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Abstract 
 

In recent years, many research teams have been developing Distributed Video Coding solutions 

considering the theoretical benefits this type of technology promises. These solutions are based on a new 

video coding paradigm based on the Slepian-Wolf and Wyner-Ziv Information Theory theorems. The novelty 

regards the possibility of performing independent encoding and joint decoding theoretically without any loss of 

compression efficiency compared to the conventional coding paradigm, this means joint encoding and joint 

decoding, e.g. used in predictive video coding. As the distributed video coding paradigm performs 

independent coding of the correlated sources, the correlation is typically exploited at the decoder meaning 

that this very likely the more complex component of the codec, lightening the encoder. This means that the 

novel DVC architectures can generate rather flexible complexity allocations. This alternative architectural 

configuration opens the possibility of creating video coding solutions appropriate for emerging applications 

which requirements cannot be adequately addressed by the largely available predictive architectures, notably 

wireless cameras, low-consumption video surveillance and mobile surveillance. This means that DVC 

solutions represent an alternative to the conventional codecs, notably those adopted by the standards such as 

the MPEG-x and H.26x families. 

In this context, the objective of the thesis is to design, implement and evaluate a DVC coded based on one 

the main technical approaches, the PRISM architecture proposed by a team at University of California at 

Berkeley. This solution should have the following main characteristics: 1) power-efficiency which means 

restricted complexity, notably targeting situations of limited battery or memory; 2) inbuilt robustness to channel 

errors or packet losses; and 3) high-compression efficiency with low delay, important features to make this 

codec suitable in scenarios with limited bandwidth.  

 

Keywords: Distributed video coding, Wyner-Ziv, low encoding complexity, syndrome, side information, coset. 
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Resumo 
 
 

Nos últimos anos diversas equipas de pesquisa têm vindo a desenvolver inúmeras soluções DVC devido 

aos seus benefícios teóricos. Estas soluções são baseadas num novo paradigma de vídeo codificação 

suportada pelos teoremas de Wyner-Ziv e Slepian-Wolf extraídos da Teoria da Informação. A inovação que 

este paradigma introduz é a possibilidade de realizar codificação independente seguida de descodificação 

conjunta sem perdas na eficiência de compressão comparativamente ao paradigma convencional. Este 

ultimo está associado à codificação de vídeo preditiva, que pressupõe a codificação e descodificação 

conjuntas. Como no paradigma associado as soluções DVC é pressuposto a codificação independente das 

fontes, espera-se que a correlação seja tipicamente explorada no descodificador tornando-o o elemento mais 

complexo do codec. Desta forma é de esperar que as novas arquitecturas DVC possam gerar uma alocação 

flexível da complexidade. Sendo assim será possível criar novas soluções de vídeo codificação para 

aplicações cujos os requisitos não sejam adequadamente cumpridos pelas das soluções preditivas 

nomeadamente, câmeras wireless, vídeo vigilância de baixo consumo e vigilância móvel. Isto significa que as 

arquitecturas DVC representam uma alternativa aos codec convencionais, nomeadamente às famílias de 

codecs MPEG-x e H.26x.  

Neste contexto, o objectivo desta Tese é projectar, implementar e avaliar uma solução baseada em uma 

das abordagens efectuada às soluções DVC, a arquitectura PRISM proposta pela equipa da universidade da 

California em Berkley. Esta solução deve ter as seguintes características: 1) eficiência energética que 

pressupõe limitações ao nível da complexidade dando resposta a situações como bateria e memória 

limitadas; 2) robustez inerente a erros de canal ou perdas de pacotes; e 3) elevada eficiência na compressão 

associada a um atraso de descodificação reduzido, características importantes que permite que estas 

arquitectura esteja adaptada a cenários de baixa largura de banda. 
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Chapter 1 

Chapter 1 
 

 

Introduction 
 

This chapter intends to provide the reader the basic knowledge to ease the comprehension of this Thesis. 

First, the context and motivation behind the developed work will be revealed. Next, the theoretical foundations 

supporting the emerging Distributed Video Coding (DVC) approach will be presented as well as the first 

practical DVC solutions. After setting the context, the objectives and structure of this Thesis will be finally 

introduced. 

 

1.1  Context and Motivation 
Nowadays, there are many application domains for video coding technologies but the main ‘clients’ are 

with no doubt in the Internet and the entertainment industry that are very much intertwined today. In these and 

other application contexts, there has been much pressure to raise the video compression efficiency, which 

justifies the emergence in the last two decades of a set of video coding standards based on the so-called 

predictive video coding paradigm. This coding paradigm is based on the exploitation of temporal and spatial 

redundancies as well as the human visual system irrelevancy to reach acceptable compression factors and, 

thus, lower rates. The exploitation of the temporal redundancy is made by using motion compensated 

predictions while the exploitation of the spatial redundancy is made by using transform coding, typically the 

Discrete Cosine Transform (DCT); finally, the exploitation of the irrelevancy is made through the quantization 

of the transform coefficients. The majority of the video content currently created is encoded once and decoded 

as many times as needed by devices such as DVD players, digital TV set-top boxes and iPods. This 

application topology, sometimes know as one-to-many scenarios, is consistent with video codecs using the 

predictive coding architectures which have associated a very complex encoder (used once) mainly to exploit 

the temporal redundancy and much simpler decoders without much processing to perform.  

The importance of video coding technologies has been increasing in the last few years and the desire to 

extent their advantages to new application domains have been growing. However, some emerging 

applications do not fit so well the predictive coding architecture, as for example video surveillance and video 

sensor networks. In these emerging applications, the requirements ask for a simple encoder, very much 

constrained in terms of processing capabilities and battery consumption. Therefore, it is imperative that the 

encoder takes only advantage of simple coding tools making the encoding process less complex but desirably 

without significant losses in terms of compression efficiency in comparison with the predictive coding 
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architectures. The goal would be to have, at least, the same compression performance offered by the most 

efficient standard-based coding solutions with a similar (low) encoding complexity, notably Intra codecs and 

predictive codecs without motion estimation/compensation. 

In an effort to give an answer to the emerging video coding needs, a novel video coding paradigm, well 

know as Distributed Video Coding (DVC), has emerged around 2002. The DVC fundamentals are inherited 

from the Distributed Source Coding (DSC) fundamentals which are valid for any type of data and are based 

on some Information Theory results from the seventies, notably the Slepian-Wolf [1] and the Wyner-Ziv 

theorems [2]. The first practical DVC solutions based on the mentioned theorems have been evolving in 

recent years, trying to provide an answer to the previously presented emerging applications by offering the 

possibility, as it will be explained in the next section, to only exploit the video data correlation at the decoder, 

thus transferring there the usual encoder complexity. Some other DVC main benefits regard: 

1. Flexible distribution of the codec complexity. 

2. In-built error robustness since there is no prediction loop. 

3. Independent scalability layers for scalable architectures since there is no inter-layer prediction. 

4. Independent coding in multiview applications without inter-camera communication. 

The possibility to flexibly allocate the codec complexity opens new coding possibilities, for example, opens 

the possibility for the cameras in a surveillance system to be rather simple devices that would communicate 

through a wireless channel (rate constrained and packet losses) with a central server that would have 

powerful processing capabilities and would thus be capable of carrying out the computationally heavy 

decoding task. This coding strategy would turn the overall system much more affordable as the more 

numerous devices would be cheaper and just the central server, with more critical requirements, would be 

expensive. The theoretical fundamentals of this new coding paradigm are presented in the next section. 

 

1.2  Distributed Video Coding Theoretical Foundations 
All the DVC solutions are based on two Information Theory results, the Slepian-Wolf theorem [1] and the 

Wyner-Ziv theorem [2]. To better understand the theory associated with the DVC solutions, it is wise to review 

first the basic principles behind conventional video coding. The following statements are made under the 

assumption that the communication channel between the encoder and the decoder is error-free. Information 

Theory states that the minimum rate to jointly encode two statistically dependent information sources leading 

to an error-free recovery of the sources after a joint decoding is H(X,Y), the joint entropy. A schematic 

representation of this coding paradigm is presented in Figure 1.1. The two information sources can be, for 

example, the successive frames of the same video sequence, X and Y, and the mentioned error-free recovery 

would imply that X=X’ and Y=Y’ in Figure 1.1. If these sources were independently encoded and decoded, the 

minimum rate for each would be H(X) and H(Y);  so, the rate assuring a faithful reconstruction of both sources 

would be Rx ≥ H(X) and RY ≥ H(Y). Since the total rate generated in the coding of both sources would be 

Rx,y=Rx+Ry "  H(X,Y) this means that the joint encoding and decoding process bring rate gains regarding 

independent encoding and decoding. 
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Figure 1.1­ Conventional (predictive) coding paradigm. 

 

After presenting the basic principles behind traditional video coding, it is time to describe the foundation 

theorems behind the novel DVC paradigm.  

 

1.2.1 Slepian-Wolf Theorem 

In this section, the Slepian-Wolf theorem [1] published in 1970 will be presented. The Slepian-Wolf 

theorem basically states that compared to the conventional paradigm there is no compression efficiency loss if 

two or more statistically dependent sources are independently coded and jointly decoded with a vanishing 

error probability. This theorem regards the case of two independently and identically distributed (i.i.d.), 

statistically dependent information sources X and Y; the coding architecture for the Slepian-Wolf paradigm is 

shown in Figure 1.2. 

 
Figure 1.2­ Distributed source coding paradigm. 

 

The theorem states the rate boundaries to be fulfilled as in (1.1), corresponding to the Slepian-Wolf 

admissible rate region where Rx and Ry are the rates generated by each encoder. 

 

Figure 1.3 shows the rate regions that will lead to a successful reconstruction of the sources for various 

combinations of rates RX and RY; this is, in fact, a graphical representation of (1.1). The zone colored with a 

darker grey regards the rate combinations corresponding to independent encoding and decoding with the 

boundaries represented associated to Rx=H(X) and Ry=H(Y) where there is no reconstruction error. On the 

other hand, the area coloured with a lighter grey is the zone with vanishing reconstruction error probability 

with the bounderies associated to the equalities in (1.1).  
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Figure 1.3 ­ Rate regions according to the Slepian­Wolf theorem [3]. 

 

By the observation of the Figure 1.3 it is important to reveal that the rate zone of interested stated in the 

theorem is the line associated with Rx+ Ry=H(X,Y). In that rate zone there is no coding efficiency loss 

compared to the traditional paradigm. 

After the presentation of the Slepian-Wolf theorem, it was understood that its practical implementation may 

be very much related with channel coding techniques. These techniques have the target to correct the errors 

introduced by a transmission channel. Typically, the solution is to insert redundancy data together with the 

actual source coded information, the parity bits, that can detect data corruption and, under some conditions, 

correct it. The same idea can be used in the implementation of the distributed source coding. If two correlated 

binary i.i.d. sequences are considered, then it is possible to assume that one sequence is an erroneous 

version of the other. If the decoder has access to Y as side information, the encoder of X can only send the 

parity bits that correct Y to generate X; the architecture of this scenario is presented in Figure 1.4. The more X 

and Y are similar, the less parity bits have to be transmitted, and a better compression efficiency is achieved. 

From a video coding point of view, X may be the current frame being coded and Y (side information) can be 

the previously decoded frame stored at the decoder or a motion compensated version of it. 

  
Figure 1.4 ­ Slepian­Wolf scenario with side information. 

 

1.2.2 Wyner-Ziv Theorem 

The Wyner-Ziv theorem [2] was published in 1976 and it is an extension of the Slepian-Wolf theorem to 

deal with lossy coding. Looking at Figure 1.3, the Wyner-Ziv theorem studies the rate combination point 

associated with the rates Rx=H(X|Y) and Ry=H(Y) considering that Y is known at the decoder as side 

information. The Wyner-Ziv theorem states that if two jointly Gaussian memoryless i.i,d. information sources, 
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X and Y, being Y the side information, are independently encoded considering a mean-squared distortion d 

(lossy coding), there is no compression efficiency loss compared to the conventional coding paradigm. The 

situation described in the theorem is represented in Figure 1.5. If the statistical distribution of the information 

sources is not jointly Gaussian, there is an increase of the WZ rate, RWZ(d), compared to the traditional coding 

paradigm. Later, Zamir has proven [4] that the rate loss between these coding paradigms with generic source 

statistics regarding the traditional coding paradigm (joint encoding and decoding) is inferior or equal to 0.5 

bits/sample.  

 

 
Figure 1.5 ­ Lossy coding with side information at the decoder. 

 

The Wyner-Ziv and Slepian-Wolf theorems have opened new possibilities in the video coding domain. 

The doors opened by the two theorems indicate that the encoder, even without having the precise knowledge 

on Y, has the capability to efficiently encode X to be decoded conditionally to the knowledge of Y since Y will 

be available at the decoder, theoretically almost with the same rate that would be needed in a predictive 

coding architecture. The importance of this statement is that if the encoder does not need to known Y, it does 

not have to perform the heavy computational tasks involved in the exploitation of the correlation between the 

two sources and so the implementation of low complexity encoders is possible. The hard processing is, in this 

situation, passed to the decoder that is now responsible to generate X’ from Y. 

 

1.3  Practical Distributed Video Coding Solutions 
While the theorems presented above state the rate boundaries for the distributed coding scenarios, they do 

not indicate how to build a coding architecture achieving these limits. Around 2002, two research groups, both 

in California, notably Stanford University [3,5,6] and University of California at Berkeley [7,8], proposed the 

first practical video coding solutions following the DVC paradigm. These two solutions have been since then 

evolving with additions, changes and improvements made by many research teams around the world. 

The Stanford DVC solution includes a frame-based Slepian-Wolf codec, typically using turbo codecs and a 

feedback channel that is used to control the amount of rate from the decoder. This type of approach has been 

improved by many research teams and today presents many different architectural options also targeting 

scalability and multiview video coding. There are implementations in the pixel and transform domains, and 

many different types of side information generation processes, notably based on interpolation and 

extrapolation. 

The Berkeley DVC solution, referred in the literature as PRISM (Power-efficient, Robust, hIgh-

compression, Syndrome-based Multimedia coding), follows a block-based approach, uses cosets coding, and 
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does not include a feedback channel, being the rate controlled from the encoder; it is characterized by the 

inclusion of a motion search module at the decoder. This type of solution has been less improved by the 

research community than the Stanford DVC solutions; however, there are already available PRISM–based 

multiview and scalable solutions, as will be seen in the next chapter. Also in the next chapter, it will be 

possible to understand better the architectural differences between the two early DVC approaches through the 

proposed classification taxonomy. 

 

1.4  Objectives 
The main objective of this Thesis is to develop a PRISM based DVC codec to fully assess its performance. 

This target was particularly relevant considering that the IST team has already developed a rather advanced 

Stanford based DVC codec and, thus, would be very interesting to compare DVC approaches. To achieve the 

objective, the PRISM based solutions have been studied to help in the selection of the main tools to include in 

the codec implementation.  

In this context, the author has designed, implemented and evaluated under relevant test conditions a 

PRISM based DVC solution, essentially following the PRISM proposal available in the lliterature [8]. However, 

as most of the coding modules are not defined with enough detail in the literature to allow a precise 

implementation, the author has been forced to reinvent most of them and to make his own choices. The 

corresponding software implementation has been fully developed by the author, sometimes including tools 

from available libraries, as it will be made clear in Chapter 3.  

 

1.5  Thesis Structure 
This Thesis follows in detail the development of a PRISM based DVC solution. The description of this 

process is made in five chapters with the current one already introducing the context, motivations, main 

background, objectives and structure of this Thesis. The remaining fours chapters have the following 

objectives: 

# Chapter 2 provides first a classification taxonomy for the available DVC solutions in order to 

understand better the current DVC landscape; after, three PRISM based solutions chosen by the 

author due to their relevancy for this Thesis are presented in more detail. 

# Chapter 3 presents in detail the developed PRISM based DVC solution starting with the overall 

coding architecture. Next, the training, encoding and decoding processes are described with a level of 

detail allowing its easy replication by a reader. 

# Chapter 4 targets the performance evaluation of the proposed DVC solution. It starts by describing 

the test conditions and the benchmarks used to assess the developed DVC solution. After, the 

performance results are presented and discussed, allowing understanding how close DVC technology 

may be from practical deployment based on RD performance. 

# Chapter 5 is reserved for the conclusions and the presentation of eventual further work.  
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Chapter 2 

Chapter 2 
 

 

Reviewing Distributed Video Coding 
Solutions  

 

Distributed video coding (DVC) is a relatively new approach to video coding having as its central principle 

the exploiting of the source correlation mostly at the decoder and not anymore at the encoder as in traditional 

predictive video coding. This allows, for example, a different allocation of the codec complexity where the 

typical high encoding complexity of predictive video codecs is largely shifted to the decoder since it performs 

the hardest video processing functions such as motion estimation. The new distributed video coding approach 

seems to fit well a large number of emerging applications such as video surveillance and video sensor 

networks which ask for a codec complexity allocation rather different from already largely deployed 

applications such as digital TV and video storage, e.g. in DVD (Digital Video Disc) or Blu-ray discs.  

The main purpose of this chapter is to make a brief review of the available distributed video coding 

solutions with special emphasis on those derived from the PRISM codec considering the objectives of this 

Thesis. In this context, this chapter will start by proposing a classification approach for the DVC solutions and 

will after review some of the most relevant PRISM related DVC solutions in the literature. 

 

2.1  Classifying DVC Solutions 
Various types of approaches can be taken when creating a DVC codec, notably depending on the required 

functionalities and the application scenario characteristics and requirements. Naturally, the choices made 

impact the codec architecture and the functionalities provided and thus the applications that may be served. 

To better understand the main relations, commonalities and differences between the various DVC solutions, a 

classification tree is here proposed; this classification tree is shown in Figure 2.1. Although this tree could be 

more complex, notably including a higher number of classification dimensions, it is believed that the tree 

proposed is simple but detailed enough to allow reaching the objective stated above. For example, it would be 

possible to include a dimension regarding the scalability capabilities of the video codec but it was decided to 

keep it simple, avoiding the tree to be overcomplex. Scalable capabilities may be attractive in a PRISM 

context since the modifications that would have to be made would not significantly change the main codec 

architecture while providing very interesting benefits since scalable solutions make the codecs adaptable to 

dynamic transmission and consumption conditions. 
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Figure 2.1­ Classification tree for the DVC main architectural approaches. 

!

As shown in Figure 2.1, the dimensions proposed to organize and classify the DVC solutions are: 

1. Number of video views to code, notably monoview versus multiview; 

2. Spatial support for the coding process, notably block-based versus frame-based; 

3. Usage of a feedback channel, notably feedback channel versus non feedback channel usage.  

 

2.1.1 1st Dimension: Monoview versus Multiview DVC Solutions 

Monoview is the classic and simplest video set up where the coded stream regards a single and unique 

source of information. When compressing a monoview video sequence, the only source of correlation regards 

the single video itself and thus the correlation can only be exploited; 1) in time relying on the past and future 

video frames 2) in space relying on spatially adjacent data. 

This set up is adequate when there is only a camera or there are multiple cameras but the various views 

do not have much overlapping and thus much interview correlation, this means the multiple video sources are 

matchless. This means that if the cameras are not focusing, at least partly, on the same physical place, then 

little or no correlation exists between cameras and thus a monoview coding approach is indeed the right 

choice even if there are multiple views involved. In a case like this, the multiview approach would be a waste 

because extra complexity would be added with insignificant RD performance gain.  

A multiview video coding is justified when the correlation between the multiple video sources involved is 

relevant and thus can be exploited with significant RD performance benefits. Assuming a situation were at 

least parts of the scene are shot by two or more different cameras, then the coding process can be improved 

if a multiview approach is chosen to exploit the additional interview correlation. A DVC multiview video coding 

approach is especially interesting regarding the predictive multiview video coding alternative because, the 

cameras do not have to communicate among them to exploit the interview correlation at the encoding side but 

rather have to communicate all only with a join decoder where the interview correlation is exploited. This may 

make the overall system much simpler at the encoding side without significant RD performance losses. This 
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approach may be very useful, for example, in video surveillance networks, where low complexity 

cameras/encoders would be used communicating only with the decoder, typically through a wireless channel. 

The multiview decoder could take advantage of the correlation between cameras shooting, for example, the 

same room.   

 

2.1.2 2nd Dimension: Frame-based versus Block-based Coding 

This second dimension regards the basic spatial support used for the coding process which is typically the 

full frame and a part of it, usually designated as a block. As a consequence, in frame-based architectures, the 

bitstream is associated with frames without being easy to associate parts of bitstream to specific parts of the 

frame. On the other hand, in bock-based codecs, the bitstream may be easily divided in parts associated to 

each block in the frame. While block-base coding approaches have the advantage that they may easily be 

adaptive, adjusting the coding model to the frame local characteristics, frame-based coding approaches may 

have advantages when using channel codecs as it typically happens in DVC due to the larger chunks of data 

processed together. In block-based architectures, the bitstream is structured in blocks and thus it is possible 

various block classifications can emerge within a frame providing adaptability. As the classification process is 

more granular, a better adaptability to the variable statistics within each frame is achieved. Looking to the two 

main initial DVC solutions mentioned in Chapter 1, it is clear that the Stanford DVC codec [5] is a frame-based 

solution while PRISM from University of Berkeley is a block-based solution [7]. 

 

2.1.3 3rd Dimension: Feedback Channel versus No Feedback Channel Usage  

The usage of a feedback channel requires that a return channel exists so that the decoder can 

communicate with the encoder; this fact limits the usage of DVC solutions to the application scenarios where 

this type of channel is available. Moreover since the amount of bits the decoder requires depends on the 

decoder processing, e.g. side information creation process, the decoding has to be made in real-time and the 

coded bits cannot be generated in advance; this means, in practice, that DVC codecs with feedback channel 

can only be used in real-time applications.  

However, an advantage of using a feedback channel is that the rate-distortion control problem becomes 

simpler since it can be performed at the decoder where no complexity restrictions exist and the side 

information is known. In predictive coding architectures, rate-distortion control is performed at the encoder 

without requiring any feedback channel. Since the side information is not available at the encoder, performing 

encoder rate control in DVC solutions typically implies some RD penalty regarding decoder rate control 

approaches.  

Typically, the Stanford-based DVC solutions have a feedback channel and so also a simpler rate-distortion 

model but are restricted to real-time applications. In fact, there are ways to remove the feedback channel in 

Stanford-based DVC solutions creating a simpler architecture but this comes at the price of a RD performance 

loss, more or less significant depending on the video content and the encoder rate control performance. The 

PRISM-based solutions have no feedback channel which means that some encoder rate-distortion control is 

used; the performance of this encoder RD control is strongly limited by the complexity one is ready to add to 

the encoder. 
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2.2  Most Relevant PRISM Related DVC Solutions 
After proposing a classification tree for the DVC solutions, this section will present a brief review of the 

most relevant PRISM related DVC solutions since this Thesis targets this type of DVC approach. The main 

selection criteria for the solutions to be presented in the following are their performance as well as the type of 

functionalities they provide; next, three different PRISM based codecs will be presented highlighting different 

architectural variations and associated functionalities. The understanding of these solutions is fundamental for 

the full appreciation of the PRISM DVC solution potentials. 

 

2.2.1 1st Solution: the Initial PRISM Codec  

Naturally, the first DVC codec to be presented is the original PRISM (Power-efficient, Robust, hIgh-

compression Syndrome based Multimedia Coding) codec which has been proposed for the first time around 

2002 by a team at University of Berkeley led by Prof. Kannan Ramchandran [7]. Since this research team has 

been improving the initial PRISM solution for several years, the following description corresponds to a later 

reference from 2007 [8]; this codec can be considered the latest version of the PRISM codec proposed by the 

Berkeley team. Meanwhile, other research teams have proposed extensions of the PRISM codec as will be 

seen in the following. In the context of the classification tree proposed in Section 2.1, the initial PRISM DVC 

codec can be classified as a monoview, block-based with no feedback channel DVC solution; moreover, this 

codec has no explicit scalable properties. 

 

2.2.1.1 Objective 

The PRISM codec had the objectives to fulfill the following requirements: 

1. Power-efficiency: The encoding must have restricted complexity, notably targeting situations of 

limited battery or memory. 

2. Robustness: The codec must have inbuilt robustness to channel errors or packet losses. 

3. High-compression: High-compression efficiency is important to make this codec suitable in scenarios 

with limited bandwidth. 

Since the end-to-end delay is very relevant for certain applications, as for example video surveillance, 

delay requirements were also considered in the design of the PRISM codec. Furthermore, the chosen solution 

is very flexible not just in terms of the complexity distribution but also in terms of its architecture; for example, 

it is possible to perform motion estimation at the encoder or at the decoder. In the following codec description, 

the high encoding complexity solution with motion estimation at the encoder will be considered but the focus 

will go to the low encoding complexity distributed video coding solution considering this is more interesting 

from an application point of view. 

 

2.2.1.2 Architecture and Coding Walkthrough 

This section presents the PRISM codec architecture as well as a brief encoding and decoding walkthrough.  

!  Encoding Process 
The encoder architecture is shown in Figure 2.2, highlighting the main encoding modules.  
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Figure 2.2 ­ PRISM encoder architecture [8].  

 

First, the frames (typically only luminance but the same solution could be applied also to the 

chrominances) are divided into non-overlapping 8x8 blocks. Each block is after independently coded using the 

following coding modules: 

1.  DCT (Discrete Cosine Transform): It exploits the spatial redundancy and provides a frequency 

representation of the signal. Since the DCT coefficients have different characteristics, they will be 

differently processed in the following. This process generates a transform coefficients matrix for each 

block that is zigzag scanned to produce the coded stream. 

2. Quantizer: Next, a scalar quantization is applied to the DCT coefficients resulting from the previous 

coding module. The quantization step chosen for each coefficient is determined by the desired 

reconstruction quality while considering the different sensitivity of the human visual system (HVS) to 

the various spatial frequencies. 

3. Classifier: The current 8x8 block is then classified to determine the type of coding it will be used; this 

process determines, through the evaluation of the correlation between this block and a selected one 

from the previous frame, which coding class will be used: Intra, Skip or syndrome coding. If syndrome 

coding is chosen, the bits of each coefficient will get attributed some types, determining, for example, 

which bits will be inferred at the decoder and those to be sent by the encoder (all this process is 

described in more detail in Section 2.2.1.3 ). 

4. Syndrome Coding: After the block classification, each block is coded according to its coding class. If 

the class is syndrome coding, then the quantized bits of each coefficient are coded using the proper 

tool; the most significant bits are inferred at the decoder, part of the least significant bits are coset 

coded and the rest are entropy coded.  

5. Hash generator: An hash key is then generated to allow the decoder to detect a successful decoding 

(further explained in Section 2.2.1.3 ). 
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!  Decoding Process 
The following decoding walkthrough will adopt the most interesting PRISM coding version, this means the 

DVC decoder with motion search (following a simpler encoder without motion search). A PRISM decoder 

architecture is presented in Figure 2.3 and described in the following: 

1. Syndrome Decoding: For the most relevant coding class in this context, the syndrome coding class, 

the objective of this process is to disambiguate the syndrome through the exploitation of the decoder 

created side information.  

2. Motion Search: In the Wyner-Ziv theory [2] one side information is mentioned but in practical codec 

implementations, the right side information has to be found applying motion estimation at the decoder, 

e.g. using motion projection from the previous decoded frame. So, this process is performed in a 

recursive way, and the syndrome decoder disambiguates the syndrome using the various side 

information candidates provided by the motion search module.  

3. Hash Check: Each block provided by the syndrome decoder is evaluated in the hash check module. If 

the block is not positively hash checked, then a new side information candidate is provided by the 

search module and all the decoding process is repeated. If the block is positively hash checked, then 

the syndrome decoding process comes to an end.  

4. Post Processing: Finally, the block passes through reconstruction, inverse DCT and some post-

processing to enhance the final subjective quality. 

 

 
Figure 2.3 – PRISM decoder architecture [8]. 

 

 

2.2.1.3 Main Coding Tools 

This section intends to provide some more detail on the most important coding tools in the PRISM codec. 

!  Encoding Tools 
 

¥ Block Classifier 

The block classifier has the objective to classify the blocks in terms of their correlation with the decoder 

side information, in this case using the Mean Squared Error (MSE) as the correlation measure. The side 
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information is not present at the encoder; for this reason, it is impossible to measure the correlation noise N 

precisely but it is possible to estimate its value. To classify a block first E, the MSE between the present block 

and the selected one in the previous frame, is determined. The MSE is used to measure the correlation 

between blocks; if the MSE decreases, the correlation increases. Classification is performed next by 

thresholding E by means of 15 thresholds, generating 16 classes. Then, block classes are labelled from 0 to 

15; they will determine later which bits have to be encoded and the ones which decoder ‘guesses’ are trusted 

by the encoder based on the measured correlation. The lower the MSE class, the lesser bits will have to be 

sent since the better should be the decoder frame estimation (so-called side information). The classes can be 

subdivided in three groups: 

 

1. Intra coded (Class 0): Just one class is associated with this kind of coding; it is chosen when E is very 

high, which means that there is no temporal correlation between the current block and the predictor 

from the previous frame. Therefore, very little can be estimated from the decoder side information, so in 

this situation just the irrelevancy and spatial redundancy are explored being the block Intra coded using 

a traditional coding solution.  

2. Skip coded (Class 15): This situation is the opposite of the previous one and it also corresponds to a 

single class. When E has a very low value, it means that the current block and the selected predictor 

are very alike and so every coefficient can be well estimated using the decoder side information; so just 

the class label is sent to the decoder. 

3. Syndrome coded: All the other classes are from this type and their coding model will be explained next.  

 

The syndrome coded classes subdivide the bits for each DCT coefficient into three different types.  Each 

bit type is differently coloured as in Figure 2.4: 

 

1. White: These are the most significant bits for each quantized coefficient; these bits are inferred from the 

side information at the decoder since it is believed there is very high correlation for these bits; so these 

bits do not need to be encoded and sent by the encoder and, thus, they have an heavy (positive) 

influence on the final compression rate.  

2. Grey: The grey bits represent the most least significant bits and are encoded using a coset channel 

code; this will be explained in detail further down. These bits together jointly with the black coloured 

ones constitute the syndrome (Wyner-Ziv encoding). 

3. Black: The least significant bits constitute a large part of the bitstream sent by the PRISM encoder; they 

correspond to the information that cannot be minimally well estimated by the decoder and thus a 

classical entropy coding solution is used similar to those available in existing video coding standards. 
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Figure 2.4 ­ Coefficient bit plane classification: coefficient frequency increases from left to right and bit significance 

from top to bottom [8]. 

 

The number of bits that is attributed to each bit type (Black, Grey and White) in a certain coefficient 

depends on the expected correlation noise. Each class is coupled with an expected block correlation noise 

whose statistics were previously studied using off-line training. The amount of least-significant bits its equal to 

the number of levels in the partition tree needed to achieve a distance between codewords greater than twice 

the correlation noise. If this rule is not respected, the decoded word has a big probability to be mismatched 

from the encoded one. An example of a partition tree is represented in Figure 2.5 where a three bit binary 

lattice is represented. If Y is the side information used at the decoding then Y=X+N ( in the practical situation 

is U, the quantized version of X who has to be decoded) , as the value of N is not precisely known the 

information as to be coded using the N estimation given by the class. As the decoded word within a coset is 

the most near from the side information, the uncertainty in the N value brings a problem, if the codewords in a 

cosets are not sufficiently far from each other the decoded codeword can be wrongly ‘guessed'. An example 

of that can be seen in Figure 2.5, if the coded word was decoded from the first level of the tree it would be 100 

a mismatch. If it is decoding is performed in the second level would the decoded codeword is 011 another 

mismatch, just in the third level were the distance between codewords is greater than twice the correlation 

noise a successful decoding is achieved. Is with this rule in mind that the number of least significant bits is 

chosen preventing a mismatched decoding.  

  
Figure 2.5 ­ Partitioning the quantization lattice into levels [8]. 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Although the method described to quantify N was by comparison with the collocated block in the previous 

frame, two ways may be used to measure the correlation depending on the affordable encoding complexity: 

1. With motion search: This solution searches the block in the previous frame that has a minimum MSE 

using some motion search mechanism. This method improves the compression performance because 

the block that is found has a minimum MSE error, which increases the number of bits to be inferred at 

the decoder (white colored bits) and so the compression factor. In this case, the motion vector could 

be sent to the decoder to directly identify the side information. The big disadvantage of this approach is 

that it adds too much complexity at the encoder and so it drifts from the PRISM objectives in terms of 

the low encoding complexity requirement. In practice, it still corresponds to a DVC solution but the 

encoding complexity is rather high while the decoder complexity is rather low, using a complexity 

trade-off similar to predictive coding solutions. 

2. No motion search: If no motion search is performed, the only MSE measure that can be used is 

between the present block and the collocated one in the previous frame. Although this method 

decreases the overall compression performance, it is essential to target a low complexity encoder. 

This solution will be mentioned in the following as the PRISM DVC codec. 

All the information produced at the classifier is sent to the syndrome encoder so that the syndrome 

generated is adequate to N and maximizes the Rate Distortion (RD) performance. A class label will also be 

included in the bitstream so that the decoder has knowledge on the syndrome format. 

 

¥ Syndrome Encoder 

This encoding step has the task to encode the most least-significant bits of each quantized DCT coefficient 

assigned by the classification process in the best way possible. From the bit types described in the previous 

section, just the grey and black coloured bits are encoded, using different processes: coset channel coding 

and entropy coding, respectively. Both will be further explained next: 

1. Coset Channel Coding: The first step is to form a codeword for the most least-significant bits of each 

coefficient using a BCH (Bose-Chaudhuri-Hocquenghem) channel encoder [9] with a parity check 

matrix Si=Hibi where Si is the syndrome, Hi is the parity check matrix and bi the input codeword in the 

ith linear channel. The number of grey bits varies with the class changing bi; the matrix Hi has to be 

chosen properly so that it is concordant with bi , so i is directly associated with the class attributed by 

the block classifier. 

2. Entropy Coding" To encode the least significant bits a 4-tuples alphabet similar to the one used in 

other video standards, as for example H.263+ [9], is used. The entropy alphabet has the following 

structure: (Run, Depth, Path, Last). Run expresses the number of coefficients preceding the one being 

coded that have no information (i.e. are zero), Depth expresses the number of bits entropy encoded in 

this coefficient, Path expresses the branch in the partition tree where this coefficient fits in and, finally, 

Last expresses if this non-zero coefficient is the last in the block. After the representation of the least 

significant bits using this alphabet, the symbols are efficiently encoder using an arithmetic coding 

engine.  

 



  16 

¥ Hash Generator 

In the PRISM DVC codec, the motion search is always executed at the decoder. So, it has to search for 

the various side information candidates (motion compensated blocks from the previous decoded frame 

exemplified in Figure 2.6) and select one good enough that will be used to decode the block. To determine if 

the motion search has come to an end this means if the candidate is good enough and the right predictor has 

been found, a cycle redundancy check (CRC) checksum is used. This CRC checksum is created in the hash 

generator for each block and has 16-bits; this is considered the right amount for the necessary recognition 

strength of a successful decoding and, naturally, these bits are part of the PRISM bitstream. 

 

 
Figure 2.6­ Side­information inferring architecture. 

¥ Coded Bitstream Creator 

When the encoding process is over, the output bitstream associated with a block follows the structure 

indicated in Figure 2.7. This syntactic structure is not rigid and varies with the block coding class and with the 

tools used by the encoder. The various syntactic fields are the following: 

# Class Label: This is the output of the classifier and informs the decoder about the type of coding 

performed for the block depending on the correlation noise; for example, it can tell the decoder that 

the block is Intra coded. 

# Motion Vector: The usage of this field is only made when motion search is executed at the encoder. 

The usage of this field is associated to a high complexity encoder which is less relevant in a DVC 

context.  However, it proves the great flexibility of the overall PRISM codec architecture. 

# Syndrome: While the syndrome field serves most of the time to send the syndrome bits, it may also 

be used to send the Intra coded coefficients to the decoder; for Skip blocks, no syndrome field is sent. 

# Hash: This field corresponds to the 16-bit CRC checksum created by the hash generator. If the 

current block is classified as Intra or Skip, no motion search will be performed at the decoder and so 

no hash field is needed. 

 
Figure 2.7­ Bitstream structure [8]. 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!  Decoding Tools 
 

¥ Motion Search 

This module is responsible for the side information generation by searching in the previous decoded frame 

for potential good predictors. The candidates are ‘evaluated’ one-by-one in an effort to successfully decode 

the quantized block coefficients using the received syndrome. This process typically uses a half pixel motion 

search but it can easily be implemented with ¼ pixel motion search, increasing the decoder complexity and 

very likely also the compression performance. 

 

¥ Syndrome Decoder 

The syndrome decoder process is repeated for each side information candidate provided by the motion 

search module. First, the black coloured bits (least significant bits represented in Figure 2.4) are recovered 

from the entropy alphabet; if no grey bits (most least significant bits shown in Figure 2.4) were sent, this will 

identify directly the coset in which the side information has to be decoded. On the other hand, if coset 

encoded bits were sent, they will be used jointly with the entropy coded ones to once again determine the 

coset in which the side information has to be decoded. Second, a soft decision decoding based on ordered-

statistics decoding [11] is used upon the side information to find the closest word to the coset. 

 

¥ Hash Check 

After syndrome decoding, the decoded quantized block has to be verified to check if it matches the 

encoded quantized block. This is done applying a Hash check: if it is successful, the decoding proceeds for 

the next block; otherwise, the next side information candidate provided by the motion search module is 

obtained and the decoding process is repeated. 

 

2.2.1.4 Performance Evaluation 

After presenting the PRISM DVC codec, it is important to know about its performance, notably in 

comparison with relevant benchmarks, in this case the H.263 video coding standard in the advanced 

prediction mode [9]. In [8], two types of performance evaluation are reported, notably regarding the codec’s 

error robustness capabilities and the compression efficiency performance. The first evaluation is the most 

interesting in the context of this Thesis since it uses a low complexity encoder while the second evaluation 

adopts full motion search at the encoder in order to maximize the compression factor.  

 

¥ Error Robustness Performance 

The purpose of this performance experiment is to compare the PRISM DVC solution using a low complex 

encoder with a standard predictive coding solution when there are losses in the channel. The test conditions 

are: 

# Packet error model: wireless channel simulator from Qualcomm, Inc. which adds errors to the data 

stream; the wireless network uses the CDMA2000 1X standard [12]. 
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# Tested Codecs: PRISM, H.263+, H.263+ with forward error correction (FEC) codes (20% of the 

bitstream) and H.263+ with Intra refreshing over the simulated wireless channel. 

# Tested Video Sequences: four video sequences, notably Football (352x240 luminance spatial 

resolution, 15 fps, 1700 kbps), Stefan (176x144, 15 fps, 720 kbps), Football (176x128, 15 fps, 160 

kbps) and Flower Garden (176x128, 15 fps, 700 kbps). 

The results for this experiment are presented in Figure 2.8 where the PSNR degradation with the increase 

of the average packet loss can be observed for all codecs. The PRISM stronger error robustness is evident 

even if the resolution, bit rate and the video content motion vary. For H.263+, the PSNR decreases very 

rapidly at lower packet loss rates and then it stabilizes at a very low PSNR level while PRISM degrades 

slowly. At 0% loss rate, H.263+ has a better performance than PRISM since, for the moment, performing 

motion estimation at the encoder as in predictive coding still performs better that performing motion estimation 

at the decoder as in distributed video coding. 

Football (352 x 240, 15 fps, 1700 kbps) 

 

(a) 

Stefan (176 x 144, 15 fps, 720 kbps) 

 

(b) 

Football (176 x 128, 15 fps, 160 kbps) 

 

(c) 

Flower Garden (176 x 128, 15 fps, 700 kbps)

 

(d) 

Figure 2.8 ­ Comparative error resilience performance [8]. 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Another important fact is the subjective quality resulting from the packet losses. With the purpose of 

comparing the subjective quality performance of the H.263+, H.263+ FEC and PRISM coding solutions, the 

ninth frame of Football sequence (352x240, 15 fps, 1700 kbps) at 8% average packet loss rate is shown in 

Figure 2.9. The PRISM solution manages to recover from past errors avoiding their temporal propagation. On 

the contrary, H.263+ and H.263+ FEC are not able to stop the error propagation, which brings strong image 

artefacts. 

 
(H.263+) 

 

(H.263+ FEC) 

 

(PRISM) 

 

Figure 2.9 ­ Subjective quality comparison for the decoded ninth frame of the Football sequence (352×240, 15 fps, 
1700 kbps) with 8% average packet loss rate [8]. 

 

In Figure 2.10, another interesting error robustness test result is shown. In this experiment, the bits 

associated to the third frame of the Football sequence (352! 252, 15 fps, 1700 kbps) are dropped in both the 

PRISM and H.263+ bitstreams. Although the quality drops instantly in both cases, it rapidly recovers after in 

PRISM, taking many more frames to recover for H.263+; once again, the PRISM error robustness prevails. 

 

 
Figure 2.10 ­ Effect of frame dropping: comparison between PRISM and H.263+ after dropping the third frame  of the 

Football sequence (352×240, 15 fps, 1700 kbps) [8]. 

 

¥ Compression Efficiency Performance 

This experiment compares the H.263+ and PRISM compression efficiencies when both use full motion 

search at the encoder thus when also PRISM uses a high complexity encoder. In this case, PRISM sends the 



  20 

motion vectors to the decoder avoiding the decoder motion search process. The video sequences tested were 

Football (352x240, 15 fps) and Stefan (176x144, 15 fps). The test results can be seen in Figure 2.11; both 

charts shown that PRISM and H.263+ have almost the same compression performance. With this test, it is 

proven that a DVC codec with access to full motion search at the encoder can (almost) match the 

performance of a predictive coding solution. 

 

 
Football (352 x 240, 15 fps) 

 

Stefan (176 x 144, 15 fps) 

 

Figure 2.11 ­ Compression performance test in a lossless channel (H.263+ and PRISM with full motion search at the 
encoder) [8]. 

 

2.2.1.5 Summary: Strengths and Weaknesses 

The overall PRISM architecture provides great complexity distribution flexibility since it can accommodate 

varies trade-offs between the encoder and decoder complexities. Since no prediction loop is used, PRISM 

offers a natural robustness to information errors and losses. Although Figure 2.11 shows a resembling 

performance between PRISM and H.263+, the fact is that PRISM is working with high encoding complexity as 

in predictive video codecs; if low encoding complex would be necessary, then the overall compression would 

decrease. 

It is important to keep in mind that the search for a low encoding complexity codec may be a slippery target 

since as a result of Moore’s law1 devices keep getting more powerful making simpler ‘tomorrow’ what is 

complex ‘today’. A predictive encoder that is today considered as complex will be less complex in the future 

considering the technology evolution. In practice, it is also possible to define low complexity encoding codecs 

in the context of predictive codecs such as Intra coding codecs or Inter codecs without motion estimation. 

Moreover, predictive video codecs with motion estimation can correspond to very different encoding 

complexities, e.g. compare MPEG-1 Video with H.264/AVC encoding complexities. 

 

 

                                                        
1  Moore's  law  describes  a  long‐term  trend  in  the  history  of  computing  hardware.  Since  the  invention  of  the 
integrated  circuit,  the  number  of  transistors  that  can  be  placed  inexpensively  on  an  integrated  circuit  has 
increased  exponentially,  doubling  approximately  every  two  years.  Almost  every measure  of  the  capabilities  of 
digital electronic devices is linked to Moore's law: processing speed, memory capacity, even the number and size 
of pixels in digital cameras. 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2.2.2 2nd Solution: PRISM Scalable Codec 

The DVC solution described in the following is an extension of the PRISM architecture presented in the 

previous section targeting the provision of various types of scalability [8]. The research team at University of 

Berkeley led by Prof. Kannan Ramchandran is again behind this novel DVC solution [13]. Following the 

classification presented in Section 2.1 the PRISM scalable codec is classified as monoview, block-based with 

no feedback channel. Besides this codec presents scalable properties that make it a very interesting PRISM 

based solution.  

 

2.2.2.1 Objectives 

This solution has the objective of adding scalability functionalities to the PRISM DVC solution. The usage 

of PRISM as the main architectural coding core allows this solution to inherit error robustness and flexible 

complexity distribution capabilities. The objective of bitstream scalability is to allow the decoder to be able to 

select different subsets of the bitstream that can lead to different decoded qualities or resolutions. This feature 

brings adaptability to dynamic channel conditions making possible, for example, for the decoder in a specific 

moment to decode a smaller subset of the bitstream because too many packet drops are occurring. Besides, 

it brings flexibility for applications that exhibit different technical specifications, for example, one bitstream is 

sent to a network and can be decoded by a television set (high resolution) and another bitstream, subset of 

the first, is sent to a mobile phone (low resolution), each one getting the bitstream subset that best fits their 

own characteristics. 

 

2.2.2.2 Architecture and Coding Walkthrough 

The overall coding process is very similar to the process presented in Section 2.2.1 so, this section, will 

focus on the additional scalability functionalities and associated tools and architectural changes. In this DVC 

solution, three different types of scalability may be provided individually or in combination: 

 

1. SNR or quality scalability: For a single spatial resolution, distinct quantization step matrixes are 

applied to the DCT coefficients of the same block; so, it is possible for the decoder to chose the quality 

of the decoded block by decoding different levels of quantization.  

2. Spatial scalability: Each frame is encoded in different spatial resolutions by using a hierarchical 

representation where each spatial layer is differentially coded regarding the previous layer (with the 

exception of the first, base layer). 

3. Temporal scalability: The motion search dependencies are exploited allowing for new decoded 

frames to increase the frame rate of the decoded video sequence. 

 

As recommended in [14], at least two levels of spatial and temporal scalability should be used aside with 

medium granularity scalability (MGS) (two levels of SNR scalability for each spatio-temporal layer). The 

structure of the combined scalabilities is shown in Figure 2.12: R1 represents the bitstream corresponding to 

the base layer characterized by low resolution, low SNR quality and low frame rate; R1+ΔR1 provides a quality 
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improved version of the base layer; R2 represents the bitstream corresponding to an enhanced layer 

characterized by higher resolution, higher SNR quality and higher frame rate; R2+ΔR2 is a quality improved 

version of the enhanced layer were the SNR quality is increased.  

 
Figure 2.12 ­ Combined scalability structure [13].  

 

 

In this DVC solution, the base layer has half the spatial resolution of the original frames and of the 

enhanced layer in each direction. Therefore, if the resolution of the original sequence is CIF, then the base 

layer resolution is QCIF and the resolution of the enhanced layer is CIF. To generate the base layer, the 

original frames are spatially downsampled.  

To improve error robustness, motion search is performed at the encoder. However, to avoid excessive 

complexity, it is just performed for the base layer, at a fraction of the cost of full resolution motion search 

generating three frame coding types: 

1. I or Intra Frames: Don’t use motion compensation and all the blocks are intra coded. These frames are 

essential to avoid major error propagation and to allow random access because they don’t need 

information from any other frames (past or future) to be decoded. 

2. P or Predicted Frames: The usage of motion compensation is allowed but just relying in the past I or P 

frames. These frames help restraining the error propagation and the quality degradation having a better 

compression factor than I frames. 

3. B or Bidirectional predicted Frames: The motion search process is used in both directions meaning 

that the prediction of a block can be based on a motion compensated block from a past I or P frame, 

from a future P or I frame or both. These frames have mainly the objective to enhance the overall 

compression factor. 
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Frame motion dependencies are represented in Figure 2.12 by the mean of orange arrows. To make the 

base layer more compatible with available codecs, the group of pictures (GOP) used in this codec has an 

IBPBP prediction structure. With this configuration, it is possible for the base layer to be decoded with two 

different fame rates; if the original sequence is CIF@30fps, then the base layer can be decoded at 

QCIF@15fps and, if the B type frames are ignored, the decoding will happen at QCIF@7.5fps (in practice, the 

base layer is QCIF@7.5fps and QCIF@15fps is already a temporal scalability enhancement of the base 

layer).  

The enhanced layer is encoded over the high quality base layer based on statistical correlation (using 

PRISM). In the decoding process, the side information candidates are obtained from the SNR enhancement 

layer of the previously decoded frame or from the base layer of the current frame. To obtain the temporal 

enhancing frames (TP1 and TP2), the motion vectors will be explored; this will be better explained in Section 

2.2.2.3 . 

For both the base and enhanced layers, subset bitstreams are sent (ΔR1 and ΔR2, respectively) to improve 

the SNR quality. 

 

2.2.2.3 Main Coding Tools 

As it was mentioned before, the encoding process is very similar to the process in Section 2.2.1  so only 

the coding tools associated with the scalability features will be further described. 

 

¥ SNR Scalability Tools 

As it was mentioned in the previous section, two SNR layers are used for each of the scalable spatial 

resolution layers. However just one generic case will be described because essentially they are architecturally 

similar. The 8x8 blocks are independently coded using PRISM.  

Considering Figure 2.13, decoder 1 can fully use the rate R. So, R is coded as in the case of a single 

PRISM decoder; otherwise, ΔR is formed by using extra bitplanes that refine the reconstruction at decoder 2. 

As the decoded frames in decoder 2 have better quality than frames decoded in decoder 1, so will have the 

side information (Yg). Hence, the bitplanes can be heavily compressed using channel codes. 

Decoder 1 receives R and, utilizing Yb as side information, reconstructs the source X to Xb; otherwise, 

Decoder 2 receives R and, using Yg as side information, generates Xg’ (better than Xb). Now, using Xg’ as 

side information, Decoder 2 decodes ΔR reconstructing the source X to Xg. 

  
Figure 2.13 ­ SNR scalability codec architecture [13].  

¥ Spatial Scalability Tools 

Two different spatial resolution layers are encoded: a lower resolution for the base layer and a higher 

resolution for the enhancement layer. The enhancement layer blocks are coded based on the quality 
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improved base layer using the non-scalable version of PRISM. To determine the MSE, no motion search is 

used because it adds unwanted encoding complexity; to improve this process, the coding procedure takes 

benefit of the base layer and three different types of predictors can be used: 

1. Spatial predictor: The spatial predictor (YS) is a resolution adapted version of the collocated block in 

the base layer of the current frame. This prediction serves to decode the blocks that cannot be 

correctly predicted, for example because of occlusion. 

2. Temporal predictor: The motion vectors found in the motion search performed over the base layer can 

be used to better estimate the correlation noise. In this situation, the motion vectors have to be 

converted from the base to the enhanced spatial resolution. This predictor can also be called coarse 

motion predictor (YTCM) because it is less accurate.  

3. Spatio-Temporal predictor: This predictor is a non-weighted average of the spatial and temporal 

predictors YSTCM= (YS + YTCM)/2. 

The best of these predictors is selected to predict the current block. The decoded process is once again 

identical to the PRISM decoding process but, in this case, besides the full motion search all the predictor 

types can be exploited to search for side information candidates. This fact gives the enhancement layer 

greater error robustness comparing with PRISM. 

 

¥ Temporal Scalability Tools 

In this DVC codec, two main frame rates are available: the base layer has a temporal resolution 

corresponding to half the frame rate of the source sequence (being able to be decoded at ¼ of the source 

sequence frame rate if the B frames are ignored) and the enhancement layer has a frame rate equal to the 

source sequence. This is possible through the insertion of frames TP1 and TP2, shown in Figure 2.12. 

Contrary to the other frames, TP1 and TP2 cannot rely directly on the coarse motion predictors, not even on 

spatial predictors; only temporal prediction is used to infer from the base layer. So, to encode these frames 

two steps are needed: first, the motion vector for the BP frame is extracted from the base layer and scaled; 

second, the motion field of frame TP1 is determined halving the motion vectors from the frame BP to IP or 

from BP to PP (if the BP frame is between PP frames). For frame TP2, the same process is applied but in this 

case the considered motion vectors are PP to IP or PP to PP (BP between PP fames) and BP to PP. 

 

2.2.2.4 Performance Evaluation 

Two distinct performance evaluation experiments were performed by the authors and presented in the 

following: the first experiment is a SNR scalability test where the non-scalable performance will be included 

and the second experiment is a spatial and temporal scalability test. For all the performance tests, a 32 GOP 

size is used which means that an intra coded frame is sent every 16 frames for the base layer and every 32 

frames for the enhancement layer. 

 

¥ SNR Scalability Performance 

Here, the SNR scalable version of the PRISM codec is compared to a H.263+ based solution when the 

information is sent through a error prone wireless channel. The test conditions are: 
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# Packet Error Model: Wireless channel simulator from Qualcomm, Inc. which adds errors to the data 

stream; the wireless network uses the CDMA2000 1X standard [12]. 

# Tested Codecs: Scalable PRISM (just with SNR scalability properties), H.263+ with forward error 

correction (FEC) codes (20% of the bitstream) and H.263+ with Intra refreshing over the simulated 

wireless channel (15% of the blocks are forced Intra). 

# Tested Video Sequences: four video sequences, notably Football (176x144 luminance spatial 

resolution, 15 fps, 327 kbps), Football (176x144, 15 fps, (327 (R) + 197 (ΔR)) kbps), Stefan (176x144, 

15 fps, 720 kbps) and Stefan (176x144, 15 fps, (720 (R) + 103 (ΔR)) kbps). 

In Figure 2.14, the results of this test are presented where (a) and (c) are two different tests to the lower 

quality stream (R) for distinct sequences and bitstreams and (b) e (c) are for the same sequences tested with 

the higher quality stream (R+ΔR). From the charts, it can be concluded that the scalable PRISM codec has a 

better RD performance than scalable H.263+ even if protected with FEC or Intra refreshed. The PSNR 

degradation is slower in scalable PRISM because it has superior error robustness.  

 

 
(a) 

 
(b) 

 
(c) 

 
(d) 

Figure 2.14 ­ Performance evaluation of SNR scalability for the scalable PRISM codec [13]. 

¥ Spatial and Temporal Scalability Performance 

In this evaluation, the base layer is coded with PRISM and the enhancement layer as it was described in 

Section 2.2.2.3 with the exception that the rates ΔR1,2  are not generated. The simulation conditions are: 
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# Packet Error Model: Wireless channel simulator from Qualcomm, Inc. which adds errors to the data 

stream; the wireless network uses the CDMA2000 1X standard [12]. 

# Tested Codecs: PRISM scalable version (without the ΔR streams), H.263+ with forward error 

correction (FEC) codes (20% of the bitstream) and H.263+ with Intra refreshing over the simulated 

wireless channel (15% of the blocks are forced Intra). 

# Tested Video Sequences: Three video sequences, notably Football (352x288 luminance spatial 

resolution, 15 fps, 1.8 Mbps), Stefan (352x288, 15 fps, 1.8 Mbps) and Football (352x288, 30 fps, 3.5 

Mbps). 

The results for this test are shown in Figures 2.15, 2.16 and 2.17 indicating that the scalable PRISM codec 

has clearly a better performance for all tested video sequences. This superiority can also be observed in 

Figure 2.18 where the enhancement layer of the PRISM scalable solution has a better subjective impact in 

comparison with H.263+ in the same conditions (Stefan, 352x288, 15 fps, 1.8 Mbps, channel error rate of 8%). 

 
Figure 2.15­ Performance evaluation of spatial and temporal scalabilities for the scalable PRISM codec for Football 

sequence, 352x288, 15Hz, 1.8Mbps [13]. 

 

Figure 2.16­ Performance evaluation of spatial and temporal scalabilities for the scalable PRISM codec for Stefan 
sequence, 352x288, 15Hz, 1.8Mbps [13]. 

decoder) and compare it to the SNR scalable
version of the H:263þ video coder6 protected with
FEC and block-based intra-refresh.

For the case of scalable H:263þ protected with
FEC, we use Reed–Solomon (RS) codes with 20%
of the total rate allocated to parity bits.7 No
unequal error protection scheme is applied in our
simulations, and it is assumed that the same packet
loss rate affects both the base layer and the
enhancement layer. For the case of block-based
intra-refresh, approximately 15% of the blocks are
forced to be intra-coded. In this experiment we used
H:263þ as a benchmark instead of the state-of-the-
art H.264/AVC codec as the former has built in
support for SNR scalability. For our tests, we
restrict ourselves to the case when the entire rate R
can be utilized by the lower rate client (decoder 1 in
Fig. 5).

For the case of SNR scalable PRISM, the
baseline version of PRISM as described in Section
3 is used at the base layer, whereas the algorithm

described in Section 4.2 is employed at the
enhancement layer.

We tested our scheme using a wireless channel
simulator.8 This simulator adds packet errors to
multimedia data streams transmitted over wireless
networks conforming to the CDMA2000 1X stan-
dard [29].9 For each SNR layer, a frame is divided
into horizontal slices (four or 16 slices at QCIF/CIF
resolution, respectively) and each slice is sent as a
packet. We assume here that either a packet is
received or it is completely lost. In the latter case we
use a simple error concealment technique by pasting
the co-located blocks taken from the reference
frame.

Fig. 9 shows the performance comparison for the
Football (QCIF, 15 fps) and Stefan (QCIF, 15 fps)
sequences. As can be seen from Fig. 9, the scalable
PRISM codec is superior to scalable H:263þ as well
as scalable H:263þ protected with FECs by a very
wide margin (5–8 dB). Although assigning 20% of
rate to FECs seems to overprotect the video stream,
given the largest packet drop rate being equal to
10%, this is not the case under two important
testing conditions: (a) FECs are computed across
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6Free Version of H:263þ obtained from University of British
Columbia.

7Evolving standards for video broadcast over cellular networks
(such as 3GPP) typically allocate extra rate of about 20% for
FECs and/or other error correcting mechanisms.

8Courtesy of Qualcomm, Inc.
9The packet error rates are determined by computing the

carrier to interference ratio of the cellular system.

M. Tagliasacchi et al. / Signal Processing86 (2006) 3196Ð3211 3209
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Figure 2.17­ Performance evaluation of spatial and temporal scalabilities for the scalable PRISM codec for Football 
sequence, 352x288, 30Hz, 3.5Mbps [13]. 

 

 

(a) PRISM scalable version 

 

 

(b) H.263+ standard 

 

Figure 2.18­ Comparison of subjective impact for scalable PRISM with H.263+ [13].  

 

2.2.2.5 Summary 

The scalable properties added to the PRISM codec in the DVC solution presented in this section make it 

very adaptable to dynamic conditions, e.g. channel bandwidth or device spatial resolution; this is a very 

interesting feature considering today’s technology diversity where many types of equipments can be linked to 

any network. A disadvantage is the fact that this coding method adds complexity both at the encoder and 

decoder. 

 

2.2.3 3rd Solution: PRISM Multiview Codec 

This PRISM based multiview DVC codec was developed by C. Yeo and K. Ramchandran and is proposed 

in [15]. According to the classification tree proposed in Figure 2.1, this codec is a multiview, block-based with 

no feedback channel DVC codec. 

 



  28 

2.2.3.1 Objectives 

This DVC solution has the objective to provide a DVC solution based on the PRISM codec for a multiple 

camera setup, thus with multiple video views, where there is interview correlation to be exploited in the coding 

process. This is a new way of exploiting the correlation between view overlapping cameras belonging to a 

distributed multi-camera system, guaranteeing inbuilt error robustness ideal for a wireless environment. In a 

DVC approach. the cameras do not have to communicate among them and low complexity encoding should 

be possible. Since the codec core is the PRISM DVC codec, low encoding complexity and error robustness 

are automatically inherited. To add the multiview coding capability, the PRISM decoder has to be modified to 

adopt a new side information estimation model including disparity search across views and not only motion 

search within each view. 

 

2.2.3.2 Architecture and Coding Walkthrough 

The encoding process uses a typical PRISM DVC encoder with no motion search, like the one presented in 

Figure 2.2. Consequently, this section will be focused in describing the decoding process where the multiview 

capability innovation is present. As for PRISM, the frames are divided into non-overlapping 8x8 blocks. 

 

!  Decoding process 
As it is known for PRISM, the decoding process includes a motion search process to create the side 

information candidates. In wireless networks, it is very usual for packet drops to occur, causing the 

degradation to the reference frame and, consequently, a drop in the side information candidates’ reliability. 

However, if another source of side information exists, an alternative predictor can be provided enhancing the 

decoder PSNR response. For that reason, disparity search is used to look for candidate predictors in the 

present frame of another view/camera. A successful decoding is considered in the same condition of the 

motion search, this means when the CRC checksum positively verifies the decoded block. All this process is 

represented in Figure 2.19 for one of the multiple bitstreams received at decoder. 

 
Figure 2.19­ PRISM multiview decoder architecture. 

 

2.2.3.3 Main Coding Tools 

This section includes some more detail on the most important modules in this multiview PRISM based 

DVC codec, notably the disparity search and side information creation. 
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¥ Disparity Search 

Only the overlapping cameras can be used in this process since otherwise there is no interview correlation 

to be exploited and, thus, no useful side information candidates would be found in neighbour views. In the 

case that cameras are at least partly overlapping, the epipolar line has to be determined so that the epipolar 

geometry [16] can be exploited when performing the disparity search. In the example of Figure 2.20, the line 

OL-X seen by the left camera as a dot is seen in the right camera as the line eR-XR also called the epipolar line 

(represented in red). For this system to work and the epipolar line to be obtained, a calibration has to be 

carried on, once at the beginning, when the system is set. Figure 2.21, shows the search ranges in both 

camera 1 (temporal) reference frame and camera 2 current frame for the side information candidates to be 

obtained. The area used by the decoder for the disparity search depends on the epipolar geometry.  

 
Figure 2.20­ Epipolar geometry example [17]. 

 

 
Figure 2.21­ Search areas for decoder motion (1) and disparity search (2) [15]. 

The disparity search does not add too much complexity because almost all the blocks are successfully 

decoded through the motion search (see the side information creation process description). However, through 

its usage it is possible to improve the PRISM performance in a multiview context. 

 

¥ Side Information Creation 

In this DVC codec, the views of other cameras are used when possible to improve the overall system 

performance. The strategy followed is to first decode all the blocks in all the views through the usual motion 

search process. For the blocks that are not successfully decoded, the disparity search process is then 

performed using as side information the current available reconstructions. This method will be repeated 

several times in some views because it is possible that a successful decoding in a view generates a 

successful decoding in another. The process ends when every block is successfully decoded or when there 

are no more successful reconstructions. 
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2.2.3.4 Performance Evaluation 

The performance of multiview PRISM DVC codec (PRISM-MC) is tested in the following conditions: 

# Packet Error Model: The wireless channel simulator from Qualcomm, Inc., which adds errors to the 

data stream, is used. The wireless network uses the CDMA2000 1X standard [12]. 

# Tested Codecs: Five tested codecs are PRISM multiview PRISM with no motion search at the 

decoder, MJPEG, H.263+ with FEC (Reed-Solomon) and H.263+ with Intra refresh (IR). Both the 

H.263+IR and H.263+FEC solutions are adjusted to equalize the PRISM quality in an error free 

situation. All the codecs act over the camera 1 view but PRISM multiview has access to the camera 2 

view which is losslessly received at the decoder disparity check module. 

# Tested Video Sequences: Two multiview video sequences are tested [18]:  Ballroom (GOP size 15, 

IP…P structure) and Vassar (GOP size 15, IP…P structure). For MJPEG, the GOP structure is not 

relevant since only intra frames are used in this technology. 

The test results are shown in Figure 2.22 where the PRISM multiview error robustness is compared to the 

other tested codecs. The PSNR quality is relative to camera 1 for both multiview video sequences. Figure 

2.22 shows that PRISM multiview can enhance the PRISM performance for error prone channels. Thus, the 

usage of disparity search at the decoder really improves error robustness. However, the difference is less 

pronounced for the Vassar sequence because it has less motion content and all the codecs can more easily 

recover from packet drops. 

 
Ballroom Sequence 

 
(a) 

Vassar Sequence 

 
(b) 

Figure 2.22 ­ Comparative robustness test of PRISM multiview [15]. 

  

The visual impact for all the tested codecs can be compared in Figure 2.23. PRISM and PRISM multiview 

have the best results but PRISM multiview can correct little visual errors that PRISM is not able to due to the 

additional disparity search. 



  31 

 
Figure 2.23­ Visual impact for the Ballroom sequence for all the tested codecs [15]. 

Another important test is illustrated in Figure 2.24 where a catastrophic frame drop (60% of the past frame 

packets were lost) occurs for frame 1 at 8% average packet drop rate. The PRISM based codec rapidly 

recovers from this situation contrary to most of other codecs. H.263+IR starts the recovery slower than PRISM 

multiview but rapidly follows his performance, this is accomplished through the usage of intra frames refresh 

that are very expensive in terms of bitstream. Besides the PRISM multiview has almost the same performance 

it is achieved through the exploitation of the decoded information of camera 2, this process don’t compromise 

the compression factor. Nevertheless, the difference between performances is more evident for Ballroom 

because it has higher motion content than the Vassar sequence. 

 
Ballroom Sequence 

 
(a) 

Vassar Sequence 

 
(b) 

Figure 2.24 ­ PRISM­MC PSNR recover from a drastic frame drop [15]. 

The test results show the good PRISM-MC error resilience performance regarding the alternatives tested. 

However, if a RD performance test was carried out, PRISM-MC would present poorer compression factors 

comparing to H.263+ technologies, not to speak regarding H.264/AVC codecs which are much more efficient 

than H.263+ codecs. 

 

2.2.3.5 Summary 

This codec is a multiview PRISM based DVC solution including the architectural changes to deal with 

multiview data and the eventual interview correlation. Consequently, robustness is improved along with RD 

performance having the price of some increase in the decoder complexity.  

Using distributed coding models in multiview architectures has many advantages. For example, the 

cameras or encoders used in a standard PRISM architecture can also be directly used in a multiview coding 

solution. Another advantage is the fact that, in the predictive coding model the cameras have to communicate 

with each other, while in a DVC architecture the cameras just communicate with a central decoder turning the 

overall process simpler. 
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Chapter 3 

Chapter 3 
 

 

Video Codec Description 
 

 

This chapter has the purpose to describe in detail the developed video codec, IST-PRISM codec. To fulfil 

this objective, the chapter is divided into four main sections. The first section presents the general architecture 

of the developed video coding solution and a brief walkthrough of the main modules in order the reader gets a 

better understanding of the adopted PRISM based DVC solution. Next, the second section targets the 

description of the training process which has to be performed before any video encoding happens. Finally, the 

last two sections have the purpose to describe in detail the modules composing the encoder and the decoder.  

 

3.1  Architecture 
The DVC solution developed and implemented in this Thesis is based on one of the early DVC 

architectures briefly presented in Chapter 1, in this case the PRISM DVC solution proposed by a research 

team from University of California at Berkeley, led by Prof. Kannan Ramchandran [8]. This option was 

motivated by the fact that this DVC solution deserved less attention in the literature and, thus, the target to 

implement it to study where it may arrive in terms of RD performance also in comparison with Stanford based 

DVC solutions which have deserved more attention from the video coding research community [3,5,6]. In this 

context, it is natural that the architecture of the developed coding solution, IST-PRISM codec, is rather similar 

to the PRISM architecture already presented in Section 2.2.1 . The few differences will be explained and 

motivated along this chapter; moreover the author had to developed precise solutions for tools that were only 

vaguely defined in the available literature.  

The adopted DVC solution architecture is presented in Figure 3.1. The training stage is not included 

because it is performed only once; thus, the architecture represents only the regular video coding process. 

Having in mind the classification tree proposed in Chapter 2, see Figure 2.1, the developed DVC solution is 

classified as a monoview, block-based, with no feedback channel DVC solution. As usual, this DVC 

architecture includes two main parts: the encoder and the decoder. Moreover, since achieving efficient video 

coding with this architecture requires some previous knowledge, there is an additional preliminary coding 

stage which has to be run only once before any encoding may take place, the training process. The three 

coding stages will be described in detail in the next sections. 
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A detailed walkthrough of the adopted DVC architecture is not presented here since it is essentially the 

same as for the PRISM DVC solution, already presented in Section 2.2.1 . However, it is important to remind 

that the PRISM DVC coding approach targets the reduction of the encoder computational complexity, which is 

typically high for predictive video coding architectures. Therefore, the most complex processing is moved to 

the decoder; an example of this effect regards the motion search module, as it may be seen in Figure 3.1 

which is moved to the decoder. In summary, the main innovative modules in this solution compared to 

predictive architectures are: 

1. Syndrome coding: Syndrome coding is introduced to make possible exploiting the temporal 

redundancy at the decoder. This module can generate compression without having the knowledge of 

the exact difference between the current video block and the best predictor created at the decoder 

based on the previously decoded frame. The compression is achieved through the careful selection of 

the quantized DCT coefficients bitplanes that are transmitted to the decoder. So, the syndrome encoder 

selects the bitplanes that will be transmitted to the decoder and those that will be estimated based on 

good temporal redundancy.  

2. Block classification: The number of bitplanes coded for a given DCT coefficient should increase with 

the increasing of the difference between the current block and the best predictor created at the decoder 

based on the previously decoded frame; this difference corresponds to the so-called correlation noise. 

However, as the encoder cannot rely on motion estimation, the correlation noise has to be predicted 

somehow based on the available information from the previous frame. The approach is to classify each 

block to be coded into one of 16 correlation classes, [0;15], relying on the difference between the 

current block and the collocated one in the previous (original) frame measured through the MSE. For 

the inter classes (classes 1 to 14), the defining correlation noise ranges are determined in the training 

process, explained in the next section; this approach avoids the encoder from having to perform the 

heavy computational task of finding the best predictor for the current block. The blocks classified with 0 

are skipped (no bits transmitted since there is very high correlation) and those classified with 15 are 

intra encoded since it is considered there is not enough temporal redundancy to be exploited; the three 

encoding modes – skip, intra and inter – are selected in Figure 3.1 using the adequate switches.  

3. Cyclic redundancy coding: The decoder side information is constituted by multiple video block 

candidates, corresponding to motion compensated blocks from the previously decoded frame. While 

any of the side information candidates can help disambiguate the information received by the syndrome 

encoder, not all can do it correctly because some of them are too different from the original block (these 

multiple blocks have more or less temporal correlation). To detect that a block has been successfully 

decoded, a 16 bits cyclic redundancy code (CRC), playing the role of a block hash/signature, is 

transmitted to the decoder. 

Figure 3.1 presents, in practice, the coding architecture for the so-called Wyner-Ziv (WZ) frames this 

means the frames that will be coded using the three coding modes previously mentioned. However, at least, 

the first frame has to be fully intra coded as there is no previous reference frame [8]. In this case, the first 

frame is encoded using H.263 intra like coding. The developed DVC solution is also prepared to use a GOP 

coding pattern this means a periodic pattern where one frame is periodically intra coded (called key frame) out 
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of each N frames (the GOP size). For example, for GOP 2, the odd frames are intra coded and the even 

frames are WZ coded; if the GOP size is infinite, only the first frame is intra coded. 

 

 
Figure 3.1­ IST­PRISM codec architecture. 

 

3.2  Training Process 
The training process is a preliminary, indispensable procedure with the objective to provide the video 

encoding process with previously collected correlation noise statistics using some representative training 

sequences. This procedure makes possible for the syndrome encoding module at the encoder to classify each 

8×8 block in terms of the amount of temporal correlation with the decoder available data and, thus, to decide 

the DCT coefficient bitplanes to be intra coded (due to low correlation) and sent and those that may be 

adequately inferred at the decoder (due to their higher correlation with the information already available at the 

encoder). The bitplanes transmitted to the decoder define the rate spent for the encoding of that specific 

block.  

In an optimal situation, the determination of the number of bits to be transmitted to the decoder should be 

made taking into account the amount of correlation noise between the current block and the best prediction 

block from the previously decoded frame. However, this process would require the usage of motion search at 

the encoder, a procedure that is highly expensive in terms of computational complexity and, thus, rather 

undesirable at the encoder of a DVC solution. As it was explained earlier, the objective of this DVC codec is to 

reduce the high encoder complexity typical of the predictive coding architectures; so, an approach using 

motion estimation at the encoder cannot be afforded. 

 The approach used to avoid the additional complexity associated with motion estimation is to give access 

to the encoder to predetermined temporal correlation noise classes. If these correlation classes are generated 

off-line, this means once for all, before any encoding starts, the complexity needed to define them is taken 

from the encoder process to the preliminary training process. Thus, the approach used at the encoder is to 

associate each 8×8 block to be encoded with one of 16 correlation noise classes where each class is linked to 

a previously determined correlation noise range for each of the 64 (8×8) DCT coefficients. Besides defining a 

correlation class for each block, it is essential to characterize the correlation noise statistics for each DCT 
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coefficient in order the encoder may later determine the adequate number of bits to allocate to each DCT 

coefficient. Therefore, in principle, the objectives of the training process are: 

# to determine the correlation noise associated with each coefficient of each correlation noise classes.  

# to characterize the coefficient level correlation noise statistics allowing allocating rate to each DCT 

coefficient later at the encoder.  

The training process should be performed using an adequate, meaningful and representative set of training 

sequences. The sequences selected for this purpose were News, Kayake and Mother & Daughter with a 

QCIF spatial resolution (176x144 luminance samples, 4:2:0) and a temporal resolution of 15 Hz. 

For the purposes of the implemented system, the first objective was addressed by adopting the correlation 

noise classes MSE boundaries already available in the literature [18], assuming that the MSE scale is 

uniformly allocated for the central (1 to 14) correlation classes. The second objective will be addressed by 

implementing the solution described in the following.  

In summary, the implemented training process targets the second objective this mean finding coefficient 

level correlation noise values characterizing the temporal correlation noise statistics of each class for rate 

allocation purposes by analysing and statistically evaluating the training sequences; the correlation noise 

values for each Discrete Cosine Transform (DCT) coefficient, for each class, are stored at the end of the 

training process, so that they can be used later during the encoding process.  

The training process uses as input all the non-overlapping blocks of size 8x8 from the training sequences. 

The training process starts by skipping the first frame of each sequence because it cannot be compared with 

the previous one, making the block correlation classification task impossible. The sequences contribute jointly 

for the statistics but they are not merged together to prevent the inter-sequence cuts to influence the statistics. 

The training procedure proceeds as it is explained in detail next: 

1. Block Correlation Classification: As it is further explained in Section 0, each block is compared with 

the collocated one in the previous frame through MSE determination; this classification is performed in 

this way because the encoder cannot afford to perform motion estimation. The obtained MSE value is 

compared with the class boundaries previously defined, in this case obtained from the literature [18] as 

described above. In summary, the output of this step is a correlation class for each block with classes 

labeled with a value from 0 to 15. 

2. Correlation Class Counting: After a block is classified in terms of its temporal correlation using the 

MSE, the respective class counter, CC(c), is incremented by one.  

3. Motion Search: The objective of this module is to find the best predictor for the current block, this 

means the block from the previous frame within a limited area that best resembles the current one. 

This is done by calculating the MSE between the current block and each block from the past frame 

within a search window and determining the one with the minimum MSE (block level). The search 

window is a 16x16 area around the block collocated with the present one in the past frame. The 

relevant output of this step is the identification of the block in the previous frame associated to the 

minimum MSE.  
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4. DCT: This module provides a frequency representation of the input block. This procedure is applied to 

the current block and the best predictor in the previous frame (determined in step 3). Therefore, the 

final result is a DCT coefficients representation of both blocks. 

5. Estimated Value and Variance Determination: This step determines the expected value E(x) and the 

variance Var(x) for the absolute error of each coefficient i of each class c between all the blocks and 

the respective best predictors. To generate the expected values, the respective class counter divides 

the sum of the module of the absolute error for each coefficient of each class. The variance is 

determined as expressed in equation (3.1). As it can be observed in (3.1) the determination of the 

variance requires the estimation of the expected value of the quadratic error. This is achieved in a 

process similar to the one used to determine the expected value but this time based on the quadratic 

error. The second term in (3.1) is simply the square of the absolute error expected value. Based on 

these values, it is possible to make more elaborate statistical manipulations of the error in the next 

steps. 

3.1  (3.1) 

 

6. LRV Parameters Determination: As common in the literature, it is now assumed that the correlation 

noise for each DCT coefficient behaves like a Laplacian Random Variable (LRV). This LRV is 

characterized by the following cumulative distribution function (3.2), dependent on the expected value 

E(x) and on the variance Var(x).  

3.2  

 

 

(3.2) 

 As it can be observed in (3.2), each LRV depends on two parameters, $ and %. As the correlation 

noise of each coefficient i of each class c will be associated to a different laplacian the parameters 

have to be separately determined for each (i.c) pair. It will now be assumed that E(i,c) and Var(i,c) are 

respectively the expected value and the variance of the correlation noise of every coefficient of every 

class. In this assumption the parameters θ(i,c) are simply equal to the previously generated absolute 

error expected values E(i,c). To determine the parameters λ(i,c), (3.3) has to be computed using the 

absolute error variance Var(i,c). 

3.3 

 

 

(3.3) 

7. DCT Coefficient Level Correlation Noise Values Determination: At this stage, it is possible to 

generate the correlation noise values that will largely determine the RD performance of the video 
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codec. With each coefficient of each class associated with a LRV, it is possible to determine the 

percentage of values below a certain correlation noise value (CN), the correlation noise considered for 

a specific correlation class, making usage of the inverse of the cumulative distribution function 

presented in (3.4). For example, if p is set to 0.99, CN is the value above 99% of the correlation noise 

values for this coefficient. In practice, it is important to decide which p value will be used since this will 

define the correlation noise values associated with every coefficient of each class. 

3.4 

 

(3.4) 

Therefore, the choice of these values, trough the selection of p, is very important because it will 

determine later the amount of bits spent for each coefficient, making a strong impact on the codec’s 

compression efficiency. The selection of the p value is done experimentally to assure a good codec 

performance. Figure 3.2 presents a chart with the RD performance curves corresponding to different 

sets of correlation noise values, associated to different p values. The charts are just a sample of the RD 

curves used for the identification of the best p value. The curves presented show well the problem 

which has to be solved and they are near the optimal RD performance zone. These RD curves were 

obtained for the Coastguard sequence using a square motion search window of 24 pixels, an infinite 

GOP size and 8 different quantization matrices corresponding to quantization qualities of { 10, 20,…,80}  

(the quantization qualities are explained in Section 3.3.2 ). In fact, the RD charts generated for the other 

test sequences show similar results and, thus, lead to similar conclusions. The methodology used for 

the selection of a (close to) ideal p value consists in slowly increasing its value and check when the 

maximum RD performance is achieved. As it can be observed in Figure 3.2, the curve using the lowest 

value of p has the worst RD performance. When p is slightly increased, a better RD performance is 

achieved until a limit is reached; in the example, the greatest used p value (p=0.99995) has a slightly 

worst performance for zone zones than p=0.995 and p=0.999, meaning that the maximum RD 

performance has been obtained before. Although, the results obtained for the tested p values are very 

similar, the most notorious difference happens for the lower qualities where p=0.9995 has the best 

performance. Mainly for this reason, the finally selected p value is 0.9995. 

 
 Figure 3.2 – RD performance for Coastguard sequence,  QCIF, 15Hz, for different p values. 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 All the CN(i,c) values which define the correlation noise boundaries for each coefficient, for each 

class, are stored to be available to the encoder, whenever it has to encode a video sequence. 

 

3.3  Encoding Process 
In this section, the modules that compose the encoder will be described in detail. The description of each 

module will start with an introduction to its function and objective; after, the developed solution is motivated 

and described in detail. It is intended that, at the end of this section, the developed encoding process is so 

clear that a reader can easily replicate it; for this, it is important to follow the interaction between the encoding 

modules with the help of Figure 3.1. Naturally, the encoder input is always a sequence of video frames with a 

certain spatial and temporal resolution, while the encoder output is a stream of coded bits. 

 

3.3.1 Discrete Cosine Transform 

The purpose of this transform is to take advantage of the spatial correlation between the luminance 

samples within a block of size 8x8 (the same happens for the chrominances when they are coded). With this 

process, it is possible to organize the luminance information into spectral bands that are very useful in the 

exploitation, not just of the spatial correlation, but also of the perceptual irrelevance since the human visual 

system is less sensitive to the high frequency bands. Both will be exploited in further coding methods, namely 

the quantization and entropy coding.  

When the DCT transform is applied to the 64 luminance samples, an 8x8 block, the result is a similar 

number of non-correlated DCT coefficients. In Figure 3.3, it is illustrated an 8x8 DCT transformed block with 

the coefficients numbered in a zig-zag order which is used for their encoding and transmission. The square 

numbered with a 1 represents the DC coefficient that is associated with the zero spatial frequency; therefore, 

the value of this coefficient is proportional to the mean of all samples in the block. All the other coefficients are 

called AC coefficients; the closer to the coefficient numbered with 64, the higher is the frequency that each AC 

coefficient represents. 

 
Figure 3.3 ­ Zig­zag scanning order for an 8×8 block. 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The DCT is the transform being used since a long time in the majority of video coding standards, namely 

H.261, H.263, MPEG-1 Video, MPEG-2 Video and MPEG-4 Visual. Although this is not the transform 

presenting the best energy compaction performance, it is the one with the best trade-off between energy 

compaction and complexity. For example, the Karhunen-Loève transform is the one achieving the maximum 

energy compaction; however, it is image dependent and there is no fast enough algorithm to compute it. 

Notice that the DCT can be applied to sets of data with a different number of dimensions, being the one-

dimensional DCT the simplest one which may be applied to audio signals. In image processing, the DCT has 

to deal with blocks of NxN luminance or chrominance samples; therefore, a two-dimensional DCT has to be 

used. 

The two-dimensional DCT is mathematically represented by equation (3.5); for blocks of size NxN, 

DCT(u,v) is the DCT coefficient (u,v) where p(x,y) represents the luminance in the position (x,y) of the block 

(for N=8, x and y go from 0 to 7). 

3.5 

 

(3.5) 

 

The developed DCT does not implement directly these equations, but instead an equivalent system of 

matrices which is described by equation (3.6); the block that is being transformed, P, is multiplied by a matrix, 

T, and its respective transpose, TT, resulting in the matrix of transformed coefficients, DCT(u,v). The matrix T 

with size NxN is generated by (3.7), resulting for the specific case of 8x8 in (3.8). 

 

3.6  (3.6) 

 

3.7 

 

(3.7) 

 

 

The implemented process uses matrices of size 8x8 and includes two steps: 

1. Vertical Transform: Matrix T multiplies the 8x8 luminance samples block; actually, this is equivalent to 

transform each column with a one-dimensional DCT. 
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2. Horizontal Transform: The first step resulting matrix multiplies TT what is equivalent to perform a 

horizontal transformation on top of the vertical transformation and so a two-dimensional DCT is 

achieved. At the end of the process, a matrix with integer and non-integer values is returned. 

 

3.3.2 Quantization 

The quantization process has the objective to remove from each block the image irrelevance and also to 

introduce additional distortion providing multiple rate versus quality/distortion trade-offs (RD points). This is 

achieved by assigning different quantization steps for different DCT coefficients since the human visual 

system is differently sensitive to the various spatial frequencies. Hence, the quantization step determines the 

number of words/symbols assigned to define the amplitude of a certain coefficient: the higher the quantization 

step, the fewer the quantization levels and the associated codewords and, thus, the higher the quantization 

error. This means there is a negative effect in raising the quantization step since increasing the distance 

between consecutive quantization codewords increases the error between the real coefficient value and the 

quantized one, expressed with one of the quantization codewords. Therefore, the quantization step has to be 

carefully selected to allow increasing the compression efficiency achieved while trying to reduce the visual 

impact of the quantization error, thus maximizing the quality. Since the human visual system is less sensitive 

to the higher spatial frequencies, this makes these frequencies less susceptible of ‘exposing’ the quantization 

errors; for this reason, it is possible to assign higher quantization steps to the higher frequencies, achieving 

better compression factors without excessively affecting the final subjective quality. 

The PRISM DVC solution [8] used as the basis for this implemented DVC codec does not specify the 

quantizer used. For this reason, a quantization solution had to be selected by the author of this Thesis. The 

developed quantizer is very similar to the one used in the JPEG standard [20], not just because of its 

simplicity but also because of the quality adjusting it allows. It is also a uniform quantizer which is an essential 

requirement from the syndrome coding scheme used in the developed video codec as it will be seen later.  

The syndrome encoder relies on the distance between consecutive quantized codewords, measured in 

terms of DCT coefficient amplitude, to select the encoded bitplanes (size of the coset). If the words are not 

sufficiently far from each other, the syndrome encoder has to increase the size of the coset to ensure that 

distance. If the quantizer is not uniform, the distance between consecutive quantized words varies from word 

to word. So, in this case, the distances have to be determined for all the coded coefficients of all blocks, 

generating an undesired increase of complexity. In the case of a uniform quantizer, the number of bits 

specifying the coset is determined once for all during the syndrome encoding initialization since it is constant. 

For the AC coefficients, the quantizer is also symmetrical around zero, thus reducing the decoding artefacts 

for coefficients with low amplitudes; these features can be observed in Figure 3.4 where q is an arbitrary 

quantization step and the z axis represents the DCT coefficient amplitude. The DC coefficient may take values 

in the range [0; 2040]; as no negative amplitudes are used, there is no need for symmetry around zero (see 

the DC quantizer response in Figure 3.5). 

 

 
Figure 3.4 ­ Developed AC coefficients quantizer. 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Figure 3.5 ­ Developed DC coefficients quantizer. 

 

The proposed quantizer can be quality adjusted, this means it permits selecting the trade-off between the 

compression and the final subjective visual quality of the decoded video sequence. The quantizer is prepared 

to work with qualities labelled from 1 to 99, with 1 corresponding to the lowest visual quality and, thus, to the 

highest compression. This is a very interesting feature because the quality may be easily adjusted, allowing 

wide test conditions. Each quality is associated to a quantization matrix, QS, that is generated based on the 

quantization matrix, QS50, associated with quality 50 that is shown in (3.9). 

 

3.9 

 

(3.9) 

 

The developed quantizer is built to process 8x8 luminance samples blocks which values are in the range 

[0; 255]. The output values are clipped to the range [-127; 127] for the AC coefficients and to the range [0; 

255] for the DC band; these restrictions are fundamental since the entropy encoder only works with values in 

those ranges (these ranges correspond to a maximum of 8 bits per sample). These constrains make the 

quantizer specification a little different from the JPEG standard since the quantization steps have to be 

restricted in order to never go beyond the previously presented values. For this reason, all the quantization 

steps are above 8; in this context, the maximum quantized value possible for the DC coefficient (2040 

maximum DC value) is 2040/8=255. Another alteration was made to enhance the compression achieved by 

this module, when the quantization step, for a specific coefficient, is above 255 the generated quantized 

values of that coefficient are always set to zero (no bits are spent with that coefficient in this situation). 

In this context, the quantization procedure works as follows: 

1. Quantization Matrix Generation: The generation of the quantization matrix is performed only once at 

the initialization of the encoding process. The quality k is defined in the encoder configuration file and it 

determines the quantization matrix QSk(u,v) using equation (3.10). If a quantized value is lower than 8, 

then it is made equal to 8 for the reason explained earlier. 
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3.10 

 

(3.10) 

2. Coefficient Quantization: The next step is to determine the quantized coefficients matrix QDCT(u,v) 

from the coefficient amplitude matrix, DCT(u,v). This process is performed differently for the DC 

(DCTDC=DCT(0,0)) and the AC coefficients. The equation for the quantized DC coefficients is 

presented in (3.11) while for the AC coefficients it is presented in (3.12). If the quantization step is 

above 255 the quantized coefficient is automatically set to zero. 

3.11 
 

(3.11) 

 

3.12 
 

(3.12) 

 

3.3.3 Block Classifier 

The classifier has the objective to assign one of the 16 predefined correlation noise classes to each 8×8 

block in the (WZ) frames to be coded. In practice, the developed classifier is prepared to use as many 

correlation classes as needed; however, 16 is the number actually used by the encoder since this is also the 

number used by PRISM [8]. 

The following steps define the block classification process:  

1. Initialization: The first step of this process is to initialize the classifier with the first frame of the 

sequence which is seen by the classifier as the first past frame. This frame is not classified because it 

has no previous information being all the blocks (H.263) intra encoded. 

2. MSE Determination: At this point, the classification process may begin, with the current frame being 

received and the MSE determined and stored for each block of the frame; the first frame to which this 

procedure is applied is the second frame of the sequence. The MSE between the blocks of the current 

frame BlockCF(xb,yb) and the collocated ones in the previous frame BlockPF(xb,yb) is computed and 

stored in MSE(xb,yb), being xb and yb the row and the column, respectively, of the block relative to the 

frame. 

3. Class Attribution: The values stored in MSE(xb,yb) are compared with the correlation class definition 

ranges/boundaries that have the values shown in Table 3.1; these values were chosen from [19] 

because of their proven results. When a given MSE value is greater or equal then, for example, the 

third boundary and smaller than the fourth, the class for this block is 3 (for the last class, the values 

just have to be greater or equal than the last boundary). The classes are stored in a 2D array, for all 

the blocks in the frame; when the class of a certain block is needed, this array is accessed with the 

correct coordinates and the correlation class is retrieved. 
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Table 3.1 – MSE correlation class boundaries [19].  

Threshold 
number 

Threshold 
MSE value  Threshold 

number 
Threshold 
MSE value  Threshold 

number 
Threshold 
MSE value 

1 18.33  6 2935.355  11 5852.8 

2 601.735  7 3518.76  12 6435.785 

3 1185.14  8 4102.165  13 7019.19 

4 1768.545  9 4685.57  14 7602.95 

5 2351.95  10 5268.975  15 8168 

 

4. Past Frame Updating: Finally, when all the blocks in the current frame are classified, the current frame 

is stored as the new past frame and all the process will be repeated from step 2 when the new current 

frame is received. 

Regarding the coding of the three block coding modes (skip, inter and intra), the situation is as follows:  

i) Skip blocks do not require any additional coding tools and, thus, only generate rate to classify the 

block. 

ii) Intra blocks are coded as in the recommendation H.263 like codec . 

iii) Inter blocks are coded as described in the next section.  

 

3.3.4 Syndrome Encoder 

 The syndrome encoding module relies on two methods that will be jointly introduced and, after, separately 

described. They are the syndrome coset encoder and the syndrome additional bitplane encoder. The 

objective of the syndrome encoding module is to achieve compression using low complexity tools. This is 

achieved by taking advantage of the Wyner-Ziv theorem explained in Chapter 1. This theorem is based on the 

assumption that the decoder has access to extra information, the side information, which is correlated with the 

information to be encoded, the current block. For the specific case of this DVC codec, the extra information 

are motion compensated blocks extracted from the previously decoded frame. Each of the motion 

compensated blocks is called a side information candidate. If the error structure, or statistical distribution, 

between the current quantization codeword X and the side information Y is known (at coefficient level), it is 

possible to reduce the amount of information transmitted to the decoder to correctly decode X based on Y. 

The difference X-Y is called the correlation noise N which cannot be known exactly at encoder or decoder but 

can be estimated (what is really none is the CN values determines at the training process). The encoder 

estimates the correlation noise exploiting the original frames; however, without having access to motion 

estimation to achieve low complexity, it relies on the differences between collocated blocks that were 

associated in the training process to specific correlation noise ranges.  

The encoding strategy is to divide the codeword space X into sets containing multiple words (the 

quantization levels/words), equality distanced. These sets are called cosets and are identified by the coset 

index, or the syndrome, which needs a fewer amount of information than X to be encoded. So, if the distance 
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between quantization words within each coset is sufficiently larger than the estimated CN, then it is possible to 

recover the quantization word using Y and the transmitted coset. 

A coset is a subgroup of words selected from the original group; all the cosets together must contain the 

initial group of words without overlapping. It is easy to understand the concept of coset by observing Figure 

3.6. Inside the outer circle is contained the original group of words, all the smaller circles. The idea is that 

each color is associated to a coset: the circles with the same color are from the same coset. It is important to 

note that there is no circle with more than one colour and all the circles have a color. This means that each 

word is associated only with a coset and all the cosets together contain the original group. A particularity of 

the cosets represented in Figure 3.6 is that the words of a specific color are equally distanced; this is essential 

for the cosets used in the IST-PRISM codec, as it will be seen later (the cosets of the developed solution have 

just one dimension). In the IST-PRISM codec, the number of cosets is variable (corresponding to variable 

number of colors and closely related to the distance between words) and determined by the coset size 

(number of bits necessary to uniquely identify each color). The cosets in the developed solution just have one 

dimension, contrarily to those represented in Figure 3.6 which correspond to two dimensions (but the principle 

is the same).  

 
Figure 3.6 ­ Cosets visual representation. 

 

 In the practical case of the developed DVC codec, each non-null quantized coefficient is coded 

individually. The coset index is defined by the CIsize() least-significant bits that divide the quantized codeword 

space in 2CIsize()  different cosets. The separation of the quantized codeword space generates a partitioned 

binary lattice that can be observed in Figure 2.5. The Hamming distance between consecutive quantized 

codewords within a coset is also 2CIsize(). To determine the distance in terms of DCT values, the Hamming 

distance has to be multiplied by the quantization step of the specific coefficient i, QS(i), obtaining a value 

2CIsize() × QS(i). To achieve a successful decoding, the distance between the DCT values in the coset has to be 

higher than twice the correlation noise defined for the corresponding DCT coefficient. This is defined in (3.13) 

where CIsize() is the coset index size, c the class of the block and CN(c,i) is the correlation noise associated 

with a certain coefficient of a certain class acknowledged by the encoder. 

 

          

Friday, October 16, 2009



  45 

3.13  (3.13) 

A practical example is illustrated in Figure 3.7 were d represents the distance between consecutive 

codewords, X is the value of a certain DCT coefficient, q the quantization step of an arbitrary coefficient and 

QX is the quantized version of X. The objective is to decode QX selecting the word nearest to Y with a 

correlation noise N=|Y-X| equal to 1.2q in this example. In the first situation, no coset is communicated to the 

decoder, so CIsize=0 making d=q; this situation does not respect (3.13) and the nearest word to Y is 100 

which represents a bad decoding. The second situation simulates the transmission of the coset index 1, being 

CIsize=1 and d=2q; although the distance between coset codewords have increased, the decoding is dubious 

because (3.13) is still not fulfilled. In the last situation, the coset index sent to the decoder is 01, making 

CIsize=2 and d=4q; this distance between coset codewords validates (3.13), returning 101 as the nearest 

word from Y and generating a correct decoding. 

In fact, the correlation noise estimation is not very accurate because the usage of motion search at the 

encoder is not allowed; although, the correlation noise was statistically studied in the training process, it was 

adjusted in the test phase (selection of the p value described in the Section 3.2  ) to enhance the RD 

performance. The lower the correlation noise estimated by the encoder (more temporal correlation), the less 

bitplanes are encoded (better compression) but the number of blocks unable to be successfully decoded 

increases since the quantization codewords within some of the cosets are not sufficiently distanced to permit 

a correct disambiguation of the encoded quantization codewords. So, to reduce the number of unsuccessful 

decodings, an extra bitplane may have to be transmitted to the decoder, meaning that an additional bit would 

be used for each coset index. The problem is that this implies an additional bit per each non-null coefficient 

which may compromise the overall compression efficiency. Therefore, the selected solution is to take 

advantage of a channel correction code, namely the Bose-Chaudhuri-Hocquenghem (BCH) code. Instead of 

sending an additional bit per coefficient, a BCH checksum able to correct the most significant bit of the coset 

index (already with the additional bitplane) is transmitted to the decoder. With this method, it is possible to 

enhance the codec performance without an exaggerated loss of compression efficiency. 

 
Figure 3.7 ­ Representation of the influence of the coset quantization codeword distance in the decoding process. 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In the implemented DVC solution, not all the coefficients in the block are syndrome encoded but rather only 

the first 15 zig-zag scanned coefficients are as the others are intra encoded; this is related to the amount of 

correlation available for each coefficient which is not that large for the high frequency coefficients. The number 

of coefficients that are inter encoded was decided based on similar experiments reported in the literature [19]. 

It is important to notice that this value is also associated to the number of bits selected for the CRC. Figure 3.8 

shows a RD performance chart (for the Coastguard sequence, QCIF, 15Hz, motion search window size of 24 

samples, tested quantization qualities of { 10,20,…,80} ) using a different number of syndrome encoded DCT 

coefficients. This chart shows that the IST-PRISM codec does not really benefit from syndrome encoding 15 

coefficients since the maximum RD performance is reached for a lower number of coefficients. However, the 

value 15 is still used in order to achieve a higher similarity with the PRISM solution in the literature. Notice that 

changing this value  would imply changing also the size of the CRC adopted. So, 15 coefficients are 

syndrome encoded in each inter block and the IST-PRISM codec is adjusted to have the best RD 

performance possible for these specifications. This may be an issue for further research.  

 The information generated at the syndrome encoding process, the syndrome codeword, is transmitted 

through the bitstream to the decoder. Both the methods that generate the complete syndrome codeword, 

which has two parts, are described in detail in the following subsections. 

 

 

 
Figure 3.8 – RD performance, Coastguard sequence, QCIF, 15Hz coded with a different number of syndrome encoded 

coefficients. 

 

3.3.4.1 Syndrome Coset Encoder 

This process has the target to define the size and encode the coset index for each non-null syndrome 

encoded DCT coefficient of each inter coded block. To take advantage of the high probability of the null 

coefficients, the output of this process is a 4-tuple alphabet. In practice, the coset index encoded in this 

process is the set of least-significant bits of each DCT coefficient corresponding to the black bits in Figure 3.9. 
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Figure 3.9 ­ Syndrome bit plane presentation.  

 

A description of the syndrome coset encoder process is detailed in the following: 

1. Initialization: This phase is performed only once at the initialization of the syndrome encoder and has 

the purpose to determine the minimum distance between consecutive quantization codewords within a 

coset for each DCT coefficient i of each correlation class c. The considered correlation noise values 

CN(c,i) are those obtained at the end of the training process. Now, for every coefficient of every inter 

class, the coset index size or the number of least significant bits CIsize(c,i) to be used in the syndrome 

coset encoding is determined. This is achieved by incrementing CIsize(c,i) starting at 0 until (3.13) is 

fulfilled. 

2. (Last,Run,Level) Code Generation: A zig-zag scanned quantized block is received and coded using 

(Last,Run,Level) triplet symbols for each coefficient, adopting the same rules as in recommendation 

H.263+ [10]. Last is set to 1 when the last non-zero DCT coefficient in the zig-zag order is reached, 

Run specifies the number of null coefficients before the current one and, finally, Level indicates the 

value of the non-null current DCT coefficient. Only the non-null coefficients are coded and the DC 

coefficient is always coded with (Last, Level). 

3. Coset Determination: Each non-null DCT coefficient has to be represented by a coset. The first step is 

to add 127 to the AC coefficients Level in order to obtain only positive integers. The same does not 

have to happen for the DC coefficients since they are already positive integers. As the coset index is 

defined by the last CIsize(c,i) bits of each quantized codeword, determined in the initialization step, a 

binary AND is applied between the generated value and a mask with length CIsize(c,i). For example, if 

CIsize(c,i), also called Depth, is 3 and the Level is #20, the generated value is #20+127=107 (in binary 

0110 1011); as for this Depth the mask is 0000 0111, the determined coset is 0110 1011 !  0000 

0111=011 (in decimal 3). 
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4. (Last,Run,Depth,Path) Code Generation: The objective of this step is to encode the syndrome with 

an appropriate alphabet. This is done by translating the previously generated code into a 4-tuple 

alphabet that is better suited to the syndrome coding characteristics. The Last and Run fields are 

maintained and have exactly the same meaning as before, defining the position of the DCT coefficient 

within the block. Therefore, they are copied directly from the previous (Last,Run,Level) code. The field 

Level is substituted by Depth and Path, responsible for the coset representation: Depth specifies the 

number of bits defining the coset, the coset index size, while Path stores the specific bits identifying 

the coset. In practice, Depth is identical to CIsize(c,i) and Path is equal to the result of the previous 

step. 

5. (Last,Run,Depth,Path) Entropy Coding: This step has the purpose to take advantage of the statistics 

of the 4-tuple alphabet generated in the previous step. Therefore, each (Last,Run,Depth,Level) 

codeword should be encoded using a variable length code (VLC). The syndrome entropy codeword 

encoding the most probable word in the 4-tuple alphabet must have the smaller binary size. In this 

situation, the smaller syndrome entropy codeword is used more times than any other words generating 

a smaller rate (more compression). This is, in fact, the procedure used in practical situations where a 

wide variety of sequences with different temporal and spatial resolution are statistically studied to 

achieve a wise selection of the entropy codes. In the developed solution, no variable length code is 

implemented but rather its ideal length will be computed as the rate for each (Last,Run,Depth,Path) 

symbol, this mean its (ideal) information quantity. This solution allows considering the rate associated 

to the entropy encoded 4-tuple alphabet; this is, in fact, the ideal situation as it is impossible to 

generate less bitrate with a pre-generated VLC. To implement this solution, each 

(Last,Run,Depth,Level) word lrdp has a counter WCounter(lrdp) that at the end of the sequence 

defines the number of times each word has been used. At this time, it is possible to determine the ideal 

rate associated to each of the utilized 4-tuple word LRDPRate(lrdp) (WCounter(lrdp) greater than 0) 

during the encoding of the sequence through (3.14) where TCounter is the total number of encoded 4-

tuple words. The words that weren’t used (WCounter(lrdp) =0) contribute with a null rate and so they 

aren’t accounted in the bitrate. The bitrate generated by the 4-tuple alphabet words is the sum of the 

rate of all the LRDPRate(lrdp). 

 

3.14 

 
(3.14) 

 

It is important to reveal that if the bitstream was really created it would need another word in the 

code syntax to make it decodable. Every time the last coefficient syndrome encoded has already been 

written on the bitstream and it is not the last coefficient in the block (Last=0) the decoder has to be 

informed so the next bits are read as the additional bitplane checksum; this will be better understood 

after the reading of the following section. Writing an escape code word following the last syndrome-

encoded word from the current block in the bitstream can attain this. Nevertheless the IST-PRISM 

codec simulates the bitstream and so the escape word is also accounted as an unique 

(Last,Run,Depth,Level) word in the entropy calculation of the bitrate. 

!

 

LRDPRate(lrdp) = WCounter(lrdp)log2
TCounter

WCounter(lrdp)
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3.3.4.2 Syndrome Additional Bitplane Encoder 

This module has the objective to compress and transmit an extra coset bitplane, enhancing the decoding 

quality of the syndrome decoder. The correlation noise values estimated at the encoder are not very precise 

meaning that commonly they are different from the real correlation noise. For the majority of the blocks, the 

estimated correlation noise is superior to the real value, thus generating a successful decoding. However, for 

a limited percentage of blocks, the estimation is inferior to the real correlation noise and, thus, the codewords 

within each coset became insufficiently distanced, generating a wrong selection of the quantized codewords 

for all the side information candidates. If the quantized codeword of some coefficients is wrongly selected, the 

CRC transmitted detects an unsuccessful decoding. This is the price to pay for having the correlation noise 

estimation out of the encoder, performed with some representative sequences, and not with the real 

sequences to be coded. To reduce the number of this kind of occurrences, the size of all coset indexes could 

be increased by a bit, turning the percentage of blocks unsuccessfully decoded acceptable. However, as the 

considered CN(c,i) values obtained in the training process are adjusted to generate an acceptable 

compression efficiency, if one additional bit is added to every non-null syndrome encoded coefficient that will 

generate an undesirable rate increase which may be not even be necessary for most of the syndromes. For 

this reason, a hybrid strategy was developed where instead of transmitting an additional bit for every coset the 

extra bits are jointly communicated to the decoder using a shorter checksum. The word coded into the 

checksum is called the additional index bitplane codeword. At the decoder, this checksum has the capability 

to correct a limited amount of coset indexes that were wrongly selected because of the lack of enough 

distance between the codewords within the coset.  

When the syndrome coset decoder finishes, the syndrome additional bitplane decoder has access to the 

decoded quantization codewords, allowing the regeneration of the additional index bitplane codeword. This 

word is very likely an erroneous version of the encoded additional index bitplane codeword; for this reason, 

the checksum is used to correct it. After the correction of the coset indexes, the syndrome decoder uses these 

enhanced indexes and repeats the decoding process with the same side information candidate.  

In the IST-PRISM codec, the extra bits (the grey bits in Figure 3.9) are jointed encoded using a simple 

Bose, Ray-Chaudhuri, Hocquenghem (BCH) code [21]. As it is shown in Figure 3.9, the systematic part of the 

BCH code containing the extra bits is discarded and only the checksum is transmitted to the decoder. The 

BCH codes were selected for this purpose since they are relatively simple and perform rather well for small 

length blocks as it is mentioned in [8]. 

In detail, the syndrome checksum encoding proceeds as follows: 

 

1. Coefficient Bit Extraction: The first step is to decide which bits will be included in the additional index 

bitplane codeword. Depending on the quantization step, the quantized DCT coefficients have a 

maximum number of coded bits. So, if the codeword has already been coded with the maximum 

amount of bits, this means the greatest coset index possible, there is no additional bit to be transmitted 

to the decoder. In this case, no grey bit is attributed to the current DCT coefficient (see Figure 3.9). 

The additional index bitplane codeword is generated extracting a bit, the additional most significant 

coset index bit, from the non-null quantized DCT coefficients (that have not been coded with the 

maximum number of bits) in the zig-zag ordered block. To determine each of the additional bits, the 

Depth (third element in the syndrome code) value is used: if it is lower than the maximum number of 
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bits of that specific DCT coefficient, then the Depth+1 bit is extracted; if it is a DC coefficient, then the 

bit is directly extracted from Level (third element of the syndrome code); for the AC coefficients, before 

the bit is extracted, Level is summed with 127. At the end of this step, the additional index bitplane 

codeword is fully formed and prepared for BCH coding. 

2. Correction Properties Selection: The generated additional index bitplane codeword varies in size 

depending on the number of bits that were selected in the previous step. Therefore, the size and 

strength of the BCH checksum has to be carefully chosen: if the checksum is not inferior in size to the 

additional index bitplane codeword, no compression is produced. The BCH codes used in the 

syndrome checksum channel encoding are presented in Table 3.2; these code sizes were 

experimentally selected based on the rate-distortion trade-off. For additional index bitplane codeword 

with sizes comprehended between 0 and 3, no BCH is used and the bits are sent directly (non-coded) 

to the decoder. For the other codeword sizes, the BCH codes used to generate the checksum are 

presented in Table 3.2. The correction power measures the amount of errors that the BCH code is 

capable to correct. 

Table 3.2 ­ Adopted BCH Codes. 

Additional bits 
codeword (bits) 

BCH code total 
size (bits) 

BCH codeword 
size (bits) 

Checksum 
size (bits) 

Correction 
power (bits) 

0-3 - - 0-3 - 

4 7 4 3 1 

5-11 15 11 4 1 

12-26 31 26 5 1 

27,-51 63 51 12 2 

52-64 127 106 21 3 

 

3.  Codeword Correction: After the definition of the adequate length and strength for the BCH correction 

code, the checksum can be generated using the proper BCH code. This BCH word is put in the 

bitstream after the relevant syndrome codewords. 

 

3.3.5 Cyclic Redundancy Code 

The Cyclic Redundancy Code (CRC) module has the objective to generate a binary signature with the 

strength to validate the decoded block, thus selecting the good side information candidate. In the Wyner-Ziv 

theorem, the decoding is based on the exploitation of a unique side information. For PRISM based video 

coding, this theorem cannot be strictly followed because there is no unique side information but several 

candidates, in practice the motion compensated blocks of the previously decoded frame within the defined 

motion search window. The decoder is capable of generating a decoded block for each side information 

candidate using the syndromes; however, there is the problem to select the candidate that resembles more 
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the corresponding original (quantized) block. With the purpose of detecting the rightly decoded block, a CRC 

checksum is sent to the decoder. 

The CRC is designed to detect accidental changes in data, typically small differences between two 

codewords provoked by channel errors. As all the side information candidates are somehow correlated with 

the coded block, the decoded candidates are erroneous versions of that block. So, the CRC is an excellent 

way to detect the side information candidate that is decoded without errors, generating a successful decoding.  

There are a wide variety of available CRC codes with different lengths and error detection capabilities. For 

each application, these two characteristics have to be well balanced. Therefore, it was determined in [8] that a 

16 bits CRC (CRC-16) has a reasonable performance for the detection of successful decoding in a PRISM 

like DVC architecture. However, since there are various CRC-16 solutions and [8] does not define a precise 

one, the author had to select a specific CRC-16 solution. The choice was the CRC-CCITT code due to its 

proven reliability in many applications such as for Bluetooth. The CRC-CCITT code uses the code generation 

polynomial presented in (3.15). 

 

3.15   (3.15) 

 

In detail, the CRC method proceeds as follows: 

1. Block Codeword Generation: The first step is to generate the block with the quantized DCT 

coefficients making possible for the CRC-CCITT code to generate the checksum. The only bits that 

have to be checked are the syndrome encoded ones (the first 15 DCT coefficients of each inter coded 

block); the remaining coefficients are intra encoded and, thus, there is no need for any verification. So, 

each quantized coefficient is associated with an 8 bit word, the minimum fixed amount of bits capable 

of expressing any quantized codeword; these words are written consecutively in zig-zag order in the 

quantized block codeword. At the end of this procedure, the block codeword has been created with a 

length of 8 times the number of syndrome encoded coefficients.  

2. CRC Generation: This module produces the CRC checksum by dividing consecutively the codeword 

generated in the previous step by the polynomial present in (3.15).  

 

3.3.6 Bitstream Creation 

This section has the objective to describe the syntax and semantics for the created bitstream which 

depends on the coding tools used for the coding of each block. At the beginning of each frame, a bit is sent to 

identify the frame type: while ‘0’ identifies an key (intra) frame, this means a frame only composed by intra 

blocks, ‘1’ identifies a Wyner-Ziv coded frame formed by blocks coded using one of the three coding modes, 

namely skip, inter and intra. These coding solutions are used depending on the class associated to each 

block. For each coding type, the bitstream has a specific format in terms of syntax and semantics. It is 

important to note that the intra blocks vary their syntax depending on the type of frame they are included: so, 

there is a syntax for the intra blocks in the key frames and another for the intra blocks in the Wyner-Ziv 

frames.  

The four different block coding modes are presented in the following: 

!

 

x
16 + x

12 + x
5 +1
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1. Skip: This coding option is used for the blocks in class 0 associated with the lower MSE values, this 

means with very high temporal correlation. For this case, only the class, a 2 bits word, has to be 

transmitted to the decoder; at the decoder, the decoded block is automatically copied from the 

previously decoded frame. 

2. Inter: The inter coded blocks correspond to the correlation classes between 1 and 14 and are 

associated to intermediary MSE values. The syntax associated to this block coding mode is 

represented in Figure 3.10. CT is used to transmit the block class type (0-skip, 1-Inter, 2-Intra) in this 

case informing that this block was inter encoded, Syndrome communicates the syndrome codeword 

generated in the syndrome encoding module, Intra Coefficients transmits the intra encoded coefficients 

that are not encoded with the syndrome (some in the last 49 coefficients in the zig-zag order) and, 

finally, the CRC corresponds to the CRC checksum codeword. 

 

 

Figure 3.10 ­ Inter block bitstream syntax. 

 

3. Intra Mode in Wyner-Ziv Frames: The intra coded blocks in the Wyner-Ziv frames are associated with 

the correlation class 15. The bitstream format for this situation is presented in Figure 3.11. CT has the 

same meaning as before but now informs the decoder that the present block was intra encoded and 

Intra Coefficients regards the intra coded coefficients sent to the decoder. 

 

 

Figure 3.11 ­ Intra block in intra frames bitstream syntax. 

 

4. Intra Mode in Key Frames: As the decoder knows when a key frame is being received, it assumes 

automatically that all the blocks are intra encoded. In this situation, there is no need to indicate the 

block class type; therefore, the bitstream is equivalent to the one in Figure 3.11 with the exception of 

the correlation class that is not transmitted. 

 

3.4  Decoding Process 
This section has the same objective as the previous one but now addressing the decoding modules. The 

same strategy is also used: each subsection starts by explaining the objectives and problems addressed by 

each module, followed by a detailed motivation and description of IST-PRISM codec. 
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3.4.1 Syndrome Decoder 

The objective of this process is to decode the received syndrome codeword (both components) while 

exploiting the available side information. Two different coding methods generated the complete syndrome 

codeword: the first one identifies the coset to which the decoded quantized codewords must belong, and the 

second one allows correcting the decoded cosets using a BCH checksum, the additional index bitplane 

codeword. These processes will be described separately in upcoming sections.  

The side information is, in fact, a motion compensated block from the past frame that is somehow 

correlated with the block being decoded. For this reason, it is used to disambiguate within the cosets 

transmitted by the encoder for each block. However, not all the side information candidates have acceptable 

correlation noise values, which means that the side information generation and syndrome decoding processes 

have to be repeated until the block is successfully decoded. This successful decoding is checked using the 

transmitted CRC-CCITT code in a way explained in more detail in a following section. For some critical blocks, 

all the side the information candidates are unable to generate a successful decoding; in these critical cases 

(ideally very few), the block will have to be reconstructed based on error concealment techniques.  

 

 

3.4.1.1 Syndrome Coset Decoder 

This module has the responsibility of selecting the quantized codewords within the cosets while exploiting 

the side information. The side information is used as a zig-zag scanned quantized DCT block. The procedure 

used to fulfil the objective is explained next: 

1. Syndrome Entropy Code Decoding: The objective of this module is to decode the syndrome entropy 

coded codewords and translate them into the 4-tuple alphabet. Each coset index is received as a 4-

tuple based (Last,Run,Depth,Path) symbol with Last specifying if the last coefficient of the block has 

been reached, Run determining which of the 64 DCT coefficients is being decoded, Depth indicating 

the number of bits composing the coset, and Path identifying the coset. In IST-PRISM codec, this 

process is skipped as entropy values have been used instead of a practical entropy code. 

2. Coset Index Decoding: The current quantized DCT coefficient value in the side information candidate 

is first obtained. As explained before, all the AC coefficients are summed with 127 in order they 

become positive integers. To identify the nearest quantized codeword that belongs to the coset, two 

variables will search the integers surrounding the current quantized codeword of the side information 

candidate. Both start equal to this value; in the next steps, one is successively incremented and the 

other decremented. In each step, both variables are submitted to a mask with the size of Depth and 

the result is compared to Path; this is the method used to verify the coset. The first variable to match 

the coset is chosen as the decoded codeword. Nevertheless, if both words are equally distanced from 

the side information coefficient, the smaller is assumed as the decoded codeword for the AC 

coefficient; this is justified by the fact that smaller coefficient values are more likely than larger ones. 

For the DC coefficients, the center value is chosen. 
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3. (Last,Run,Level) Symbol Regeneration: In this step the (Last,Run,Level) codewords are 

reconstructed so that the block of the quantized coefficients can be regenerated. Therefore, Last and 

Run are copied directly from the syndrome  code and Level is made equal to the decoded codeword in 

the DC case and to the codeword minus 127 in the AC case. This set of symbols defines the 

coefficients values and their positions. 

 

3.4.1.2 Syndrome Additional Bitplane Decoder 

This method has the objective to correct the coset resulting from the previous module, thus enhancing the 

codec performance. As sometimes the correlation noise between the original block and the side information is 

higher than the one used to encode the syndrome, this may generate a wrong selection of quantized 

codewords from the coset in the previous process and, consecutively, causes unsuccessful decoding. 

To reduce the occurrence of unsuccessful decoding, and thus the associated negative subjective impact, 

the encoder also transmits a BCH checksum. This checksum is generated by jointly encoding the grey colored 

bits as defined in Figure 3.9.. The quantized codewords determined at the previous process may sometimes 

present errors caused by the low correlation between the current block and the side information candidate. In 

this process, the grey bits are recovered from the decoded quantized codewords and, if they do not present 

significant error, this error may be corrected by the BCH checksum. If the correction is successful, the grey 

bits are separated and returned to their corresponding quantized DCT coefficient, adding an extra bit to each 

coset index. Therefore, the Hamming distance is increased within the coset, turning it stronger relatively to the 

correlation noise. After this process, the coset index decoding performed at the syndrome coset decoder 

(Section 3.4.1.1 ) is repeated, being more likely to generate a successful decoding. 

In detail, this decoding proceeds as follows: 

1. Coefficient Bit Extraction: Depending on the quantization step, each coefficient presents a maximum 

number of bits that is used to represent its quantized value. In this step, the decoded grey colored bits 

are extracted from the Level (Level plus 127 for the AC coefficients) of the non-null DCT coefficients 

with Depth inferior to the maximum number of bits. The reason why these are the only bits extracted 

from the DCT coefficients is explained in Section 3.3.4 where the corresponding encoding was 

described. These bits are extracted in the zig-zag scan order. 

2. Additional Index Bitplane Codeword Correction: Taking into consideration the size of the generated 

not corrected additional index bitplane codeword, the BCH code used to encode it can be known using 

the same rule applied at the encoder. With this information, it is possible to know the size of the 

checksum and read it from the bitstream. Making use of the checksum, the generated additional index 

bitplane codeword can be corrected if the number of errors is equal or lower than the BCH code 

correction capability; this capability is also selected at the encoder. 

3. (Last,Run,Depth,Path) Symbol Redefinition: If the BCH code was capable of correcting the 

additional index bitplane codeword, it is possible to have access to an extra bit for the coset index of 

the DCT coefficients. For these coefficients, the syndrome entropy code has to be altered: Depth is 

added by 1 and the Path has to contain the additional bit so that the syndrome decoder can benefit 

from this extra information. At the end of this process, syndrome decoding is preformed again but this 
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time with larger coset indexes for some of the DCT coefficients; then, it is possible to regenerate the 

block of quantized coefficients. 

 

3.4.2 Motion Search 

The motion search module has the objective of providing a motion compensated version of the current 

block to the syndrome decoder. In fact, this module has to generate the side information candidates that 

jointly with the received syndrome will lead to a successful block decoding. 

The syndrome decoding for each block is repeated until a successful decoding is achieved; at that time, 

the motion search process will stop. So, to reduce the decoding complexity, it is necessary to guarantee that 

the decoding process attains a successful decoding as fast as possible, meaning that fewer operations are 

executed for each block. The DVC codecs are more suitable for sequences limited in motion content such as 

video surveillance and videotelephony. In sequences with low motion content, it is very likely that the motion 

compensated blocks nearest the one being decoded are more correlated with it. For that reason, it is wise that 

the motion search module selects and provides these blocks in the first place to the syndrome decoder. For 

that reason, the author has implemented this module using a novel spiral scanning order for the generation of 

the side information candidates, as shown in Figure 3.12. The grey square represents the top left pixel of the 

central block which is represented with the black square; the central block is the first one to be extracted and 

decoded because it is collocated with the block being decoded; after, the spiral scanning gradually explores 

larger distances to the collocated position as exemplified by the arrow following the spiral (the spiral position 

corresponds to the upper left corner of the side information candidate). 

  
Figure 3.12 ­ Spiral scanning scheme.   

Another particularity of the motion search module is the fact that it uses half-pixel accuracy as proposed in 

[8]. This feature enhances the exploitation of the past frame information, since more accurate side information 

candidates may be provided for decoding. Figure 3.13 shows a search window where the half-pixels were 

added; while the big black circles represent the integer pixel positions, the smaller circles correspond to the 

half-pixels. The small circles are coloured differently because they are created with different mathematical 

expressions. This computation is exemplified for the pixels labelled with letters in (3.16). If the one-pixel 

accuracy window has nxm pixels, the generated half-pixel accuracy window has a height of 2n-1 and a width 

of 2m-1 positions. 
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Figure 3.13 ­ Half­pixel accuracy motion search 

The motion search performed for each block is detailed in the following: 

1. Integer Window Generation: This process starts with the extraction of the pixels within the motion 

search area from the past decoded frame using a 16x16 window; if the edges of the window exit the 

frame boundaries, the extracted window will be smaller as exemplified in Figure 3.14. 

 
Figure 3.14 ­ Motion search window definition. 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2. Spiral Scan: After the definition of the half-pixel accuracy window, it is time to proceed with the motion 

search. As explained before, the developed motion search module uses a spiral scan. Figure 3.12 

exemplifies how the search process works. The first block to be extracted is the block collocated in the 

past frame with the one currently being decoded. The next blocks are visited using a right, down, left 

and up scanning direction, as it can be observed in Figure 3.12. At the beginning of the process, the 

number of searchable positions is determined by (2n-1-8-1) x (2m-1-8-1), where 8 is the size of the 

blocks. This value has to be taken with care because the extraction cannot proceed to blocks partially 

outside the search window; in fact, the spiral scan may sometimes try to visit positions out of its 

searchable window. These positions will be skipped until a good searchable position is achieved again. 

Every time a good position is searched, the position counter is incremented by one. The window is 

completely searched when the counter reaches the number of searchable positions. The spiral scan is 

run once generating many positions for each block that is being decoded; in fact, it is executed every 

time the decoder asks for a new motion compensated block, moving then the spiral scan to the next 

searchable position; the next position will be visited only if the decoder asks again for another motion 

compensated block. 

3. Block Extraction: It is important to mention this procedure because of its particularities in a half-pixel 

accuracy setting. When a new position is defined by the spiral scan, the process is finalized with the 

extraction of the motion compensated block. The pixels cannot be extracted in sequence because the 

window is an upsampled version of the one-pixel accuracy window and so it would lead to a zoomed 

block. So, some rows and columns have to be skipped in order the extraction generates a usable 

block. It is easier to understand this process by looking at Figure 3.13: as it may be seen, the original 

decoded frame samples (black colored samples) are distanced from each other by a sample in the two 

directions; this is caused by the introduction of the half-pixel luminance samples. To respect the image 

proportions, the block samples have to be extracted considering this distance; this means, for 

example, that if the received position corresponds to a white colored sample then all the other 

extracted samples are from the same color. This is also true for all the other colors. 

After the evaluation of variable RD performances for different motion search windows sizes it was decided 

that a window of 24x24 samples had the best trade-off between RD performance and complexity. 

 

3.4.3 Error Concealment 

This procedure has the responsibility of filling the blocks that were left without information due to 

unsuccessful WZ decoding. As it was referred before, successful decoding happens whenever the CRC code 

positively checks the result of the syndrome decoding with the help of a specific side information candidate. 

For some blocks, no side information candidate generates a successful decoding. These blocks are left empty 

until all the others in the frame have been processed. At this point, the error concealment module has the 

responsibility of filling the unsuccessfully decoded blocks, exploiting the information gathered in the decoding 

of the successful blocks. Whenever a block is decoded, the vector between itself and the side information 

candidate that generated the successful decoding is stored. This information can be exploited to generate a 

motion compensated block, the filling block, that will fill that position. The method developed by the author will 

now be described in detail: 
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1. Empty Blocks Search: This is the first and last step, and has the objective to find the blocks that have 

not been filled yet due to unsuccessful decoding. With this purpose, the frame is scanned row by row, 

starting at the top left corner; whenever an empty block is found, the block searching stops and the 

position is passed to the next step. If, instead, the last block has been already processed, and no other 

block exists in the frame, the error concealment process comes to an end. 

2. Filling Block Selection: This step intends to select a filling block taking advantage of the motion 

vectors used by the surrounding blocks. The motion vectors to be evaluated are those belonging to the 

blocks that form a square of 3x3 blocks around the current block. This means there are, at most, 8 

vectors to be evaluated since it is possible that some among the neighbour blocks have been intra 

encoded. It is important to note that the skipped blocks contribute with a null motion vector in both 

directions. The position of the empty block is evaluated to eliminate from the possible surrounding 

blocks, if necessary, the blocks whose position points to areas out of the frame edges. From the 

possible concealment blocks, there are some that are also empty or have been intra encoded; these 

two types of blocks are also discarded from the possible concealment blocks because they are not 

associated with any motion vector. If there are no concealment blocks left, the filling block is 

considered to be the one collocated with the central block in the previous frame; this side information 

candidate is then passed to the next step. If that is not the case, then the horizontal and vertical motion 

vector coordinates are extracted from the remaining concealment blocks and the median of each 
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vectors is even and there are two possible values for the median; in this situation, the median is 
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each direction). The generated values are after rounded to correspond to half-pixel accuracy motion 

vectors; for this, the value for each direction is doubled, then truncated and, finally, divided by two. At 

this point, it is essential to make sure that the generated motion vector directions are not pointing to an 

area outside the frame. If that is the case, the vector component failing this criteria is set to indicate the 
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3.4.4 Reconstruction 

This module has the purpose of attributing a DCT value to each quantized coefficient, thus 

regenerating/reconstructing the source with an approximate version of the encoded DCT coefficients block. 

Many strategies can be followed for this reconstruction process; for the developed codec, the author has 

opted for a simple solution. So, the reconstruction value for each quantized coefficient QC is simply the 

central value of the associated quantization interval. As the AC quantization intervals are distributed 

symmetrically around the 0 value, while this is not the case for the DC coefficients (shown in Figure 3.4 and 

Figure 3.5, respectively), there are different methods to determine the central values for the quantization 

interval. Therefore, the reconstructed coefficient amplitude RDCT has to be generated for the AC coefficients 

as shown in (3.17) and for the DC coefficient as shown in (3.18), where QS is the quantization step for the 

relevant coefficient. 
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This chapter has presented the developed PRISM based DVC solution, IST-PRISM codec, by describing 

each one of the modules in the coding architecture. With a level of detail that should allows its replication by 

any reader. The next chapter will present the performance evaluation of the developed DVC solution also in 

comparison with relevant benchmarks. 

 

3.17  (3.17) 

3.18  (3.18) 

!

 

RDCT(u,v) = QSk (u,v) ! QDCT(u,v)
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Chapter 4 
 

 
Performance Evaluation 
 

This chapter aims to study the performance of the developed PRISM based DVC codec, labelled in the 

following as IST-PRISM for obvious reasons. With this purpose, it is crucial that the developed codec is tested 

under representative and meaningful test conditions and compared with the relevant alternative video coding 

solutions, standard based or DVC based; this should allow to better understand the advantages and 

disadvantages of the DVC technology and, thus, application areas where its usage may be successful. The 

developed DVC solution is compared with the identified benchmarks, mainly based on a rate-distortion 

evaluation, as typically happens in the international literature. 

 

4.1  Test Conditions 
Before presenting the performance results, it is essential to define the test conditions which have to be 

relevant and meaningful from a practical point of view in order the conclusions may be solid and useful. First, 

the sequences that were selected for the performance evaluation will be presented and described. Next, the 

test conditions that will be used in the tests are presented. Finally, the chosen video coding benchmarks used 

to be compared the developed solution performance will be revealed. 

 

!  Test Sequences 
The selection of the sequences is very important for the evaluation of a video codec since they must 

contain different types of content to simulate diverse video coding situations. The content type must vary in 

terms of spatial and temporal redundancies between and within the sequences: 

1. Spatial Redundancy: The spatial redundancy is defined as the quantity of resemblance between close 

luminance/chrominance samples within the same frame. An image with high spatial redundancy will 

have similar values for nearby luminance/chrominance samples. This fact is well explored in the 

transform domain: if the samples within a block have similar values this means that the same 

information can be expressed with low frequency transform coefficients. If fewer coefficients are 
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needed to encode a specific block it means that higher compression efficiency is achieved. Some of 

the codecs can take better advantage of the spatial redundancy than others; for that reason, it is 

important that the test sequences reveal different spatial redundancies so that it is possible to detect 

where the developed codec solution works better. 

2. Temporal Redundancy: The sequences can also vary in temporal redundancy that is defined as the 

resemblance between the luminance/chrominance samples in the current frame and in past or future 

frames. A situation of low temporal redundancy means that the samples in the present frame are very 

different from those in past or future frames; for example, this happens in a critical way in a change of 

scene. However, even in a sequence with significant motion content, it is possible to exploit the 

temporal redundancy by taking advantage of motion compensation tools. This method will be more or 

less effective depending on the type of motion occurring in the video. The motion content can be, for 

example, a panning, object rotation, facial movement, water waving, vibration in the camera and many 

others. Each video codec can be more or less capable of taking advantage of the motion 

characteristics of the video sequence. In summary, it is necessary that the test sequences have 

different motion content, testing the implemented codec for a large set of temporal redundancy 

conditions. 

The test sequences that were selected for the DVC codec evaluation are presented in Figure 4.1.  

 

 
a) 

 
b) 

 
c) 

 
d) 

Figure 4.1 ­ Test sequences example frames: a) Foreman; b) Soccer; c) Hall Monitor; d) Coastguard;   

 

The selected test sequences cover a wide range of content conditions. The content characteristics of each 

sequence are now briefly described: 

1. Foreman (Figure 4.1 a): The Foreman sequence is divided in three main parts. The characteristics of 

the first part are very similar to a video call scenario: a steady background with a person moving at the 

center of the scene. This is one of the services considered to be suitable for the DVC technology, thus 

the relevance of this sequence for these experiments. The second part shows a panning, being much 

more demanding than the first part because high motion content is present. The third and last part of 

the sequence shows a building with small camera oscillations continuously occurring; this part is also 

characterized by the diminished spatial redundancy provoked by the presence of high frequency 

components. 

2. Soccer (Figure 4.1 b): This sequence is characterized by its high motion content associated to the 

movement of the players and the usage of a panning in the middle of the sequence. The background 
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blocks selected were effectively refined. For example, tests 

with the Foreman sequence (QCIF, 15 Hz, GOP=8) revealed 

that, on average, 61% of the blocks in the frame under 

decoding were selected for further processing and 42% of 

these were refined. 

Module 3: New Side Information Creation 

In the final module of the proposed SIR algorithm (labeled 

with 3 in Fig. 3), the new side information coefficient values 

for the next band to be decoded are computed based on the 

previous measurements made, notably the weights !n
b(k) in 

(6). To avoid relying on a single candidate block, the refined 

side information Yn
SIR for the block n under processing is 

determined using a statistical approach, notably through a 

normalized and weighted mean (7) computed considering the 

weights !n
b(k) computed for the candidate blocks in the 

previous step: 
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The refined side information here computed will be used for 

the decoding of the next band for the blocks which passed 

through the whole refinement process described. Fig. 4 

illustrates an example of the SI gains obtained with the SIR 

algorithm, notably the difference between the initial SI and the 

final SI after the refinement. Although some specific frames 

show small PSNR losses these rarely happen and are usually 

negligible regarding the best and overall gains presented. 

Notice that the SI quality gains do not typically directly 

correspond to similar quality gains for the final decoded 

frames.  

 
Fig. 4. Side Information quality improvement for the Foreman sequence 

QCIF, 15 Hz, GOP=8 and Q8. 

C. Decoding with the Refined Side Information 

After the SIR processing is complete, there will be refined 

side information available for the decoding of the next band 

for the blocks which passed through the whole refinement 

process described and no refined side information for the 

blocks which were not selected in Module 1, or were selected 

in Module 1 but had no ‘better’ side information candidates 

identified in Module 2. Accordingly, for each block, a DCT 

transform is applied to the initial side information block or to 

the refined side information block to provide the refined side 

information DCT coefficients for the decoding of the next 

DCT band. 

After decoding all the quantized DCT bands, the process for 

side information refinement is also applied for the bands for 

which no WZ bits were sent (unquantized bands). This is 

possible because the proposed SIR algorithm receives as 

inputs the current reconstructed frame and the initial side 

information, allowing the refinement of the next unquantized 

band, taking advantage of what was learned with all the 

decoded DCT bands so far. For these unsent DCT bands, the 

SIR process can only bring quality and no rate gains since no 

WZ rate is spent (these bands are not turbo decoded); in fact, 

the refined coefficients will only be used by the reconstruction 

module that will copy these coefficients and generate the 

reconstructed frame for the refinement of the next band until 

the last band is reached. 

V. PERFORMANCE EVALUATION 

This section evaluates the performance of the IST-TDWZ 

video codec with and without the proposed side information 

refinement algorithm presented in Section IV in comparison 

with the most relevant WZ and conventional alternative video 

codecs. In this context, it is essential to describe first the test 

conditions in which the performance results were obtained.  

All the results here presented were taken with the following 

test conditions: 

• Test Sequences: Foreman, Soccer, Hall Monitor and 

Coastguard, since they represent different types of content 

(Fig. 5); Soccer is clearly the most complex sequence in 

terms of motion content. 

 

    
a) b) c) d) 

Fig. 5. Sample frames (15 Hz) for the test sequences: a) Foreman (frame 78); 
b) Soccer (frame 79); c) Hall Monitor (frame 112); d) Coastguard (frame 39). 

 

• Temporal and Spatial Resolution: QCIF at 15 Hz and 

CIF at 30 Hz. 

• Frames for Each Sequence: All tests are performed 

using the full length of each sequence. For the Foreman and 

Soccer sequences, 150 and 300 frames are used at 15 Hz and 

30 Hz, respectively; for the Coastguard and Hall Monitor 

150 and 164 frames at 15 Hz, respectively. 

• GOP Sizes: 2, 4 and 8 (typically, only 2 in most the WZ 

video coding literature). 

• Rate-Distortion Points: Eight RD points are considered 

corresponding to the eight 4×4 quantization matrices 

depicted in Fig. 6. The values within each 4×4 matrix 

indicate the number of quantization levels associated to the 

various DCT coefficients bands. In the following, the various 

matrices will be referred as Qi with i={1,…,8}; when Qi 

increases, the bitrate and the quality also increase. To 

improve the user subjective impact by reaching a smooth 

quality variation, key frames are H.264/AVC Intra encoded 

using a quantization parameter which allows reaching a 

similar quality to the WZ frames for each RD point. The 

quantization parameters for the key frames as well as the 
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blocks selected were effectively refined. For example, tests 

with the Foreman sequence (QCIF, 15 Hz, GOP=8) revealed 

that, on average, 61% of the blocks in the frame under 

decoding were selected for further processing and 42% of 

these were refined. 

Module 3: New Side Information Creation 

In the final module of the proposed SIR algorithm (labeled 

with 3 in Fig. 3), the new side information coefficient values 

for the next band to be decoded are computed based on the 

previous measurements made, notably the weights !n
b(k) in 

(6). To avoid relying on a single candidate block, the refined 

side information Yn
SIR for the block n under processing is 

determined using a statistical approach, notably through a 

normalized and weighted mean (7) computed considering the 

weights !n
b(k) computed for the candidate blocks in the 

previous step: 
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The refined side information here computed will be used for 

the decoding of the next band for the blocks which passed 

through the whole refinement process described. Fig. 4 

illustrates an example of the SI gains obtained with the SIR 

algorithm, notably the difference between the initial SI and the 

final SI after the refinement. Although some specific frames 

show small PSNR losses these rarely happen and are usually 

negligible regarding the best and overall gains presented. 

Notice that the SI quality gains do not typically directly 

correspond to similar quality gains for the final decoded 

frames.  

 
Fig. 4. Side Information quality improvement for the Foreman sequence 

QCIF, 15 Hz, GOP=8 and Q8. 

C. Decoding with the Refined Side Information 

After the SIR processing is complete, there will be refined 

side information available for the decoding of the next band 

for the blocks which passed through the whole refinement 

process described and no refined side information for the 

blocks which were not selected in Module 1, or were selected 

in Module 1 but had no ‘better’ side information candidates 

identified in Module 2. Accordingly, for each block, a DCT 

transform is applied to the initial side information block or to 

the refined side information block to provide the refined side 

information DCT coefficients for the decoding of the next 

DCT band. 

After decoding all the quantized DCT bands, the process for 

side information refinement is also applied for the bands for 

which no WZ bits were sent (unquantized bands). This is 

possible because the proposed SIR algorithm receives as 

inputs the current reconstructed frame and the initial side 

information, allowing the refinement of the next unquantized 

band, taking advantage of what was learned with all the 

decoded DCT bands so far. For these unsent DCT bands, the 

SIR process can only bring quality and no rate gains since no 

WZ rate is spent (these bands are not turbo decoded); in fact, 

the refined coefficients will only be used by the reconstruction 

module that will copy these coefficients and generate the 

reconstructed frame for the refinement of the next band until 

the last band is reached. 

V. PERFORMANCE EVALUATION 

This section evaluates the performance of the IST-TDWZ 

video codec with and without the proposed side information 

refinement algorithm presented in Section IV in comparison 

with the most relevant WZ and conventional alternative video 

codecs. In this context, it is essential to describe first the test 

conditions in which the performance results were obtained.  

All the results here presented were taken with the following 

test conditions: 

• Test Sequences: Foreman, Soccer, Hall Monitor and 

Coastguard, since they represent different types of content 

(Fig. 5); Soccer is clearly the most complex sequence in 

terms of motion content. 
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Fig. 5. Sample frames (15 Hz) for the test sequences: a) Foreman (frame 78); 
b) Soccer (frame 79); c) Hall Monitor (frame 112); d) Coastguard (frame 39). 

 

• Temporal and Spatial Resolution: QCIF at 15 Hz and 

CIF at 30 Hz. 

• Frames for Each Sequence: All tests are performed 

using the full length of each sequence. For the Foreman and 

Soccer sequences, 150 and 300 frames are used at 15 Hz and 

30 Hz, respectively; for the Coastguard and Hall Monitor 

150 and 164 frames at 15 Hz, respectively. 

• GOP Sizes: 2, 4 and 8 (typically, only 2 in most the WZ 

video coding literature). 

• Rate-Distortion Points: Eight RD points are considered 

corresponding to the eight 4×4 quantization matrices 

depicted in Fig. 6. The values within each 4×4 matrix 

indicate the number of quantization levels associated to the 

various DCT coefficients bands. In the following, the various 

matrices will be referred as Qi with i={1,…,8}; when Qi 

increases, the bitrate and the quality also increase. To 

improve the user subjective impact by reaching a smooth 

quality variation, key frames are H.264/AVC Intra encoded 

using a quantization parameter which allows reaching a 

similar quality to the WZ frames for each RD point. The 

quantization parameters for the key frames as well as the 
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blocks selected were effectively refined. For example, tests 

with the Foreman sequence (QCIF, 15 Hz, GOP=8) revealed 

that, on average, 61% of the blocks in the frame under 

decoding were selected for further processing and 42% of 

these were refined. 

Module 3: New Side Information Creation 

In the final module of the proposed SIR algorithm (labeled 

with 3 in Fig. 3), the new side information coefficient values 

for the next band to be decoded are computed based on the 

previous measurements made, notably the weights !n
b(k) in 

(6). To avoid relying on a single candidate block, the refined 

side information Yn
SIR for the block n under processing is 

determined using a statistical approach, notably through a 

normalized and weighted mean (7) computed considering the 

weights !n
b(k) computed for the candidate blocks in the 

previous step: 
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The refined side information here computed will be used for 

the decoding of the next band for the blocks which passed 

through the whole refinement process described. Fig. 4 

illustrates an example of the SI gains obtained with the SIR 

algorithm, notably the difference between the initial SI and the 

final SI after the refinement. Although some specific frames 

show small PSNR losses these rarely happen and are usually 

negligible regarding the best and overall gains presented. 

Notice that the SI quality gains do not typically directly 

correspond to similar quality gains for the final decoded 

frames.  

 
Fig. 4. Side Information quality improvement for the Foreman sequence 

QCIF, 15 Hz, GOP=8 and Q8. 

C. Decoding with the Refined Side Information 

After the SIR processing is complete, there will be refined 

side information available for the decoding of the next band 

for the blocks which passed through the whole refinement 

process described and no refined side information for the 

blocks which were not selected in Module 1, or were selected 

in Module 1 but had no ‘better’ side information candidates 

identified in Module 2. Accordingly, for each block, a DCT 

transform is applied to the initial side information block or to 

the refined side information block to provide the refined side 

information DCT coefficients for the decoding of the next 

DCT band. 

After decoding all the quantized DCT bands, the process for 

side information refinement is also applied for the bands for 

which no WZ bits were sent (unquantized bands). This is 

possible because the proposed SIR algorithm receives as 

inputs the current reconstructed frame and the initial side 

information, allowing the refinement of the next unquantized 

band, taking advantage of what was learned with all the 

decoded DCT bands so far. For these unsent DCT bands, the 

SIR process can only bring quality and no rate gains since no 

WZ rate is spent (these bands are not turbo decoded); in fact, 

the refined coefficients will only be used by the reconstruction 

module that will copy these coefficients and generate the 

reconstructed frame for the refinement of the next band until 

the last band is reached. 

V. PERFORMANCE EVALUATION 

This section evaluates the performance of the IST-TDWZ 

video codec with and without the proposed side information 

refinement algorithm presented in Section IV in comparison 

with the most relevant WZ and conventional alternative video 

codecs. In this context, it is essential to describe first the test 

conditions in which the performance results were obtained.  

All the results here presented were taken with the following 

test conditions: 

• Test Sequences: Foreman, Soccer, Hall Monitor and 

Coastguard, since they represent different types of content 

(Fig. 5); Soccer is clearly the most complex sequence in 

terms of motion content. 
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Fig. 5. Sample frames (15 Hz) for the test sequences: a) Foreman (frame 78); 
b) Soccer (frame 79); c) Hall Monitor (frame 112); d) Coastguard (frame 39). 

 

• Temporal and Spatial Resolution: QCIF at 15 Hz and 

CIF at 30 Hz. 

• Frames for Each Sequence: All tests are performed 

using the full length of each sequence. For the Foreman and 

Soccer sequences, 150 and 300 frames are used at 15 Hz and 

30 Hz, respectively; for the Coastguard and Hall Monitor 

150 and 164 frames at 15 Hz, respectively. 

• GOP Sizes: 2, 4 and 8 (typically, only 2 in most the WZ 

video coding literature). 

• Rate-Distortion Points: Eight RD points are considered 

corresponding to the eight 4×4 quantization matrices 

depicted in Fig. 6. The values within each 4×4 matrix 

indicate the number of quantization levels associated to the 

various DCT coefficients bands. In the following, the various 

matrices will be referred as Qi with i={1,…,8}; when Qi 

increases, the bitrate and the quality also increase. To 

improve the user subjective impact by reaching a smooth 

quality variation, key frames are H.264/AVC Intra encoded 

using a quantization parameter which allows reaching a 

similar quality to the WZ frames for each RD point. The 

quantization parameters for the key frames as well as the 
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blocks selected were effectively refined. For example, tests 

with the Foreman sequence (QCIF, 15 Hz, GOP=8) revealed 

that, on average, 61% of the blocks in the frame under 

decoding were selected for further processing and 42% of 

these were refined. 

Module 3: New Side Information Creation 

In the final module of the proposed SIR algorithm (labeled 

with 3 in Fig. 3), the new side information coefficient values 

for the next band to be decoded are computed based on the 

previous measurements made, notably the weights ! n
b(k) in 

(6). To avoid relying on a single candidate block, the refined 

side information Yn
SIR for the block n under processing is 

determined using a statistical approach, notably through a 

normalized and weighted mean (7) computed considering the 

weights ! n
b(k) computed for the candidate blocks in the 

previous step: 
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The refined side information here computed will be used for 

the decoding of the next band for the blocks which passed 

through the whole refinement process described. Fig. 4 

illustrates an example of the SI gains obtained with the SIR 

algorithm, notably the difference between the initial SI and the 

final SI after the refinement. Although some specific frames 

show small PSNR losses these rarely happen and are usually 

negligible regarding the best and overall gains presented. 

Notice that the SI quality gains do not typically directly 

correspond to similar quality gains for the final decoded 

frames.  

 
Fig. 4. Side Information quality improvement for the Foreman sequence 

QCIF, 15 Hz, GOP=8 and Q8. 

C. Decoding with the Refined Side Information 

After the SIR processing is complete, there will be refined 

side information available for the decoding of the next band 

for the blocks which passed through the whole refinement 

process described and no refined side information for the 

blocks which were not selected in Module 1, or were selected 

in Module 1 but had no ‘better’ side information candidates 

identified in Module 2. Accordingly, for each block, a DCT 

transform is applied to the initial side information block or to 

the refined side information block to provide the refined side 

information DCT coefficients for the decoding of the next 

DCT band. 

After decoding all the quantized DCT bands, the process for 

side information refinement is also applied for the bands for 

which no WZ bits were sent (unquantized bands). This is 

possible because the proposed SIR algorithm receives as 

inputs the current reconstructed frame and the initial side 

information, allowing the refinement of the next unquantized 

band, taking advantage of what was learned with all the 

decoded DCT bands so far. For these unsent DCT bands, the 

SIR process can only bring quality and no rate gains since no 

WZ rate is spent (these bands are not turbo decoded); in fact, 

the refined coefficients will only be used by the reconstruction 

module that will copy these coefficients and generate the 

reconstructed frame for the refinement of the next band until 

the last band is reached. 

V. PERFORMANCE EVALUATION 

This section evaluates the performance of the IST-TDWZ 

video codec with and without the proposed side information 

refinement algorithm presented in Section IV in comparison 

with the most relevant WZ and conventional alternative video 

codecs. In this context, it is essential to describe first the test 

conditions in which the performance results were obtained.  

All the results here presented were taken with the following 

test conditions: 

• Test Sequences: Foreman, Soccer, Hall Monitor and 

Coastguard, since they represent different types of content 

(Fig. 5); Soccer is clearly the most complex sequence in 

terms of motion content. 
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Fig. 5. Sample frames (15 Hz) for the test sequences: a) Foreman (frame 78); 
b) Soccer (frame 79); c) Hall Monitor (frame 112); d) Coastguard (frame 39). 

 

• Temporal and Spatial Resolution: QCIF at 15 Hz and 

CIF at 30 Hz. 

• Frames for Each Sequence: All tests are performed 

using the full length of each sequence. For the Foreman and 

Soccer sequences, 150 and 300 frames are used at 15 Hz and 

30 Hz, respectively; for the Coastguard and Hall Monitor 

150 and 164 frames at 15 Hz, respectively. 

• GOP Sizes: 2, 4 and 8 (typically, only 2 in most the WZ 

video coding literature). 

• Rate-Distortion Points: Eight RD points are considered 

corresponding to the eight 4×4 quantization matrices 

depicted in Fig. 6. The values within each 4×4 matrix 

indicate the number of quantization levels associated to the 

various DCT coefficients bands. In the following, the various 

matrices will be referred as Qi with i={1,…,8}; when Qi 

increases, the bitrate and the quality also increase. To 

improve the user subjective impact by reaching a smooth 

quality variation, key frames are H.264/AVC Intra encoded 

using a quantization parameter which allows reaching a 

similar quality to the WZ frames for each RD point. The 

quantization parameters for the key frames as well as the 
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has high spatial redundancy since it is manly composed by grass and snow. This sequence intends to 

test the performance of the implemented codec in a high motion content scenario. 

3. Hall Monitor (Figure 4.1 c): This is the sequence with higher temporal redundancy since the camera is 

static, always pointing to the same physical place. The only movement present in the sequence is 

generated by the two individuals that appear, walking in the hall. This sequence was selected because 

it is related to a video surveillance scenario, which is an important application, considered to be able to 

take advantage of the DVC characteristics. 

4. Coastguard: (Figure 4.1 d): Having in mind the previously described sequences, this can be 

considered the second more demanding. It has the lowest spatial redundancy because of the texture 

present in the water. Moreover, almost the whole sequence presents a panning. 

 

!  Test Conditions 
After presenting the test sequences, it is important to specify the test conditions that will be used for the 

performance evaluation:  

1. Spatial and Temporal Resolutions: All the sequences are tested at QCIF 15Hz considering the 

characteristic of the potential application scenarios. 

2. Number of Frames per Sequence: All the tests make usage of all frames of each sequence. For the 

Foreman, Coastguard and Soccer, 150 frames are used. The Hall Monitor sequence uses 165 frames. 

3. GOP Sizes: GOP sizes of 2, 4, 8 and infinite are used in the tests. 

4. RD Points: The RD points to be evaluated are associated to eight different 8x8 quantization matrices, 

each one related to a quantization quality k (see Section 3.3.2 ); therefore, the considered qualities are 

k={ 10,20,30,40,50,60,70,80} . 

5. Bitrate and PSNR: As usual in the DVC literature, the RD points only evaluate the luminance 

component of the sequences. As it was explained in Chapter 3, the bitrate component associated to 

the syndrome encoded coefficients is expressed by the (Last,Run,Depth,Path) codewords entropy. 

  

!  Comparison Benchmarks 
As it was referred earlier in this chapter, the selection of the video codec benchmarks has to be made 

wisely since, for example, it is not fair to compare motion compensation predictive solutions with the DVC 

codecs because of the distinct complexity distribution present in these solutions having in mind that low 

complexity encoding is a major requirement. For that reason, the selected benchmarks use low encoding 

complexity tools. The video codecs selected for the performance evaluation are:  

1. H.263+ Intra: This is not the best Intra encoder that exists today but it is simpler than the most 

advanced solutions; for this reason, it is many times used for comparison with DVC architectures, 

notably in the initial PRISM papers. This solution does not exploit the temporal redundancy.  
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2. H.264/AVC Intra: The H.264/AVC Intra codec is more advanced than the previously described Intra 

coding solution; it presents the best intra coding performance that is known also without exploiting the 

temporal redundancy.  

3. H.264/AVC No Motion: This codec is capable of exploiting the temporal redundancy but without 

performing motion compensation, thus strongly limiting the encoding complexity. The temporal 

redundancy exploitation is made by using a GOP size equal or longer than 2.  

4. ALD-DVC: This is a very recent low delay DVC solution based on the alternative Stanford DVC 

approach developed by António Tomé in his IST Master Thesis. This is a very important benchmark as 

it allows a fair RD performance comparison of the developed PRISM based DVC solution with an 

alternative state-of-the-art DVC solution. 

In the following, the developed PRISM based DVC codec will be labelled as IST-PRISM. 

 

4.2  Block Coding Modes Study 
This first set of results corresponds to the statists of the block classification depending on the coded 

content since this is a major step, strongly impacting the final RD performance. The number of blocks in a 

specific correlation class is determined by the amount of temporal correlation existing in the video sequence. 

The block coding modes study is presented in the first place because it will provide a better comprehension of 

the following performance evaluation to be presented on the next sections. The block classification histograms 

are presented in Figures 4.2, 4.3, 4.4 and 4.5. It is important to note that the block percentage scale is 

logarithmic, allowing a better visualization of the classes with lower percentages. In these charts, only the 

blocks from the WZ frames are taken into account since these are the frames where correlation noise block 

classification happens. Please remind that Class 0 corresponds to the SKIP coding mode and Class 15 to 

Intra coding. 

 
Figure 4.2­ Block classification histogram for variable GOP size; Coastguard sequence, QCIF, 15Hz. 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Figure 4.3­ Block classification histogram for variable GOP size; Foreman sequence, QCIF, 15Hz. 

 

 

 

  

Figure 4.4­ Block classification histogram for variable GOP size; Hall Monitor sequence, QCIF, 15Hz. 

 

!"!#$

!"#$

#$

#!$

#!!$

!$ #$ %$ &$ '$ ($ )$ *$ +$ ,$ #!$ ##$ #%$ #&$ #'$ #($

!
"#
$%
&'
(
)&

*"+,,&

-#./0+1&

-./$012$ -./$+$ -./$'$ -./%$

!"!!#$

!"!#$

!"#$

#$

#!$

#!!$

!$ #$ %$ &$ '$ ($ )$ *$ +$ ,$ #!$ ##$ #%$ #&$ #'$ #($

!
"#
$%
&'
(
)&

*"+,,&

-+""&.#/01#2&

-./$012$ -./$+$ -./$'$ -./%$



  65 

  

Figure 4.5­ Block classification histogram for variable GOP size; Soccer sequence, QCIF, 15Hz. 

 

The first aspect to be noted in the previous figures is that the percentage of blocks from a specific class 

does not vary much with the change of the GOP size, for the same sequence. In this case, what is changed is 

the amount of classified blocks caused by the change of the number of WZ encoded frames with the change 

of the GOP size but perceptually not much changes in terms of block classification as could be expected since 

the histograms are very much related to the temporal correlation in the sequence which is similar 

independently of the number of frames where it is measured. 

The previously presented charts are very revealing regarding the DVC codec response to the variation of 

the temporal correlation in each sequence. The sequence presenting the lowest temporal correlation, the 

Soccer sequence, has a higher usage of the higher classes (associated to higher correlation noises) relatively 

to the other sequences, in this case approximately 20% of usage for classes above 2 against 6% for 

Coastguard, 10% for Foreman and 1% for the Hall Monitor sequence. It is also the sequence that makes the 

most usage of the intra encoded blocks (class 15) within the WZ encoded frames (almost 4%).  

On the other hand, the Hall Monitor sequence presents the highest temporal correlation characteristic 

which is highly perceptible with the observation of Figure 4.4: approximately 92% of the blocks in the WZ 

frames are skip encoded (class 0). The amount of blocks associated with higher classes is almost irrelevant, 

including the intra encoded blocks. The other two sequences have similar classification distributions, 

corresponding to sequences with intermediate temporal correlation. 

 

4.3  Rate-Distortion Performance Evaluation  
This section presents the always very important RD performance for the proposed DVC solution in relevant 

test conditions and in comparing with appropriate video coding benchmarks. 
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!  Rate Distortion Evaluation For Variable GOP Sizes 
First, RD performance curves are presented for each test sequence, using different GOP sizes. The 

measured RD performance curves are presented in Figures 4.6, 4.7, 4.8 and 4.9.  

 

 
Figure 4.6 – RD performance comparison; Coastguard sequence, QCIF, 15Hz, variable GOP sizes. 

 

 

 

Figure 4.7 ­ RD performance comparison; Foreman sequence, QCIF, 15Hz coded with variable GOP sizes. 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Figure 4.8 ­ RD performance comparison; Hall Monitor sequence, QCIF, 15Hz,variable GOP sizes. 

 

 

 
Figure 4.9 ­ RD performance comparison; Soccer sequence, QCIF, 15Hz, variable GOP sizes. 

 

As it can be observed in the figures above for the majority of the sequences, the increasing of the GOP 

size generates a reduction in the RD performance, namely for the case of the Coastguard, Foreman and 

Soccer sequences. This fact is generated by the difference in the quality of the key frames and WZ frames 

mainly associated to the degradation of the quality associated with skipped and error concealed blocks. At the 

encoder, the classification is performed based on the MSE between collocated blocks in the original current 

and previous frames: For example, a block that has been classified as skip at the encoder; sometimes would 

not be classified in that way if the encoder had access to the previously decoded frame; this effect/difference 

will be propagated to the side information candidates and consecutively to the future decoded frames. This 

situation along with the inclusion of the unsuccessfully decoded blocks (with error concealment) generates a 

cumulative degradation of the decoded frames that is more accentuated with the reduction of the temporal 

correlation. This fact can be observed in Figure 4.10 which shows the PSNR temporal evolution for the first 
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frames of the Foreman sequence with k=40 for GOP sizes of 8, 4 and 2. As it can be observed, the increase 

of the GOP size implies a reduction of the PSNR for the WZ frames because there is a higher propagation of 

the artefacts between the decoded and original frames. Comparing Figure 4.6 (Coastguard sequence), Figure 

4.7 (Foreman sequence) and Figure 4.9 (Soccer sequence), it is visible that the RD performance loss for the 

lower qualities, between the GOP 2 and GOP 4 curves, is approximately 0.7dB, 0.8dB and 1dB, respectively, 

meaning that the RD performance degradation is more accentuated for the sequences with lower temporal 

correlation, notably the Soccer sequence. 

 

 

 
Figure 4.10 ­ PSNR evolution for the Foreman sequence, QCIF, 15Hz, k=40, variable GOP sizes. 

 

 

On the other hand, the Hall Monitor sequence behaves exactly in the opposite way, with the curves 

associated with the infinite GOP size presenting the best RD performance. This sequence is characterized by 

its high temporal correlation; in these circumstances, the majority of the blocks are classified as skipped (92% 

in the WZ frames). The high number of skipped coded blocks in the WZ frames raises the compression 

efficiency, motivating a great reduction of the generated bitrate that is lost with the introduction of the intra 

encoded frames. In this sequence, the increase of the GOP size has also a positive impact in preventing the 

degradation of the WZ frames; this factor turns irrelevant when compared with the increase of the rate 

associated with the raising of the GOP size; this fact explains the higher performance for the infinite GOP size 

condition. The disadvantage of using an infinite GOP size is the fact that the consecutive degradation of the 

WZ frames does not allow to achieve high PSNR performance in higher qualities. 

 

 

 

!"#$%

!&%

!&#$%

!!%

!!#$%

!'%

(% "(% &(% !(% '(% $(% )(% *(% +(%

!
"
#
$
%&
'
(
)%

*+,-.%

*/+.-,0%1234%

,-./%01,+%

,-./%01,'%

,-./%01,&%



  69 

 

!  Rate Distortion Evaluation 
This section has the purpose to compare the RD performance of the developed DVC solution with the 

selected benchmarks. With that purpose in mind, the GOP sizes associated with the best RD performance for 

each sequence have been selected based on the results presented in the previous section. The Coastguard, 

Foreman and Soccer sequences were coded using GOP 2 and the Hall Monitor sequence with infinite GOP 

size. To have a better comparison for the Hall Monitor sequence, the RD points evaluated for the IST-PRISM 

codec with infinite GOP regard increased qualities, notably k={ 30,40,50,60,70,80,90,99} . The RD points 

obtained for the proposed DVC codec, IST-PRISM codec, are shown in detail in Table 4.1. The results are 

presented in Figures 4.11, 4.12, 4.13 and 4.14.  

 

 

Table 4.1 ­ IST­PRISM codec RD points. !

Coastguard Foreman Hall Monitor Soccer 
Rate[kbps] PSNR[dB] Rate[kbps] PSNR[dB] Rate[kbps] PSNR[dB] Rate[kbps] PSNR[dB] 
198.1514 25.431755 178.8092 26.652224 83.6843 29.413672 158.7492 27.667189 
301.1358 28.193007 264.9586 29.680113 93.174 30.579539 231.1551 30.917343 
382.6149 29.694259 331.2285 31.33568 100.5602 31.419633 293.0632 32.605347 
449.0677 30.749567 387.7027 32.522606 107.6986 32.068032 344.4748 33.694823 
514.017 31.610281 440.0427 33.419655 116.92 32.895934 395.7248 34.554701 

577.7544 32.450184 492.3845 34.28989 130.6045 33.790381 446.5431 35.372372 
665.8838 33.616171 564.2643 35.42133 151.3343 34.882589 513.8049 36.427585 
769.5203 35.212829 637.3956 36.922071 176.239 35.534975 581.5802 37.690324 

 

 

 

 

 
Figure 4.11 ­ RD performance comparison for the Coastguard sequence, QCIF, 15Hz. 

!"#

!$#

!%#

!&#

!'#

()#

(*#

(!#

((#

(+#

("#

($#

(%#

")# *")# !")# (")# +")# "")# $")# %")#

!
"
#
$
%&
'
(
)%

$*+,%&-./0)%

12*0+34*5'%

,-./01,-2#

34!$(5#,6789#

34!$+:;<=#,6789#

34!$+#>?8@#2@A@6#

;BC/C<=#



  70 

 

 

 
Figure 4.12 ­ RD performance comparison for the Foreman sequence, QCIF, 15Hz. 

 

 

 

 

 

Figure 4.13 ­ RD performance comparison for the Hall Monitor sequence, QCIF, 15Hz. 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Figure 4.14 ­ RD performance comparison for the Soccer sequence, QCIF, 15Hz. 

 

As it can be concluded from the figures above, the IST-PRISM codec only presents a better performance 

than the majority of the benchmarks for the Hall Monitor sequence which is in fact the sequence representing 

the type of content where DVC technology may have more success. As it was explained before, the usage of 

an infinite GOP size generates a consecutive degradation of the PSNR decoded quality which explains the 

low (average) maximum PSNR value of 35.5dB achieved when coding the sequence in the highest used rate 

in comparison with values of, approximately, 40dB achieved by H.264/AVC Intra, H.264 Zero Motion and 

ALD-DVC codecs. In these conditions, it is only possible to compare the highest qualities of the IST-PRISM 

codec with the lowest qualities of the benchmarks, for the Hall Monitor sequence with advantage for the IST-

PRISM codec. In that region, the IST-PRISM codec has a better RD performance than the intra codecs and 

the ALD-DVC codec; this is largely motivated by the capability of the IST-PRISM codec to classify the blocks 

as skip (class with high compression efficiency) by exploiting the collocated information in the previous 

original frame. The only presented video coding benchmark with a better performance than the IST-PRISM for 

the Hall monitor sequence is the H.264/AVC Zero Motion codec which presents gains of approximately 1.5 to 

2dB. The reason for this RD performance gain is the fact that the H.264/AVC Zero Motion codec has also the 

capability of exploiting the temporal redundancy with the collocated blocks in the previous original frame (this 

means also capable of skipped encoding); however, this codec also benefits from state-of-the-art intra coding 

tools of the H.264/AVC standard which have the highest intra coding compression efficiency. 

The RD performance losses presented for the other sequences, namely Coastguard, Foreman and Soccer 

sequences, prove that the IST-PRISM solution is not yet mature enough to compete against much more 

mature solutions, which have deserved years of research, notably for lower temporal correlated sequences. 

This is the level of maturity that could be reached in a 6 months Master Thesis which had to start from scratch 

in terms of software development and, many times, also in terms of technical specification since the available 

PRISM papers are vey vague in many aspects. The implemented DVC solution could largely benefit from the 

intra encoding capabilities of the H.264/AVC Intra codec which could boost the IST-PRISM RD performance, 

approximating or eventually surpassing some of the benchmarks’ performance. 
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Chapter 5 
 

 
Conclusions and Further Work 

This chapter has the objective to summarize the work presented along the Thesis, to highlight the main 

conclusions and to provide guidelines for the development of future work. 

 

5.1  Summary and Conclusions 
The first chapter has presented the new video coding paradigm introduced by the DVC foundational 

theorems, highlighting its advantages, namely low complexity encoding, and in-built robustness to errors 

achieved with the independent encoding of the correlated video sequences, in monoview or multiview video. 

This chapter also overviews the theoretical basis of DVC solutions, notably the Slepian-Wolf [1] and the 

Wyner-Ziv theorems [2]. Finally, the Thesis objectives and its structure are presented by summarizing the 

purpose of each chapter.  

Chapter 2 starts by proposing a taxonomy for the organization of the available DVC solutions. After, some 

of the most relevant PRISM based solutions are reviewed. In this way, it is possible for the reader to evaluate 

the relevant state-of-the-art, allowing a better understanding of the choices made by the author in the design 

and implementation of the developed DVC solution. The solutions presented include the initial PRISM solution 

which has been largely replicated in the implemented IST-PRISM codec as well as two other solutions: a 

scalable [13] and a multiview [15] PRISM based solution to provide a wider perspective of the capabilities of 

this type of DVC architecture. 

 Chapter 3 presents a detailed description of the IST-PRISM architecture proposed in this Thesis, 

describing also the interaction between the various modules. Next, the three main processing modules are 

described separately, notably the training, encoding and decoding processes, presenting the algorithms 

adopted for each module. In this chapter, it is possible to follow the technical decisions made by the author 

which are motivated and justified; whenever possible, the solutions follow the design and tools presented in 

[8]. For some of the modules, the lack of enough detailed information or the need to improve the codec 

performance have obligated the author to develop his own solutions, namely for the quantizer, motion search, 

syndrome coset decoder and additional bitplane encoder and decoder. 

Chapter 4 evaluates the IST-PRISM codec performance. With this purpose, first the test conditions are 

presented, namely the test sequences, temporal and spatial resolutions and the selection of the video coding 

benchmarks. Next, the test results have been presented and analysed in three parts: the first part studies the 
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block classification statistics; the second part presented the RD performance for the various sequences and 

GOP sizes; and finally the last part presented the RD performance for the best GOP size in comparison with 

the selected benchmarks.  

Compared to the Stanford based DVC architecture, the PRISM based DVC architecture has been much 

less researched in the last few years. Thus, it is only natural that at this time is much less mature, needing a 

greater effort to achieve the same performances. This Thesis has been one more of these efforts; however, 

with almost every coding module developed from scratch by the author, since there was no initial software 

implementation to start from and improve, and the limited time involved, the RD performance is still far from 

the benchmarks and much research work is needed. It is observed that the IST-PRISM codec only achieves 

better performance than the majority of the adopted benchmarks for the steadiest sequences, e.g. video 

surveillance like sequences. So, it may be concluded even with the limitation involving the implementation 

process the IST-PRISM codec is a good coding solution when the objective is to deal with high temporal 

correlation content and low encoding complexity is a critical requirement.  

 

5.2  Further Work 
The author is hoping that the developed solution will be revisited in the future and that better performances 

may be achieved by optimizing or even filling the available modules with more advanced tools. In this context, 

some research directions that may be followed in the future to enhance the IST-PRISM performance are 

presented here: 

# Enhanced Key Frame Coding: The first step taken by the author in an effort to enhance the overall 

codec performance would be to use a H.264/AVC Intra codec for the key frames since this is the most 

efficient solution available. If more recent intra coding tools, providing a better RD performance 

without excessive additional encoding complexity are used, the IST-PRISM RD performance will very 

likely improve. 

# Enhanced Intra Block Coding: The intra encoded blocks in the WZ frames will also benefit from 

using enhanced low complexity intra encoding tools, similarly to the previously described suggestion. 

This change would enhance the WZ frames coding performance. 

# Better Side Information: The side information candidates in the implemented solution are only 

extracted from the previously decoded frame. However, the side information candidates generation 

process can benefit from the exploitation of more than one past frame and provide better side 

information at the price of an increased decoding complexity.  

# Unquantized Side Information Candidates: To simplify the implementation of the syndrome coset 

decoder, the author had decided to quantize the DCT coefficients of the side information candidates. 

This method generates ambiguity in several situations, notably when selecting the decoded quantized 

codeword. This situation is generated because it is possible that there are two quantized codewords 

which are equally distanced from the side information candidate codeword. As explained in the 

description of the syndrome coset decoder, in this situation, the decoder chooses the word nearest to 

the lowest absolute value. If the side information was not quantized, it would be very unlikely to have 
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a side information unquantized codeword equally distanced from the two possible quantized 

codewords. This new approach could enhance the decoding process, and raise the RD performance.  

# Increasing the Number of Classes: The IST-PRISM codec used 16 classes as it was suggested in 

the literature. As the inter classes are only needed at the encoder it is wise to increase their value. 

This way it is possible to have a more precise bitrate allocation and achieve better RD performances. 

The main objective of the Thesis has been fulfilled and a new PRISM based DVC solution has been 

created. As mentioned before, the PRISM DVC approach has been less researched and does not seem to 

have reached its full potential. Although the Stanford based DVC solutions currently show better 

performances, it is not yet proven that they are definitively the best DVC architectures. Furthermore, it is 

possible that the full potential of both DVC approaches is related to different application requirements, and 

thus each DVC approach has its own successful set of application domains and conditions. The developed 

work opens the possibility of beginning a new research line in PRISM based DVC architectures that will 

hopefully lead to better performances in the future.  
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