker="AC"> 
<value xsi:type=":bt:b4">0111</value> 
</Parameter> 
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<Parameter name=":H261:coeff" start="1250" level="-l" 
escape="0" length="3" marker="AC"> 
<value xsi:type=":bt:b3">111</value> 
</Parameter> 
<Parameter name=":H261:coeff" start="1253" level="-l" 
escape="0" length="3" marker="AC"> 
<value xsi:type=":bt:b3">lll</value> 
</Parameter> 
<Parameter name=":H261:coeff" start="1258" level="-l" 
escape="0" length="3" marker="AC"> 
<value xsi:type=":bt:b3">lll</value> 
</Parameter> 
<Parameter name=":H261:coeff" start="1263" level="-l" 
escape="0" length="3" marker="AC"> 
<value xsi:type=":bt:b3">lll</value> 
</Parameter> 
<Parameter name=":H261:coeff" start="1268" level = "-l" 
escape="0" length="3" marker="AC"> 
<value xsi:type=":bt:b3">lll</value> 
</Parameter> 
<Parameter name=":H261:coeff" start="1271" level="-l" 
escape="0" length="3" marker="AC"> 
<value xsi:type=":bt:b3">lll</value> 
</Parameter> 
<Parameter name=":H261:coeff" start="1274" level="-l" 
escape="0" length="3" marker="AC"> 
<value xsi:type=":bt:b3">lll</value> 
</Parameter> 
<Parameter name=":H261:coeff" start="1279" level="-l" 
escape="0" length="3" marker="AC"> 
<value xsi:type=":bt:b3">lll</value> 
</Parameter> 
<Parameter name=":H261:coeff" start="1282" level="-l" 
escape="0" length="3" marker="AC"> 
<value xsi:type=":bt:b3">lll</value> 
</Parameter> 
<Parameter name=":H261:coeff" start="1287" level="-l" 
escape="0" length="3" marker="AC"> 
<value xsi:type=":bt:b3">lll</value> 
</Parameter> 
<Parameter name=":H261:coeff" start="1290" level="-l" 
escape="0" length="3" marker="AC"> 
<value xsi:type=":bt:b3">lll</value> 
</Parameter> 
<Parameter name=":H261:coeff" start="1293" level="-l" 
escape="0" length="3" marker="AC"> 
<value xsi:type=":bt:b3">lll</value> 
</Parameter> 
<Parameter name=":H261:coeff" start="1296" level="-l" 
escape="0" length="3" marker="AC"> 
<value xsi:type=":bt:b3">lll</value> 
</Parameter> 
<Parameter name=":H261:coeff" start="1299" level="-l" 
escape="0" length="3" marker="AC"> 
<value xsi:type=":bt:b3">lll</value> 
</Parameter> 

64 



<Parameter name=":H261:coeff" start="1302" level="-l" run="7" 
escape="0" length="7" marker="AC"> 
<value xsi:type=":bt:b7">0001001</value> 
</Parameter> 
</gBSDUnit> 
<gBSDUnitsyntacticalLabel=":H261:EOB"start="13 09"length="2"x/gBSDUnit> 

Figure 3.11 (b): An excerpt of the gBSD showing the block after 
transformation in the second description (floor). 

3.6.4 THE DIA ADAPTATION PROCESS 

The aim of this phase was to generate two or more adapted bitstreams based on 

the transformed gBSD. This was implemented using the DIA engine. The DIA engine 

received as input the encoded bitstream and the transformed gBS descriptions. The 

bitstream generated during the encoding process was used as a template. The header 

information for each frame was largely left untouched and copied over to the adapted 

bitstreams. However, the quantizer for the group of blocks had to be modified based on 

the number of descriptions desired. For instance, where the number of descriptions 

desired was two, the quantizer value was doubled. This reflected the fact that the AC 

coefficient values had been split into two. 

The DIA engine was used to parse through the transformed gBSDs and all the 

sections of the bitstream corresponding to gBSDUnits were copied directly from the 

encoded bitstream into the adapted bitstream. The most vital changes in the bitstreams for 

the proposed technique were done at the block level where the AC coefficients were split. 

Therefore at the block level, all the sections of the bitstreams corresponding to parameter 

elements were replaced by the new binary values for each coefficient. These binary 

values were obtained from the parameter elements of the transformed gBSDs and were 

copied into the adapted bitstreams. This resulted in two or more new bitstreams which are 

known as the adapted bitstreams. The user of the adapted bitstream is the video decoder. 
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ADAPTED 
BITSTREAM 

FIGURE 3.12: Adapted bitstream generation using a gBSDtoBin parser. 

3.6.5 THE VIDEO DECODING PROCESS 

This was the final processing stage needed to reconstruct the encoded video. 

Therefore using an H.261 decoder, the adapted bitstreams were decoded. To decode the 

side descriptions, each side decoder received the adapted bitstream as input. The 

bitstream was first passed into a video multiplex decoder. This was used to decode the 

video multiplex arrangement. This was necessary to identify the hierarchical layers 

within the bitstream from the picture layer to the block layer. The decoders received the 

resulting bitstreams and processed them through the inverse quantizer. The inverse 

quantization of the bitstreams had to be modified to accommodate the splitting of the 

block coefficients. This was done prior to passing the XML descriptions through the DIA 

engine. The quantization value used to encode the video was stored in a parameter 
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element in the picture header. A parameter element was used as opposed to a gBSDUnit 

element to allow the quantization value to be modified as needed, based on the number of 

descriptions desired i.e. N. Therefore, in the XSLT code, when N=2, and the original 

quantization value used to encode the video was 5, the quantization value used to decode 

the split bitstream was double the encoder quantization value i.e. 10. The inverse 

quantization stage was followed by inverse DCT, thereby generating the reconstructed 

side descriptions. 

<gBSDUnit syntacticalLabel=":H261rmGQuant" start="52" length="5"> 
<Header> 
<DefaultValues addressMode="Absolute"/> 
</Header> 
<Parameter name=":H261:mGQuant[iGBID]" start="52" length="5" 
gQuant="5"/> 
</gBSDUnit> 

Figure 3.13: An excerpt of the gBSD showing the quantizer prior to 
transformation 

<gBSDUnit syntacticalLabel=":H261:mGQuant" start="52" length="5"> 
<Header> 
<DefaultValues addressMode="Absolute"></DefaultValues> 
</Header> 
<Parameter name=":H261:mGQuant[iGBID]" start="52" length="5 
gQuant="10"> 
<value xsi:type=":bt:b5">01010</value> 
</Parameter> 
</gBSDUnit> 

Figure 3.14: An excerpt of the gBSD showing the quantizer after transformation. 

The approach taken by the proposed technique to generate the central description 

from the received side descriptions is different from the approach generally used in 

multiple description decoders. More often than not, in the two description MD coder for 

example, the two correlated side bitstreams are individually decoded to form the side 
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descriptions. At the central decoder, the two bitstreams are jointly decoded to generate 

the central description which is a combination of the two side descriptions. However, in 

the proposed technique, the two side description bitstreams are also individually decoded 

for both side descriptions, while at the central decoder, the side description bitstreams 

are decoded and the result summed up to obtain the central reconstruction. 
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CHAPTER 4 

EXPERIMENTATION AND RESULTS 

4.1 INTRODUCTION 

A video signal is a three dimensional sequence of frames. Each frame within this 

sequence is composed of an array of pixels. Each pixel is composed of 8 bits of 

information. Therefore, the array of pixels representing a three dimensional sequence of 

frames will require a significant amount of bandwidth. The aim of multiple description 

coding is to represent a video sequence for transmission in a manner that ensures that a 

side description which is a coarse representation of the original image is received after 

transmission with the least amount of redundancy and inherent distortion possible while 

at the same time utilizing the least amount of bandwidth during transmission. 

The proposed multiple description video coding technique while adhering to the 

basic requirements of multiple description coders, is more focused towards enabling easy 

adaptability and universal multimedia access within the framework of MPEG-21. The 

goal of this proposed technique is content generation that can withstand content delivery 

across error prone networks while simultaneously maximizing the user experience by 

adapting the multimedia content to fit the usage environment. Based on the 

characteristics of the transmitting network in terms of bandwidth, the choice of the level 
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of decomposition can be determined i.e. a decision about how many times to split a video 

source can be made. However, testing the network performance of this proposed 

technique is outside the scope of this research. 

This implementation provides a generic format for the description of the encoded 

bitstream. This allows for a more format independent adaptation of the bitstream that 

does not require the adaptation engine to have a full knowledge of the specific BS 

Schema. The use of the gBSD of the digital item enables the DIA engine to adapt the 

bitstream without a need to know what kind of media is being processed. The DIA engine 

simply generates the adapted bitstream. 

In this Chapter, the results of the proposed technique are presented and explained. 

The performance of this multiple description video coding technique is examined using a 

few digital video quality assessment methods. The advantages and drawbacks of the 

technique are presented, along with the applicability of the proposed technique. 

4.2 IMPLEMENTATION 

Based on the methodology presented in Chapter three, the proposed multiple 

description video coding technique was implemented. In the video multiplex hierarchical 

structure, the highest layer is the picture layer which is followed by the group of blocks 

layer. The third layer in the hierarchy is the macroblock layer. Each macroblock is 

composed of four luminance blocks and two color difference blocks. Video standards use 

the YUV or YCbCr systems to represent a video sample. The luminance information is 

represented by Y while the two chrominance color differences are represented by Cb and 

Cr. However, for the purpose of this work of research, the video encoding/decoding 
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process was implemented with a focus majorly on the luminance information of the video 

sample using only the four luminance blocks in each macroblock. 

The proposed MDC technique was first implemented for the standard two 

descriptions MDC case. The splitting of the bitstream using the gBSD and the XSLT 

transformation constraints resulted in two new transformed gBSDs which contained the 

binary values of each of the split AC coefficients. This transformed gBSDs were adapted 

using the DIA engine resulting in two new bitstreams which were representative of the 

two side descriptions. These bitstreams produced the side descriptions which were 

decoded by the side decoders. When either of these bitstreams is received at the decoder, 

a coarse reconstruction of the original bitstream can be obtained. Figures 4.1 (a) and (b) 

show the first frame from the reconstructed side descriptions of the foreman video 

sequence. Figure 4.2 on the other hand shows the first frame from the reconstructed 

central description of the foreman video sequence formed when both descriptions from 

the two description MDC are received. 

FIGURE 4.1 (a): First Side Reconstruction of the two description MDC (ceiling). 
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FIGURE 4.1 (b): First Side Reconstruction of the two description MDC (floor). 

FIGURE 4.2: Central Reconstruction of the two description MDC. 

This was then generalized and implemented to develop more descriptions. The 

proposed multiple description technique was implemented for the cases of three, four and 

five side descriptions. The resulting reconstruction for each of these implementations is 

shown in Figures 4.3 (a) and (b), Figures 4.4 (a) and (b) and Figures 4.5 (a) and (b). 
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FIGURE 4.3 (a): First Side Reconstruction of the three description MDC (ceiling). 

FIGURE 4.3 (b): First Side Reconstruction of the three description MDC (floor). 

FIGURE 4.4 (a): First Side Reconstruction of the four description MDC (ceiling). 
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FIGURE 4.4 (b): First Side Reconstruction of the four description MDC (floor). 

FIGURE 4.5 (a): First Side Reconstruction of the five description MDC (ceiling). 

FIGURE 4.5 (b): First Side Reconstruction of the five description MDC (floor). 

4.2 VIDEO QUALITY ASSESSMENT TECHNIQUES 

Overtime, several techniques have been proposed to measure the quality of digital 

video. These assessment techniques are required to measure the quality of the 
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reconstruction against the original video. During the encoding/decoding process as well 

as during other implementation processing steps required to generate coarse side 

descriptions of the original video source, distortion is introduced by noise or blocking 

artifacts. These often results in the degradation of the video sequence. This degradation 

may result in perceptible visual distortions which affect the quality of the reconstructed 

video. Quality assessment techniques are used as a yardstick to measure this difference in 

quality. As expected, there is typically a tradeoff between the efficiency of any multiple 

description coding technique and the reconstruction quality of either the side descriptions 

or the central description. 

Typically, video quality assessment techniques can either be objective or 

subjective in nature. Objective quality assessment techniques make use of both 

quantitative and mathematical methods to measure the quality of videos while subjective 

quality assessment techniques are based on the human visual perception of quality. While 

there have been several techniques implemented in both classes, no one quality 

assessment technique is self sufficient for assessing the quality of a reconstructed video. 

Therefore, a full assessment of the quality of a video is often obtained using a 

combination of two or more techniques across both objective and subjective categories of 

assessment techniques. 

4.2.1 SUBJECTIVE ASSESSMENT OF THE QUALITY OF VIDEO 
SEQUENCES 

This class of quality assessment techniques is based on the human visual system. 

Usually, the quality of the video samples is determined based on the amount of 

degradation perceived by the human eye. Although the human eye is unable to 
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distinguish one frame from a sequence of frames in fast progression, it is very sensitive to 

distortions observed in the quality of the video sequence. This quality assessment 

technique is referred to as subjective because it relies on the quality of the video as 

observed by the human visual system, the result of which is seldom the same when a 

single video sequence is observed independently by two or more individuals. To make 

this quality assessment technique more objective in nature, a group of observers can be 

used to view and rate the quality of the video sequence using a set of numbers. The 

average of these numbers taken across all the observers could then be used to measure the 

quality of the video. The human visual system is generally more sensitive to luminance 

than it is to chrominance [64]. For this reason, while the chrominance components can be 

represented at a low spatial resolution, the luminance components must be represented at 

a higher spatial resolution. Within the framework of multiple description coding, each 

side description must necessarily be dependent for it to be individually good [14], 

therefore a level of redundancy must be included during the processing of each side 

description. As a rule of thumb, the higher the amount of redundancy introduced into 

each side description during multiple description coding, the higher the quality of the 

reconstruction. However, the amount of redundancy introduced should not be 

significantly higher than what is required to achieve a coarse reconstruction of the 

original video sequence. Therefore, it is necessary to consider the visual perception of 

quality when designing a multiple description coding algorithm. 

During the implementation phase of this work of research, the proposed multiple 

description technique was implemented with a focus on the luminance components of the 

video. Therefore, the reconstructed video had to be represented at a high enough 
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resolution. In terms of the level of redundancy introduced, the higher the number of 

descriptions achieved from a single source, the lower the amount of redundancy 

contained in each of the resulting descriptions. However, the value of the DC coefficient 

in the side descriptions had to be left unchanged from that of the central description 

because the information contained in the DC coefficient is essential to ensure that the 

reconstruction produced by each side decoder is of an acceptable quality, albeit a coarse 

representation of the original source. This proposed multiple description coding 

algorithm was implemented on the bit level. Therefore, it was very sensitive to errors 

since an error in only one bit of the bitstream or the losses due to the processing of 

coefficient values had a significant effect on the reconstruction and introduced an 

unacceptable amount of degradation. 

Applying this subjective quality assessment technique to the results generated by 

the proposed MPEG-21 based multiple description technique shows two individually 

good reconstructed side descriptions for the two description implementation as shown in 

Figure 4.1 although the quality achieved by flooring the resulting values as opposed to 

obtaining the ceiling values was higher. Therefore, comparing the reconstruction obtained 

from the central decoder which is shown in Figure 4.2 to the reconstructions shown in 

Figure 4.1, it is evident that the side description is a coarse representation of the central 

description, although the side reconstructions are also individually good. Both 

reconstructions show the distortion introduced by blocking artifacts which was as a result 

of the fact that the DCT based H.261 video coding standard was employed for the 

encoding/decoding process. However, it can be observed that the blocking artifacts are 

more pronounced in the side reconstructions than they are in the central reconstruction. In 
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terms of the richness of the details of the foreman video, the performance of the side and 

the central reconstruction of the proposed technique were in keeping with the levels of 

redundancy introduced. Although the proposed technique handled the original video 

sequence on the bit level, and made significant changes to most of the bitstream, there 

were no significant distortions introduced due to any bit error. As expected, due to the 

fact that for the two description case, the AC coefficients in the reconstructed side 

descriptions only had approximately half the luminance information contained in the 

central description reconstruction, the side description was darker than the central 

description reconstruction. When Figures 4.1, Figure 4.2 and Figures 4.3 are compared, 

the perceived difference in luminance as observed visually is not indicative of the actual 

difference in luminance that can be quantitatively measured. 

4.2.2 OBJECTIVE ASSESSMENT OF THE QUALITY OF VIDEO 
SEQUENCES 

This class of quality assessment techniques is the converse of the subjective 

assessment techniques because while the later is dependent on the human visual 

perception, the objective assessment techniques avoid human based quality assessment. 

Rather, objective quality assessment techniques are based on quantitative mathematical 

methods that measure the amount of distortion or loss of information present in a 

reconstruction in comparison with the original video source. This class of techniques 

includes mean square error (MSE), mean absolute error (MAE) and peak signal to noise 

ratio (PSNR) etc. 
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For a video frame A and the reconstructed video frame A , with frame size of N x 

M, pixel indices 1 < i < M and 1 < j < N, and given that the number of bits per pixel is 

n, the equations for MSE, MAE and PSNR are as follows [1]: 

M N 

MSE=wY^}A ay) _ A a y ) i 2 EQ"4-1 

i = l 7 = 1 

M N 

MAE = m Z TM a';) _ A ay)l F(? _ 4-2 
i = l 7 = 1 

PSNR = 20 log10 I 2
 1 ) EQ - 4.3 

The most commonly used of these techniques is PSNR. It is computed using the 

MSE. The MSE is used to calculate the distance between the original video frame and the 

reconstructed video frame. While these objective quality assessment techniques are 

useful, they often do not give a true representation of the quality of a video. Ultimately, 

the qualities of videos are best determined by the human observer [1]. Therefore, the 

PSNR value may not always reflect the perceived visual quality of a human observer. 

This discrepancy between the observed quality and the calculated quality of videos may 

be due to the fact that the computation of the PSNR does not take into consideration the 

sensitivity of the eye to motion and contrasts within the video sequence. Also, there may 

be inherent distortions within the video frame that the eye may not perceive, but which a 

quantitative technique like PSNR would detect. Since PSNR is more sensitive to 

distortions and impairments within a video source, it is possible for the PSNR value to 
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indicate a significant level of distortion in the quality of the video which may be visually 

pleasing to the observer. 

The quality metric for the proposed MPEG-21 based multiple description coding 

technique was computed for the reconstructed side and central descriptions where the 

number of descriptions was two. The MSE and PSNR values obtained are as shown in 

Table 4.1. The MSE and PSNR values were also computed for the side description 

reconstructions obtained when the foreman video sample was decomposed into 2, 3, 4 

and 5 descriptions. These values are as shown in Tables 4.2 and 4.3. 

TABLE 4.1: The MSE and PSNR values for the proposed two description MD 
Coder 

FOREMAN VIDEO SAMPLE 
SIDE DESCRIPTION RECONSTRUCTION-floor 
SIDE DESCRIPTION RECONSTRUCTION-ceiling 
CENTRAL DESCRIPTION RECONSTRUCTION 

MSE 
55.98 
216.36 
37.88 

PSNR 
30.65 
24.77 
32.35 

It was observed that the PSNR achieved for the side description in the two 

description multiple description coder was significantly lower than the value achieved for 

the central reconstruction. Also, the PSNR values for the side descriptions differed in that 

flooring the values and keeping them lower resulted in better PSNR overall than 

obtaining the ceiling of the coefficient values. These results were due to the fact that 

coefficient values in the side description were significantly reduced compared to the 

value of the coefficients in the central description. The splitting of these values and 

especially obtaining the ceiling values as opposed to the floor values led to a loss of 

information especially around block edges. During the process of splitting the AC 
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coefficient values, non integer coefficient values were either floored or the ceiling of the 

values obtained which also resulted in loss of information in the side descriptions. 

However, at the central decoder, when both side descriptions are received, the 

value of the PSNR is significantly increased due to the fact that the AC coefficients from 

both descriptions are summed up, thereby increasing the amount of information available 

to the decoder and approximately, exact reconstructions were obtained. This was 

significant because the addition of information in the ceiling side description was 

compensated for by the removal of information in the floor side descriptions. Therefore 

the distortion that was introduced by dividing the coefficient values during the splitting 

process was compensated for in the central reconstruction. 

TABLE 4.2: The MSE values from the side reconstructions of the proposed MD 
Coder at different levels of decomposition 

FOREMAN VIDEO 
SAMPLE 
2 Descriptions 
3 Descriptions 
4 Descriptions 
5 Descriptions 

MSE- Ceiling 

216.56 
325.10 
433.04 
654.25 

MSE-Floor 

55.98 
139.70 
314.72 
557.92 

TABLE 4.3: The PSNR values from the side reconstructions of the proposed MD 
Coder at different levels of decomposition 

FOREMAN VIDEO 
SAMPLE 
2 Descriptions 
3 Descriptions 
4 Descriptions 
5 Descriptions 

PSNR- Ceiling 

24.77 
23.01 
21.77 
19.97 

PSNR-Floor 

30.65 
26.68 
23.15 
20.67 

Average 
PSNR 
27.71 
25.46 
22.46 
20.39 
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A comparison of the PSNR values achieved when the foreman video was split 

into two to five descriptions shows the decrease in the quality of the reconstructed side 

descriptions achieved. It can therefore be concluded that although the proposed technique 

allows a single source to be split into as many descriptions as desired, the more the level 

of decomposition, the lower the quality of the reconstructed side descriptions. Intuitively, 

this is to be expected because while the side reconstructions at a level of decomposition 

of two, contains approximately half the information of the source, the side 

reconstructions at the level of decomposition of three only contains approximately one 

third the information of the source. 

The quality of the central description is not as adversely affected by splitting a 

source into an increasing number of descriptions. This is due to the fact that provided all 

the descriptions are received, the central decoder reconstruction of the source will always 

result in a sum of the individual AC coefficients, thereby multiplying the information 

available to the central decoder by the total number of descriptions received. However, 

the distortion due to processing would also increase the higher the number of descriptions 

to be processed. This ultimately only resulted in minute decrease in the PSNR values of 

the central reconstruction. 

Wang et al. [65] have proposed a comparable multiple description coding 

technique. Their proposed technique is multiple description coding based on the odd and 

even splitting of DCT coefficients coupled with zero padding. For this technique, the 

H.264 video coder was used for the compression process. However, rather than using the 

2D-DCT for the transformation stage, 1D-DCT was used to transform each column 

within the video frame. To add a level of redundancy, zero padding was implemented in 
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the DCT domain. In general, zero padding in the time domain leads to interpolation in the 

frequency domain. Likewise, the converse is also true: zero padding in the frequency 

domain leads to interpolation in the time domain. Therefore, padding zeros along the 

vertical axis in this technique led to an increase in sample size. After the 1D-DCT 

process, the IDCT processing was done. To obtain two new descriptions using the 

proposed quincunx sub-sampling technique, pixels in the even row and even column 

comprised one description while the other description was composed of pixels in the odd 

row and odd column. This sub-sampling led to the creation of two independently 

decodable side descriptions. At the central decoder the DCT process was re-implemented 

to get rid of the zeros used to pad the side descriptions. The resulting sample was 

processed using IDCT thereby generating the central reconstruction. 

When only one description is received, this proposed technique uses prediction to 

generate the missing description from the received description. The advantages of this 

implementation include better coding efficiency since the H.264 video coding standard 

was used. Also, the zero padding process leads to an increase in quality for the side 

reconstructions. However, this increase in quality of the side reconstruction is sometimes 

accompanied by an associated decrease in the quality of the central reconstruction 

especially at high bitrates. This is due to the fact that zero padding leads to a decrease in 

bit rate since more zeros are also added by the quantization process. Ultimately, less non

zero coefficients were available to be coded. Therefore, it can be concluded that there is a 

trade off in quality between the central and the side reconstructions for this technique, 

particularly at higher bitrates. 
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To provide a suitable comparison between this zero padding technique and the 

MPEG-21 based MDC technique proposed by this work of research, the result generated 

when both techniques were applied to a QCIF foreman video sample at a fixed frame rate 

of 30 frames per second are compared. In general, better results were expected from the 

proposed zero padding technique since a more efficient video coding standard was used, 

also because the 1D-DCT was used as opposed to the 2D-DCT used in our 

implementation. However, this was not necessarily the case. 
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Figure 4.6: Quality comparison between the zero padding MDC technique and 

the proposed MPEG-21 based MDC technique. 
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As shown in the Figure above, their quincunx side description generally 

outperformed our ceiling side description especially at low bitrates. Likewise, their 

implementation outperformed our floor description at low bitrates. At high bitrates 

however, our floor description outperformed the proposed 1D-DCT MDC 

implementation. There was comparable performance of both central description 

reconstructions when fewer zeros were used to pad the descriptions. However, as more 

zeros were used, there was a decrease in the central quality of the zero padding technique 

in comparison to the MPEG-21 based MDC technique proposed by this work of research. 

This results show that even though an H.261 video coder was used as opposed to the 

H.264 video coder, the 2D-DCT was used rather than the 1D-DCT implementation and 

our splitting process was implemented outside the encoder, the technique proposed by 

this work of research still provided some comparable results which would improve 

provided that a video coder with better coding efficiency such as H.264 was used. It 

should be noted however, that our ceiling side description was generally not comparable, 

particularly at low bitrates. While providing some comparable quality results, our 

propose technique also have the added advantage of being able to generate any number of 

descriptions from a single bitstream without any need to re encode the bitstream. 

4.3 ACHIEVABLE CODING EFFICIENCY 

The goal of video compression technologies is to remove redundancies from a 

source, thereby reducing the bitrate used to encode that source. The degree to which the 

encoding process reduces the number of bits required to represent a signal is known as 

coding efficiency [1]. Typically, compression of a video source is achieved during the 
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encoding process; nevertheless, in the implemented multiple description coding 

technique, the side descriptions had to be further compressed to decrease the size of the 

side descriptions in comparison to the central description. This compression was achieved 

within the gBSD by specifying a splitting constraint in the XSLT code that not only splits 

the bitstream as needed, but does this in a way that the number of bits required to 

represent the new bitstream is significantly reduced. 

As described in Section 3.6.3.2, three processing stages during the splitting 

process resulted in significant bit savings. Whenever the value of the AC coefficient 

obtained after the splitting and processing evaluated to zero, the value of its associated 

run attribute was updated by one. Given that the next AC coefficient following this AC 

coefficient was not zero, the associated run value of this coefficient was updated by the 

run value of the preceding coefficient. However, in a situation where all the coefficients 

following a zero level AC coefficient value were also zero level coefficients, then these 

zero level coefficients were eliminated and the end of block element was set into 

position. This resulted in significant bit savings. Next, owing to the fact that coefficient 

values were split and rounded, escape codes which previously required 20 bits needed to 

be re-encoded using variable length codes with a maximum length of 14 bits. The 

converse was also true. The process of updating the run value of some coefficients 

necessitated the re-encoding of some coefficients by switching variable length codes with 

escape codes. Although this required using a 20 bit code to represent this new level/ run 

combination, the bits already saved by eliminating zero level coefficients, ultimately 

resulted in using a reduced number of bits to represent a set of coefficients. 
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To calculate the number of bits required to represent the new side description, the 

length attributes for each AC coefficient within the transformed gBSDs were updated 

with the new bit values. Ulitmately, the start values were also recalculated thereby 

obtaining the total number of bits used to represent the side descriptions. 

TABLE 4.4: The Coding Efficiency achieved by the floor side reconstruction of the 
proposed MD Coder at different levels of decomposition 

FOREMAN VIDEO 
SAMPLE 

Original sample 
2 Descriptions 
3 Descriptions 
4 Descriptions 
5 Descriptions 

ENCODED 
BITRATE 

(bits) 
125 600 
125 600 
125 600 
125 600 
125 600 

DECODED 
BITRATE 

(bits) 
-

86841 
71708 
63777 
59217 

CODING 
EFFICIENCY 

(%) 
-

144.63 
175.15 
196.94 
212.10 

TABLE 4.5: The Coding Efficiency achieved by the ceiling side reconstruction of 
the proposed MD Coder at different levels of decomposition 

FOREMAN VIDEO 
SAMPLE 

Original sample 
2 Descriptions 
3 Descriptions 
4 Descriptions 
5 Descriptions 

ENCODED 
BITRATE 

(bits) 
125 600 
125 600 
125 600 
125 600 
125 600 

DECODED 
BITRATE 

(bits) 
-

87043 
71888 
63914 
59386 

CODING 
EFFICIENCY 

(%) 
-

144.30 
174.72 
196.51 
211.50 

Finally, coding efficiency is defined as the ratio of the encoded bitrate with the 

decoded bitrate [1]. 

Coding Efficiency = (Compression Ratio) 1 EQ — 4.4[1] 

_ Encoded Bitrate / 
'Decoded Bitrate EQ - 4.5 [1] 
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Therefore, Tables 4.4 and 4.5 show the encoded bitrate, the decoded bitrate, as 

well as the resulting coding efficiency achieved for both the ceiling side description and 

the floor side description at varying levels of decomposition using the foreman video 

sample. As shown in the Figure below, the bitrate used to encode both the ceiling and the 

floor side descriptions indicate that both descriptions are balanced in size. 
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Figure 4.7: Coding Efficiency Performance Showing Balanced Side Reconstructions. 

It can be observed that the higher the number of times a single source is 

decomposed, the higher the coding efficiency achieved. Similarly, the higher the number 

of times a single source is decomposed, the lower the quality of the side reconstruction 

achieved. However, Figures 4.8 and 4.9 show that there is a significant decrease in the 

number of bits required to represent the side descriptions resulting from splitting a source 

into three compared to the number of bits needed to represent the side descriptions 

resulting from splitting a source into two. Therefore, there is an associated increase in 
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coding efficiency. As the number of side descriptions generated increases from three 

through five, the gain in coding efficiency is not as significant as observed previously. 
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Figure 4.8: Coding Efficiency Performance for the Floored Side Reconstructions. 
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Figure 4.9: Coding Efficiency Performance for the Ceiling Side Reconstructions. 
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Furthermore, Figure 4.10 shows that as the number of side descriptions generated 

increases from two to five, the loss in quality of the side description achieved is 

significant. 
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Figure 4.10 Quality Performances for the both Side Description Reconstructions. 

Consequently, it can be concluded that although there are significant advantages 

to be achieved by splitting a source into two or more descriptions, as the number of 

descriptions increases, there is a decrease in the advantages to be obtained from further 

splitting the source to generate more descriptions given that only one of the side 

descriptions is received. However, as the number of description received increases, there 

is significant gain to be achieved by further splitting a source. This is further bolstered by 

the quality of reconstruction achieved when one or more descriptions were dropped. 

These results are shown in Table 4.6. 
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While actual network testing of the proposed MDC technique was not 

implemented, the quality achieved by the proposed technique when one or more of the 

descriptions were not received at the central decoder was simulated. The results of this 

simulation are as shown in Table 4.6. In the three description implementation for 

example, considering that one of the three descriptions is lost, and two of these are 

received; provided that one of the descriptions received is a floor description while the 

second description received is a ceiling description, a quality of 28.57 dB was achieved, 

while when all three descriptions were received, a quality of 32.30 dB was achieved. 

TABLE 4.6: The Quality achieved by the central reconstructions of the proposed 
MDC when only some of the descriptions are received. 

2 
Descriptions 

3 
Descriptions 

4 
Descriptions 

5 
Descriptions 

1 
Description 
Received 

30.65 

24.77 

26.68 

23.01 

23.15 

21.77 

20.67 

19.97 

2 
Description 
Received 

32.35 

28.57 

1F&1C 

25.68 

1F&1C 

23.22 

1F&1C 

3 
Description 
Received 

N/A 

32.30 

28.80 

1F&2C 

26.30 

1F&2C 

4 
Description 
Received 

N/A 

N/A 

32.09 

29.02 

2F&2C 

5 
Description 
Received 

N/A 

N/A 

N/A 

31.93 

For the five description implementation however, when only one floor and one 

ceiling description were received by the decoder, a quality of 23.22 dB was achieved. 

Provided that three of the five descriptions were received, and two of those descriptions 
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were ceiling descriptions while one was a floor description, a quality of 26.30 was also 

achieved. Likewise, where four of the five descriptions were received, given that two of 

the received descriptions were ceiling descriptions while the other two were floor 

descriptions, a PSNR of 29.02 dB was achieved by the reconstruction. Finally, when all 

five descriptions were received, a PSNR of 31.93 was achieved. As expected, the 

achieved results show that the larger the number of descriptions received, the more 

improved the quality of the reconstruction. 

Regardless, there is a tradeoff between quality and coding efficiency. For 

example, given that a server is requested to send information across two different 

networks. The first network is a reliable one while the other is unreliable. To ensure that 

the information is received after transmitting across the reliable network, the server may 

only need to split the information into two descriptions. However, to ensure that the 

information is received after transmitting across the unreliable network, the server may 

need to split the information into four to five descriptions. Therefore, it can be observed 

that based on the particular application, a determination should be made about the 

number of descriptions to be generated. 

The choice about the number of descriptions to generate in this proposed 

technique is based not only on network characteristics but also on user preferences. The 

user may desire multimedia content based on their particular device capability or the 

application for which the media content is desired. For example, a user who requires 

video strictly for surveillance purposes may not have stringent quality requirements but 

rather may be more concerned about ensuring that at least a coarse reconstruction is 

possible at the decoder whereas, for a user, such as a consumer of cable TV, while it is 

92 



likewise important that the media content is received, such a user will have higher quality 

requirements. Hence, the media content may need to be split into two independent 

descriptions thereby, ensuring the reconstruction quality at the decoder. On the other 

hand, mobile clients may require lower resolution reconstructions on the basis of their 

receiving devices particularly, since there is a limit on the permitted quality of 

multimedia supported by mobile devices e.g. a quality of 352 x 288 (CIF) or higher is not 

generally allowed on mobile devices [43]. Although network testing was not 

implemented, in order to make a decision about the number of descriptions to generate 

based on network characteristics, it is possible to estimate the available network 

bandwidth by monitoring the size of packets sent across a given network as well as the 

amount of transmission time associated with such packets [42]. To make information 

about user preferences and network conditions readily available to the intermediate node 

used by our proposed implementation, this information can be stored in a usage 

environment description (UED) [42]. 

4.4 APPLICABILITY OF THE PROPOSED MPEG-21 BASED MULTIPLE 
DESCRIPTION CODING TECHNIQUE 

Multiple description coding is not a newly discovered technology and has been 

implemented in several ways using several techniques as discussed in Chapter two. 

However, MDC has not often been implemented using MPEG-21 adaptation tools. This 

may be as a result of the fact that the MPEG-21 technology is still relatively new and the 

full range of its capabilities is yet to be discovered. Usually, the process of dividing the 

source into two or more descriptions is implemented during the encoding process. 

Invariably, every time new descriptions are to be developed, the source has to be re-
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encoded. While this technique has been largely successful and has yielded good quality 

side descriptions, it is cost and time intensive and cannot be implemented dynamically. 

Due to the increased need to provide universal multimedia access in an adaptable way, 

alternatives to the established MDC techniques have become essential. 

The proposed MDC technique is relevant because it provides an adaptable and 

innovative way to achieve post encoding distribution within the frame work of MDC. 

The aim of this work of research is to enable video content to be adapted to fit the 

network and usage environment. Several solutions have been explored by other 

researchers. One of these solutions is based on the service provider making available a 

single media content using various coding standards, and at varying quality ranges and 

packet sizes. Thereby, based on the network and the usage environment characteristics, 

the appropriate version of the media content can be requested from the service provider. 

Another solution previously explored is instantaneous transcoding. Once again, the 

burden of implementing this solution rests squarely on the shoulders of the service 

provider. Instantaneous transcoding requires that an intermediate node capable of 

implementing the encoding/decoding process be located between the service provider and 

the users. Depending on the user's request, this intermediate node encodes the content 

using the desired coding standard, at the required quality and size. While these solutions 

have received some attention, they have not been widely successful due to their large 

bandwidth requirement along with their cumbersome and cost intensive implementation. 

The proposed MPEG-21 based MDC technique provides a viable alternative to these 

previously explored solutions while simultaneously reducing the cost and bandwidth 

required to implement this solution. 
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This technique has succeeded in providing an adaptive means for splitting the 

encoded bitstream outside of the encoding process thereby reducing the cost and time 

required to implement the multiple description coding technique. While there are 

advantages to our implementation, there is also the associated drawback of a decrease in 

quality compared to other MDC techniques were the splitting process was implemented 

within the encoder. However, the ability to split the encoded bitstream outside of the 

encoding process is an advantage that opens up a whole vista of possibilities for post 

encoding distribution of video content. The proposed technique also provides a 

significant advantage in environments where there are more stringent limitations on 

bandwidth availability. 

Chen et al. [35] have proposed the use of a channel status detection technique to 

obtain channel status information for use in roaming. Based on the channel status 

information received, a decision is made about how data is transmitted. Using this 

proposed technique, in cases where network conditions are optimal, MDC is not utilized 

and data transmission is done over a single channel. However, if the channel is less than 

optimal, MDC along with multipath transport is utilized. Due to the fact that multipath 

transport is used here, the actual quality of each channel is not required; rather, the 

average or relative quality of both channels is used to determine how to reliably transmit 

the data. 

For the proposed MPEG-21 based MDC technique, an active probing technique 

similar to the technique proposed in [35] can be used by the server to obtain information 

about the number of descriptions to generate from a single source based on the network 

conditions. To obtain network capabilities and conditions over the client network, the 
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intermediate node can send out individual probe description sizes for a set of MDC splits 

e.g. a set of descriptions can be sent from 2, 3, 4 or 5 levels of decomposition. These 

descriptions can be sent at intervals of half a second or one second over this network. 

These probe descriptions would contain information such as departure time stamp as well 

as the sequence number of each particular description within the transmitted set. To 

obtain an accurate picture of the quality of the client's network, it is essential that the 

clocks of the intermediate node and the client are synchronized. Provided that these 

clocks are synchronized and the client receives the probe descriptions, an 

acknowledgement for each description received is sent back to the intermediate node. 

Based on the number of acknowledgements received, the intermediate note can obtain the 

packet loss rate (PLR). Likewise, based on the round trip time (RTT), the associated 

delay on the client's network can be accurately obtained. By associating an RTT / PLR 

information pair to each level of decomposition, the information received by probing 

each client's network can be used to make an informed decision about the number of 

times the original source needs to be split to enable the content to be transmitted between 

the two communicating networks. For example, if a minimum / maximum RTT of "a / b" 

and a minimum / maximum PLR of "b / c" is associated with splitting the source into 

three descriptions, when the probe information received from the client network indicates 

an RTT and PLR pair within this range, the source is split into three descriptions and 

transmitted over this client's network. At the new size for the side descriptions, the 

receiving host can accept all the side descriptions and reconstruct the source at little or no 

loss in quality compared to if the entire information had been sent in a single packet. 
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This ability of the proposed splitting technique to adapt itself to the current 

network characteristics makes it suitable for use in static downloadable media such as 

Video-on-Demand and TV-on-Demand. Media on demand is a system that allows the 

streaming of media content to a receiving device or the downloading of the media content 

on to the receiving device. In the case of media streaming, the media can be 

instantaneously viewed while the downloadable media content requires the media content 

to be stored on the receiving device for future viewing. Due to the large bandwidth 

requirement of the current implementations of media on demand, this technology has 

only garnered widespread usage in cable TV. This is because cable TV service providers 

can make use of the large bandwidth available on the cable system to transmit the media 

content to users. However, for consumers of satellite TV, the associated bandwidth 

limitations have made the implementation of media on demand relatively impossible. 

Nevertheless, using the proposed MPEG-21 based MDC splitting technique, the 

associated bandwidth limitations can be overcome to enable the implementation of media 

on demand even within satellite TV. Although the proposed technique is not perfect and 

there are some limitations on the achievable quality of the reconstructed side 

descriptions, its ability to provide adaptation of a video source is an advantage that can be 

used in several applications. 
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CHAPTER 5 

CONCLUSION AND FUTURE WORK 

5.1 CONCLUSION 

The aim from the onset of this work of research was to create a splitting technique 

for use in multiple description video coding. This splitting technique had to provide an 

adaptive way to implement multiple description coding in a way that promotes universal 

multimedia access. We propose an MPEG-21 based splitting technique for use in MDC. 

This proposed technique employs the strong adaptation tools of MPEG-21 DIA. To 

implement the proposed technique, we utilized the H.261 video coding standard to 

encode the video sequence. This encoding was done using the intra coding prediction 

mode of the H.261 video coding standard. The intra-frame coding mode was used to 

implement a special case of predictive multiple description coding where the predictor 

value is zero. This afforded limited error transmission from one frame to another as well 

as computational simplicity because it eliminated the use of motion compensated 

prediction. 

The basic idea behind this technique was to describe the encoded bitstream in a 

very detailed way using the generic bitstream syntax description tool of MPEG-21. This 

description was produced alongside the encoded bitstream using an XML gBSD writer. 

This proposed technique was set apart from other implementations of multiple 

description coding because we were able to introduce a source splitting technique that is 
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not implemented within the encoding phase, thereby reducing the computational 

complexity and increasing the flexibility and adaptability of the implementation. 

Key to the implementation of this proposed technique was specifying the 

constraints for splitting and re-encoding the source using XSLT. This proved to be quite 

challenging due to the many limitations of XSLT. Owing to the fact that XSLT is a 

declarative and not a procedural language, most of the rules of traditional programming 

languages are not applicable. Ultimately, these constraints were successfully 

implemented within the XSLT framework. This XSLT code was used to transform the 

XML based gBSD thereby generating the transformed gBSDs. Using the bitstream 

generated by the encoding process along with the transformed gBSDs as input, a DIA 

engine was used to generate the adapted bitstreams that were representative of the side 

descriptions. 

The performance of this proposed technique was evaluated using the Peak-

Signal-to-Noise-Ratio as well as a measure of the coding efficiency achieved. As the 

level of decomposition increased, there was an associated decrease in the quality of the 

reconstructed side descriptions and an associated increase in the achieved coding 

efficiency. The proposed technique achieved comparable qualities to some of the 

qualities attained by the zero padding MDC design where the splitting was done within 

the encoder, although in some cases it did not perform as well. However, due to the 

quality of the reconstructed side descriptions accomplished, coupled with the decrease in 

computational complexity and the increased flexibility achieved, the proposed technique 

is a viable alternative and in some cases, a suitable replacement for previously 

implemented multiple description coders. Also, the fact that most implemented multiple 
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description coders cannot be implemented in an adaptable way based on the current 

network conditions makes the proposed technique suitable for post encoding distribution 

of video content. 

5.2 FUTURE WORK 

Bringing the strong adaptive capabilities of MPEG-21 to bear on the error 

resilience capabilities of MDC is a combination that has great potential within the video 

coding framework. In order to achieve better overall results using this technique, a more 

suitable splitting technique with higher performance capabilities at lower redundancies 

should be researched. 

While it was possible to use XSLT to implement the splitting constraints for the 

gBSD, it's short comings greatly hampered and limited the scope of the possible splitting 

techniques that could be implemented. Using a C# XML parser provides a possible 

alternative to XSLT for use in the transformation of XML descriptions and should be 

considered as a possible replacement for XSLT within the proposed technique. 

To implement the encoding phase of this research, the H.261 video coding 

standard was used. Although this provided the structural hierarchy within the encoded 

bitstream desired for the implementation, the use of other video coding standards could 

be researched to harness their stronger compression efficiency. Furthermore, the use of a 

DCT based video coder coupled with the block based transformation used by the 

proposed technique made the issue of blocking artifacts an important consideration in the 

reconstruction quality of the side distortion. Therefore the use of non-DCT based video 

coders should also be explored. 
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APPENDIX A 

A.l PICTURE LAYER 

The first layer in the hierarchy is the picture layer. This layer starts with the 

picture header. When a picture is dropped, the corresponding picture header is not 

transmitted [4, 58]. The picture layer is composed of five components. The Picture Start 

Code (PSC) is a 20 bit word. After this comes the Temporal Reference (TR). This is a 5 

bit number which can have 32 possible values. It is calculated by adding one to the value 

of the last transmitted TR and then also adding the number of the pictures that were not 

transmitted at 29.97 Hz. It is important to note that the calculation of this value is done 

using only the five least significant bits (LSB) [4, 58]. The next component in the picture 

layer is the Type Information (PTYPE). This component uses 6 bits to describe the 

various picture options. Each of the 6 bits has a corresponding option. The PTYPE bits 

and the associated options are as shown in the table below. 

TABLE A.1: PTYPE Bits and Option. 

BIT NUMBER 

Bit 1 

Bit 2 

Bit 3 

Bit 4 

Bit 5 

Bit 6 

OPTION 

Split screen indicator 

Document camera indicator 

Freeze picture release 

Source format 

Optional still image mode 

HI_RES defined in Annex D 

Spare 

"0" BIT 

Off 

Off 

Off 

QCIF 

On 

" 1 " BIT 

On 

On 

On 

CIF 

Off 
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The next component of the picture layer is the Extra Insertion Information (PEI). 

This component has a single bit. If the bit is set, it indicates that the next component 

which is the Spare Information (PSPARE) has a byte of information. The standard 

specifies that the decoders are to be designed in such a way that it disregards PSPARE if 

PEI is set to 1 [4,58]. 

A.2 GROUP OF BLOCK LAYER (GOB) 

The next layer after the picture layer is the GOB layer. Depending on the picture 

resolution, this layer can be composed of 3 or 12 macroblocks. Each GOB is made up of 

one twelfth of the CIF or one third of the QCIF of the picture area [4]. The GOB layer is 

composed of a GOB header followed by the data for the macroblock layer. First, we have 

the GOB Start Code (GOBSC). It is a 16 bit word. Next to that is the Group of Numbers 

(GN). It is made up of 4 bits that is a binary representation of the position of the group of 

blocks. The next component of this layer is the Quantizer Information represented by the 

acronym GQUANT. It is a 5 bit fixed length codeword which is used to indicate the exact 

quantizer being used by a GOB. The next two components of the GOB layer are the 

Spare Information (GEI) and the Spare Information (GSPARE) which serve the same 

function at this layer as the PEI and PSPARE for the picture layer [4, 58]. 
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A.3 MACROBLOCK LAYER (MB) 

The next layer is the macroblock layer (MB). It is composed of the MB header 

along with the data for the block layer. Each GOB is composed of 33 macroblocks. The 

first component of this layer is the Macroblock Address (MBA). This is a variable 

codeword that indicates the position of a macroblock in a GOB [1,4, 58]. The first MBA 

is the address of the first transmitted GOB. The value of all subsequent MBA's are 

obtained by calculating the difference between the actual addresses of each macroblock 

and the last macroblock that was transmitted. The standard comes with a VLC table for 

macroblock addressing [4]. The next component of this layer is the Type Information 

(MTYPE). The MTYPE gives information about which of the 10 available encoding 

modes provided in the standard is currently used. It is also a variable length codeword. 

The next component of the MB header is the Quantizer (MQUANT). MQUANT 

is only included in the MB header if it is indicated in the MTYPE. It is represented by a 

fixed length 5 bit codeword. Following MQUANT is the Motion Vector Data (MVD). 

Similar to MQUANT, MVD is only included in the MD header if it is indicated in 

MTYPE [4, 58]. The MVD is represented by a VLC of up to 11 bits in length which 

describes the differential displacement. The final component in the MB header is the 

Coded Block Pattern (CBP). It is a variable length code word indicating the blocks in the 

macroblock which have at least one transmitted transform coefficient and the variable 

length code can have a length as long as 9 bits [1]. The CBP is only included in the MB 

header if it is indicated by MTYPE. 
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TABLE A.2: VLC Table for MTYPE 

Prediction 

Intra 

Intra 

Inter 

Inter 

Inter + MC 

Inter + MC 

Inter + MC 

Inter + MC + FIL 

Inter + MC + FIL 

Inter + MC + FIL 

MQUANT 

X 

X 

X 

X 

MVD 

X 

X 

X 

X 

X 

X 

CBP 

X 

X 

X 

X 

X 

X 

NOTES 

1 "x" means that the item is present in the macroblock 

TCOEFF 

X 

X 

X 

X 

X 

X 

X 

X 

VLC 

0001 

000 001 

1 

000 1 

0000 0000 1 

0000 0001 

0000 0000 01 

001 

01 

0000 01 

2 It is possible to apply the filter in a non-motion compensated macroblock by 

declaring it as MC + FIL but with a zero vector. 

A.4 BLOCK LAYER 

The final layer in the H.261 hierarchy is the Block layer. This is composed of the 

codewords for transform coefficients (TCOEFF) followed by the end of block marker 

(EOB). If MTYPE indicates INTRA, it implies that transform coefficient data is present 

in all six blocks of a macroblock. Otherwise in all other cases, MTYPE and CBP signal 

which blocks actually have coefficient data transmitted for them [4]. Each block in the 
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macroblock is composed of 64 transform coefficients i.e. in each 8 by 8 block. The first 

level in the intra block is coded with a fixed length codeword of 8 bits [4, 58]. All other 

levels i.e. the various combinations of RUN and LEVEL are encoded with a 20 bit word. 

20 bit word => 6 bits (ESCAPE), 6 bits (RUN), 8 bits (LEVEL) 

The last bit in the code is an 's' which denotes the sign of the level where '0' indicates a 

positive and T indicates a negative [4]. The Figure below shows how each GOB for 

either the CIF or QCIF picture format translates into macroblocks; and how each 

macroblock translates into individual blocks. Finally the Figure shows the structure of a 

block in a macroblock. 

Group of Blocks GOB (CIF) G r o u P o f B l o c k s G O B 

GOB 1 GOB 3 GOB 5 GOB 1 

GOB 3 

GOB 11 

GOB 2 

GOB 12 

MB1 

MB23 

MB2 

MB24 

MB11 

MB33 

\ Macroblocks MB 

1 
9 
17 

41 
49 
57 

4?, 

4 

20 

52 

5 

21 

47 

8 
16 

64 

M • 

^ 

* 
Yi 

Y3 

Y2 

Y4 

Basic Block Structure Macroblock Structure 

FIGURE A.1: Structure of the H.261 hierarchy [1]. 
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