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Abstract  

Distributed video coding (DVC) is a compression paradigm based on two key Information Theory 

obpriqp colj qeb 4-ÿp7 qeb Pibmf^k-Wolf and Wyner-Ziv theorems. Contrary to the available predictive 

video codecs, DVC codecs exploit the source statistics at the decoder, enabling applications with: i) 

flexible distribution of the computational complexity between encoder and decoder; ii) error 

robustness to channel losses; and iii) exploitation of Inter-view data dependencies at the decoder.  

To fully exploit the potential of the distributed video coding paradigm, practical coding schemes 

must use advanced side information frameworks and powerful error correcting codes with near-

capacity performance, to create a good estimation of the source and to reach a certain target quality 

with the minimum rate. 

In this Thesis, several techniques to improve the RD performance of DVC codecs are proposed and 

evaluated, notably, powerful techniques to create the side information: i) novel motion 

compensation frame interpolation techniques, based on the regularization of the motion field; ii) 

DCT hash creation techniques to encode and transmit auxiliary information to obtain more accurate 

SI estimations at the decoder; iii) Intra mode selection, coding and transmission to obtain SI quality 

improvements with a motion compensated quality enhancement solution. Furthermore, a Slepian-

Wolf codec based on the design of a new LDPC error-correcting code and a rate adaptive technique 

to adapt the LDPC code compression ratio to the varying statistics of the correlation noise is also 

proposed. 

Finally, a detailed performance evaluation of an advanced DVC encoder, the IST-DVC codec, which 

integrates many of the techniques proposed in this Thesis, is made. This evaluation shows that the 

IST-DVC codec has better RD performance when compared to the DISCOVER and VISNET II state-of-

the-art DVC codecs. 
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Resumo  

A codificação distribuída de vídeo (CDV) é um paradigma de compressão baseado em dois resultados 

da Teoria da Informação dos anos 70: os teoremas de Slepian-Wolf e Wyner-Ziv. Em relação aos 

codecs de vídeo preditivos, os codificadores CDV exploram a correlação no descodificador, 

permitindo desenvolver aplicações com: i) uma distribuição flexível da carga computacional entre o 

codificador e o descodificador; ii) elevada robustez a erros de canal; iii) capacidade para explorar as 

dependências entre as várias vistas de uma mesma cena no descodificador. 

Para explorar o potencial do paradigma de codificação de vídeo distribuído, são necessárias novas 

técnicas de codificação, nomeadamente técnicas avançadas de criação de informação lateral e 

poderosos códigos correctores de erros com um desempenho perto do limite de Shannon, de forma a 

criar uma boa estimativa da fonte e a alcançar uma dada qualidade com o menor débito possível. 

Esta tese propõe novas técnicas que visam melhorar o desempenho débito-distorção dos codecs 

CDV, nomeadamente: i) técnicas de compensação de movimento para interpolação de tramas com 

base na regularização dos vectores de movimento; ii) técnicas para codificar e transmitir informação 

auxiliar com vista a ajudar o descodificador na criação de melhores estimativas de informação 

lateral; iii) selecção, codificação e transmissão de blocos Intra e a sua utilização no descodificador 

com vista à melhoria da qualidade da informação lateral. Além disso, é proposto um novo 

codificador Slepian-Wolf com base no desenho de um novo código corrector de erros LDPC e de uma 

nova técnica de adaptação do poder corrector do código à correlação entre a fonte a informação 

lateral. 

Finalmente, é realizada uma avaliação detalhada do desempenho de um codificador CDV, o codec 

IST-DVC, que integra muitas das técnicas propostas nesta tese. Esta avaliação mostra que o codec 

IST-DVC tem melhor desempenho débito-distorção do que codecs DISCOVER e VISNET II, que 

representam o estado da arte na área dos codificadores CDV. 
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Chapter 1   

Introduction  

1.1  Context and Motivation  

Nowadays, audiovisual coding solutions are among the information technologies with wider 

deployment and use, e.g., watching and uploading video on popular video sharing sites, receiving an 

e-mail with some photos and making a voice call over the Internet. Despite their ubiquitous use, end 

users do not know much about these technologies; however, they know quite well some of the most 

popular devices and services that make extensive use of audiovisual coding technologies, e.g., digital 

cameras, digital television, DVDs, MP3 players and smartphones. 

The key objective of digital audiovisual coding technologies is to compress the original audiovisual 

information into the minimum number of bits for a certain decoded signal quality. Additionally, the 

target application, and associated environment, e.g., the network, also establish a set of 

requirements for the coding algorithms to comply with, e.g., minimum allowable quality, target bit-

rate, codec complexity, random access, and error resilience. Regarding video signals, the current 

coding paradigm is mostly based on the following mix of techniques: 

1. Motion-compensated temporal prediction between video frames to exploit the temporal 

redundancy. 

2. Transform coding, typically using the discrete cosine transform (DCT), to exploit the spatial 

redundancy. 

3. Quantization of the transform coefficients to exploit the characteristics of the human visual 

system and, thus, to exclude perceptually irrelevant information. 

4. Entropy coding to exploit the statistical redundancy of the created symbols. 

In this context, the current video coding paradigm consists of two important stages: first, motion 

estimation (ME) and motion compensation (MC) techniques exploit the temporal redundancy by 
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predicting each frame from neighboring frames and after, the spatial correlation is exploited by 

encoding the prediction error with transform and quantization techniques, followed by entropy 

coding; this type of coding architecture is known as hybrid (time and frequency) or predictive 

coding. 

The state of the art on predictive video coding is represented by the efficient H.264/AVC (advanced 

video coding) video coding standard [1], [2] which is being adopted for a wide range of applications 

from mobile videotelephony to digital television (both in standard and high definition) and Blu-ray 

discs [3]. The H.264/AVC standard has a coding efficiency of up to 50% compared to previous video 

coding standards [1], for a wide range of bit-rates and spatial/temporal resolutions. To provide 

coding solutions adapted to a wide range of applications, video coding standards define a set of 

profiles and levels [4], which constrain the very flexible coding syntax in appropriate ways to allow 

and facilitate successful deployment. Among all the techniques adopted in the H.264/AVC standard, 

the novel motion compensated prediction techniques are responsible from most of the compression 

gains, e.g., variable block size, multi -reference frames and generalized B-frames [5], when compared 

to previous standards. Further compression gains were obtained with adaptive entropy encoders 

such as the context-adaptive binary arithmetic coding (CABAC) entropy coder along with a novel 

de-blocking filter which reduces the visual artifacts, thus obtaining subjective quality 

improvements. Since H.264/AVC encoders are not normative, an adequate control of the H.264/AVC 

codec through efficient encoder techniques (e.g., by rate-distortion (RD) optimization) leads to 

improvements in RD performance while still guaranteeing the same compatibility with much 

simpler decoders. However, the compression gains rely on additional and significant encoder and 

decoder complexity. Compared to previous standards, the H.264/AVC decoder complexity is about 2 

times that of the MPEG-4 Visual simple profile (SP) while the encoder complexity increases more 

than a factor of 10 regarding the MPEG-4 Visual SP and the H.264/AVC Main profile [4]. Besides, the 

predictive coding architecture followed by H.264/AVC leads to an encoder complexity that can be 

10-100 times greater than the decoder complexity [5]; this suits well the down-link broadcast model 

with a few highly complex encoders and numerous simple (and cheaper) decoders, e.g., digital TV 

diffusion or video storage.  

However, with the recent wide deployment of wireless networks and the proliferation of mobile 

terminals with constrained computing power, a growing number of applications do not fi t well the 

typical down-link model but rather follow an up-link model in which many senders deliver data to a 

central receiver. Examples of these applications are wireless low power video surveillance, visual 

sensor networks, mobile video communications and deep-space applications. Typically, these 

emerging applications require light encoding or at least a flexible distribution of the video codec 

complexity, robustness to packet losses, high compression efficiency, and, often, low latency/delay 

as well. There is also a growing usage of multi-view video content, which means the data to be 

transmitted regards many (correlated) views of the same scene. In many cases, to keep the 

acquisition system simple, the associated cameras cannot communicate among themselves, 

preventing the usage of a predictive approach to exploit the Inter-view redundancy. 
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Around 2002, a new video coding paradigm known as distributed video coding (DVC) has emerged, 

inspired by two Information Theory results from the 70ÿs: the Slepian-Wolf [6] and the Wyner-Ziv [7] 

theorems, the foundations of distributed source coding (DSC). In DSC, one of the most relevant cases 

is the source coding of a source ὢ, while a correlated source ὣ, known as side information (SI), is 

available at the decoder only. For this case, Wyner and Ziv showed that, under certain conditions, 

there is no loss in coding efficiency for lossy coding, if the dependency between ὢ and ὣ is only 

exploited at the decoder regarding the case where joint encoding is performed, i.e., ὢ and ὣ are 

jointly available at the encoder and their correlation exploited. This interesting result opens the 

possibility to design a system where two statistically dependent signals are compressed in a 

distributed way (independent encoding and joint decoding) while still achieving the coding 

efficiency of predictive coding schemes (joint encoding and decoding). Thus, distributed video 

coding can bring new advantages, such as: 

× Low encoding complexity: To fulfill the low encoding complexity requirement, it is essential to 

have a coding configuration where the balance between the encoder and decoder complexity 

can be controlled, e.g., by performing all or part of the time consuming motion estimation task 

at the decoder. In such scenarios, DVC fits well, since it exploits the video statistics, partially 

or totally, at the decoder and not anymore at the encoder side, as in predictive video coding 

solutions, e.g., the MPEG-x and H.26x standards. Typically, this requirement means that a 

longer battery life can be obtained as well as cheaper and lighter encoders. 

× Robustness to channel losses: With DVC coding, an improved robustness to channel errors can 

be achieved by reducing the amount of þaofcqÿ (loss of coding synchronization) between 

encoder and decoder. On one hand, many DVC codecs encode each frame independently 

(Intra) and decode each frame conditionally (Inter), an advantage when compared to 

predictive video coding schemes, where the current frame is decoded without errors, only if 

the previous reference frames have been correctly received. On the other hand, DVC coding 

can complement a predictive video codec with additional information to avoid the 

catastrophic effect of error propagation. Interestingly, DVC can also provide a framework for 

novel joint source-coding solutions since a DVC decoder can simultaneously correct channel 

and SI errors. 

× Multi-view video coding: A DVC approach can also be used in a multi-view video coding (MVC) 

scenario where various views of the same scene are correlated. In a multi -view scenario, visual 

data must be efficiently compressed with techniques that exploit the Inter-view correlation 

between adjacent camera views and the Intra-view correlation within  each view, i.e., the 

temporal and spatial redundancy in successive images of each view. A multi-view DVC solution 

can empower the decoder to exploit the Inter-view correlation, without requiring the encoder 

to have the various views simultaneously available to exploit the Inter-view correlation. Thus, 

multi -view DVC encoders do not need to jointly process all views as predictive video encoders, 

avoiding the need of Inter-encoder communication. 
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× Open loop approach: In many scenarios, a DVC loop free approach can provide interesting 

benefits, for example the correlation between layers of a scalable codec can be exploited at the 

decoder side, leaving the encoder without some of the loops necessary to create the successive 

enhancements and predictions. With DVC coding, multiple descriptions of the same image or 

video can be exploited at the decoder side, mitigating the traditional þaofcqingÿ problem of 

traditional multiple description coding. Thus, robustness and increased performance can be 

obtained since these descriptions can be independently encoded, but jointly decoded to 

exploit the correlation between the received descriptions at the decoder.  

When a DVC coding solution is designed to exploit one (or some) of the above advantages, coding 

efficiency losses should be avoided when compared to the coding efficiency of the best available 

predictive video coding schemes; thus, the best H.264/AVC based solutions for high compression 

efficiency, increased error resilience, MVC, providing scalability or creating multiple descriptions 

should be used.  

1.2  Applications  

The DVC advantages previously mentioned can be useful for a large range of applications, many of 

which rely on underlying error prone networks to deliver the encoded data. Below, a list of 

application scenarios where DVC may bring relevant benefits is presented; these applications have 

been identified after reviewing the relevant literature [8-11]: 

1. Wireless low power video surveillance: One of the most important application scenarios for 

DVC is the wireless transmission of video surveillance data between cameras (sensors) and a 

few central decoding/storage system (see Figure 1ü1). Typically, several neighboring cameras 

sense partially overlapped areas to capture relevant events in real-time, providing detailed 

video (sensor) data over wireless links. Since DVC coding allows the development of low 

complexity encoders, several benefits can be obtained in multipoint to point video 

communication scenarios, such as video surveillance: i) lower size and cost for the video 

acquisition devices: when there are many encoders, any reduction has a significant overall 

impact in terms of cost/size; ii) lower encoding power consumption: when these terminals are 

resource constrained, longer battery life is achieved; iii) exploitation of the Inter-view 

correlation at the decoder: when overlapping areas are captured in multiple non-

communicating encoders, better coding efficiency is achieved; iv) improved error resilience: 

when channel errors corrupt the bit-stream, the DVC performance is not significantly 

degraded since (typically) no prediction error is sent. This application scenario is very 

important nowadays, since the number of surveillance devices has quickly grown in the past 

few years, e.g., for home security monitoring, traffic surveillance, etc. 
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Figure 1ð1: Examples of video surveillance devices : left  [12]  and right [13] . 

2. Multi -view video systems: 3D and free viewpoint video (FVV) are new media types allowing 

the user to have an experience far beyond what is currently offered by traditional 2D video 

systems. While 3D video offers realistic 3D impressions of dynamic real-world scenes, FVV 

allows the user to interactively control the viewpoint position of any scene, usually by 

decoding/generating new views [14]. The target applications for the multi-view technology 

include 3D cinema, 3D television broadcasting, video gaming, high volume visualization as well 

as some forms of video surveillance. In this scenario, multiple video cameras (or sensors) are 

used to simultaneously capture the several viewpoints (see Figure 1ü2), generating a huge 

amount of multi-view data that needs to be transmitted and stored. Distributed video coding 

allows to encode each view independently at each camera, exploiting Intra-view correlation at 

the encoder (if complexity constraints permit), leaving the Inter-view correlation to be 

exploited at a central node (with disparity compensation techniques); certainly, both Intra and 

Inter-view correlations can also be exploited at the decoder obtaining even simpler encoders. 

Thus, DVC can be advantageous, requiring less expensive cameras and avoiding the need of 

Inter-camera communication, which is especially important for large camera arrays such as 

the one depicted in Figure 1ü2. 

Figure 1ð2: Examples of multi -view systems: Panasonic AG -3DA1 3D camera [15]  (left) 

and experimental Stanford multi -camera array [16]  (right).  

3. Mobile video communications: With the deployment of 3G mobile systems and the emergence 

of 4G technologies, high quality video communications, such as video conferencing and video 

telephony, are now available to the user. By using distributed video encoders and predictive 
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decoders, it is possible to obtain low complexity at both encoder and decoder adopting the 

transcoding architecture depicted in Figure 1ü3. In this architecture, a mobile terminal 

captures and encodes the video stream and transmits the data to the fixed part of the network 

where the bulk of the system complexity is located. In the network infrastructure, the DVC 

stream is decoded and re-encoded using a standard (complex) MPEG encoder and the new 

stream sent to the receiving mobile terminal. In this case, both the initial encoder and the 

final decoder, which exist in complexity constrained devices, have lower complexity; since this 

scenario is also very demanding in terms of error resilience, it is also expected that DVC can 

bring additional performance benefits for this (wireless) error channel. 

Figure 1ð3: Transcoding architecture for mobile video communications.  

4. Visual sensor networks: A visual sensor network is a network of low-power camera nodes 

providing visual information from a monitored location and performing distributed and 

collaborative processing of the data obtained at each camera node [17]. The usage of multiple 

cameras allows the development of novel vision-based applications (e.g., smart monitoring 

and telepresence systems) and the enhancement of the captured events or decisions 

reliability . In this context, one of the main challenges is to efficiently transmit the large 

amount of video data produced by all cameras, taking into account an error prone network 

(typically wireless) and node resource constraints. Distributed video coding is an alternative 

way to tackle this challenge since it allows the sensor camera nodes to have simple encoders 

and to bring the complexity to a few central (decoding) nodes. This characteristic is quite 

important since visual sensor networks are also resource-constrained in terms of battery life 

(camera nodes), local node processing and bandwidth, demanding real-time operation, 

efficient data storage and node (camera) collaboration. 

5. Distributed video streaming: In distributed video streaming, a single receiver obtains the 

complete video stream in a distributed fashion from multiple senders. Using this approach, it 

is possible to obtain higher throughput, resilience to packet losses and reduced transmission 
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delay, which is especially important in best-effort packet-switch networks such as the 

Internet. In this context, one possible approach is to encode the video independently at each 

sender (without a precise knowledge of what other senders are doing) and to transmit the bit-

stream to the receiver; these multiple bit-streams can be understood as descriptions of the 

same source and can be combined at the receiver to obtain a certain quality level. Using 

multiple senders and routes, it is possible to avoid the catastrophic effect of congestion (i.e., 

high loss rate and delay) of a client-server streaming scenario (with just one bit-stream and 

route). This can be observed in Figure 1ü4, where client-server streaming and peer-to-peer 

streaming cooperate to bring the video data to multiple receivers.  

Figure 1ð4: Example of distributed video streaming to mobile user s. 

While independent multiple descriptions are difficult to efficiently implement with predictive 

video coding since multiple encoders and decoder must be all synchronized (or drift occurs), 

multiple DVC streams are naturally independent (DVC encoders are Intra frame encoders), 

and most of the correlation can be efficiently exploited at the decoder. 

6. Deep-space video communications: Deep-space and planet exploration missions use advanced 

communications infrastructures which are mainly characterized by error-prone links with 

limited bandwidth and highly complexity constrained acquisition devices [18]. In this scenario, 

the encoder complexity should be much lower than the decoder complexity since the encoder 

is located in the hostile space environment where scarce resources are available, while the 

decoder is on earth with plenty of computational resources. Thus, the low encoding 

complexity feature of distributed video codecs naturally fit s this scenario, since most of the 

correlation can be efficiently exploited at the decoder, saving the encoder computational 

resources. In addition, since deep-space links are mainly characterized by additive white 

Gaussian noise [18], further benefits can be obtained with a joint source-channel code design, 

i.e., the distributed source codes employed in DVC, must include the necessary amount of 

channel protection to guarantee the required quality for the video transmission.  

From the analysis of the application scenarios where distributed video coding has major impact, it is 

possible to conclude that the theoretical foundations established by D. Slepian and J.K. Wolf and A.D. 

Wyner and J. Ziv do show great potential to enhance the performance of existing applications (e.g., 

mobile video communications) and provide an interesting coding framework for novel emerging 
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applications (e.g., visual sensor networks). In [8], a more complete list of relevant applications for 

distributed video coding and their characterization is presented. 

1.3  Thesis Objective s 

For most of the application scenarios presented in the previous section, the compression efficiency 

of the DVC coding solution needs to be (at least) as high as the alternative video coding solutions 

that also provide low complexity encoding, notably H.264/AVC Intra or even H.264/AVC zero-

motion; in this last codec, motion compensation is restricted to the collocated block in one or more 

reference frames. Thus, a big challenge in DVC research is the improvement of the RD performance 

to outperform relevant alternative solutions, while maintaining the advantages in terms of 

complexity balance and error resilience.  

In this context, the main objective of this Thesis is the development of novel techniques to improve the RD 

performance of DVC coding, more precisely, to obtain a RD performance as close as possible to the predictive 

video coding schemes, i.e., to the state-of-the-art H.264/AVC video coding standard, for similar complexity 

requirements. Ideally, this objective should be obtained while maintaining the encoder complexity as 

low as possible, shifting most of the complexity to the decoder, and thus obtaining an interesting 

and novel complexity balance.  

One of the first practical DVC coding solutions has been developed at Stanford University [19] by a 

team led by B. Girod. This solution was adopted as the starting point of this Thesis since it is the 

most studied and high-performance DVC architecture available in the literature. The Stanford DVC 

architecture can be characterized by a decoder that creates the side information (for the distributed 

coded frames) based on some previously decoded frames, by the usage of advanced channel codes, 

such as turbo codes or low-density parity-check (LDPC) codes, and by a feedback channel based 

decoder rate control. This architecture has two flavors: pixel [19] and transform [20] domain, 

depending if a de-correlation transform, such as the DCT, is used. The implementation of the 

transform-domain Stanford DVC codec proposed in [20] was the first step of this Thesis. 

1.4  Summary of Original Contributions  

Distributed video coding has not yet reached the same level of compression efficiency when 

compared to the most recent video coding standards, such as H.264/AVC, mainly because the 

development of practical video coding schemes has only started in the past few years and it is not 

yet fully mature. In addition, to have efficient DVC codecs, it is necessary to develop novel 

techniques with improved performance, such as good Slepian-Wolf encoders (the corresponding 

distributed module of entropy encoding in predictive video codecs), high quality SI creation and 

accurate correlation noise modeling at the decoder side. It is well known that only by researching 

and advancing these fundamental components, it will be possible to obtain better RD performance 

in a practical and competitive DVC solution that may confirm the potential of the theoretical 
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foundations. Thus, to fulfi ll the Thesis objectives, several original contributions to the DVC field 

have been made, notably several novel techniques to improve the RD performance of the Stanford 

DVC codec.  

The research work described in this Thesis can be organized in two areas: 

1. Decoder driven techniques: Techniques exploiting the source statistics at the decoder without 

any help from the encoder. The two modules studied have a major impact on the RD 

performance of a DVC codec:  

A. Side information creation: With more accurate SI estimation, fewer Wyner-Ziv bits are sent 

by the encoder to achieve a certain target decoded quality. 

B. Slepian-Wolf coding: The use of powerful channel codes, such as the LDPC codes, can help 

to achieve a high compression efficiency, notably to reach the minimum rate (ideally 

close to the Slepian-Wolf limit) necessary to correct the side information errors.  

2. Encoder driven techniques: Techniques partially exploiting the source statistics at the 

encoder, to help the decoder to perform better decisions and to achieve an improved RD 

performance. This approach requires efficient, but yet simple, encoder mechanisms to enable 

the more complex mechanisms (e.g., motion estimation) at the decoder side. Each mechanism 

added shall not significantly increase the encoder complexity, i.e., full search motion 

estimation and complex mode decisions are forbidden. 

The techniques proposed and developed in this Thesis can bring significant advances in terms of 

coding efficiency with a small penalty in terms of encoder complexity. Considering the Thesis 

objectives, it is presented next a more detailed description of the original contributions of the 

Thesis, organized into five chapters (the remaining chapters regard the introduction, state of the art 

review and conclusions): 

1. Side information creation with frame interpolation techniques (Chapter 3): The RD 

performance of a DVC scheme is highly dependent on the SI frame quality since the source is 

Slepian-Wolf decoded given the estimated side information. The focus of this work was the 

improvement of the DVC RD performance by using advanced frame interpolation techniques 

to generate the side information. More precisely, the following novel contributions were 

made: 

A. Novel motion compensated frame interpolation (MCFI) techniques: Side information generation 

techniques, which recreate a motion field just based on temporally adjacent decoded 

frames, are proposed and evaluated [21-25]. The novel techniques work at the block level, 

as in predictive video coding, and capture a piecewise smooth motion field, i.e., a motion 

field capturing simultaneously the local motion caused by moving objects, and the global 

motion of the scene. 
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B. Novel adaptive group of pictures (GOP) size control: This technique proposes the use of varying 

GOP sizes instead of the classical GOPs with a fixed number of pictures [23]. When the 

temporal coding structure is dynamically adapted through the control of the GOP size, 

higher quality SI is generated through MCFI which leads to an improved overall RD 

performance. 

The publications related to the SI creation approach proposed in this Thesis are: 

ü G+ >p`bkpl ^ka C+ Mbobfo^) ā>as^k`ba pfab fkcloj^qflk creation techniques and framework for Wyner-Ziv video 

`lafkd)Ă Glrok^i lc Sfpr^i @ljjrkf`^qflk ^ka Fj^db Obmobpbkq^qflk) Pmb`f^i Fpprb Obplro`b-Aware Adaptive 

Video Streaming, vol. 19, no. 8, pp. 600-613, December 2008. 

ü J. Ascenso, C. Brites, and F. Pereir^) ā@lkqbkq ^a^mqfsb Tvkbo-Wfs sfabl `lafkd aofsbk _v jlqflk ^`qfsfqv)Ă FBBB 

International Conference on Image Processing, Atlanta, GA, USA, October 2006. 

ü G+ >p`bkpl) @+ ?ofqbp) ^ka C+ Mbobfo^) āFjmolsfkd co^jb fkqbomli^qflk tfqe pm^qf^i jlqflk pjllqefkd cor pixel domain 

afpqof_rqba sfabl `lafkd)Ă 2qe BRO>PFM @lkcbobk`b lk Pmbb`e ^ka Fj^db Mol`bppfkd) Jriqfjbaf^ @ljjrkf`^qflkp 

and Services, Smolenice, Slovak Republic, July 2005. 

ü G+ >p`bkpl ^ka C+ Mbobfo^) āEfbo^o`ef`^i jlqflk bpqfj^qflk clo pfab fkcloj^qflk creation in Wyner-Ziv video 

`lafkd)Ă Qeb 2nd International Conference on Ubiquitous Information Management and Communication, Suwon, 

Korea, January 2008. 

2. Side information estimation with encoder hash-based hints (Chapter 4): In this work it is 

proposed the estimation of the side information by the decoder, at the block level, with the 

help of signatures or hashes previously transmitted by the encoder. The encoder task is to 

calculate, compress and transmit the hash for some blocks; the decoder uses this information 

to select for each side information block the best match from a set of candidate blocks, usually 

obtained from already decoded frames. The novel contributions of this work are related to the 

construction of the hash information as low frequency DCT bands and a SI creation approach 

that combines the hash-based motion estimation with MCFI [26]. 

The publication related to the hash-based SI creation approach proposed in this Thesis is: 

ü G+ >p`bkpl ^ka C+ Mbobfo^) ā>a^mqfsb e^pe-based side information exploitation for efficient Wyner-Ziv video 

`lafkd)Ă FBBB Fkqbok^qflk^i @lkcbobk`b lk Fj^db Mol`bpsing, San Antonio, TX, USA, September 2007. 

3. Side information enhancement with adaptive Intra mode decision (Chapter 5): To achieve a 

better RD performance, some Wyner-Ziv (WZ) frame blocks can be encoded as Intra in order to 

bring additional information for the decoder to exploit. This idea comes from the observation 

that, for some parts or regions of the WZ frame, it is difficult to obtain a good SI quality with 

frame interpolation techniques. The proposed approach is to send these parts Intra coded, by 

selecting the coding mode of each block, allowing a spatial adaptation to the content. The 

novel contributions consist in two Intra mode decision algorithms (at the encoder) and a novel 

motion compensated quality enhancement technique to improve the Intra blocks quality at 

the decoder [27-30].  

The publications related to the Intra block decision/enhancement approach proposed in this 

Thesis are:  
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ü G+ >p`bkpl) @+ ?ofqbp) ^ka C+ Mbobfo^) ā> cibuf_ib pfab fkcloj^qflk dbkbo^qflk co^jbtloh clo afpqof_rqba sfabl 

`lafkd)Ă Jriqfjbaf^ Qllip ^ka >mmif`^qflkp) Special Issue on Distributed Video Coding, vol. 48, no. 3, pp. 381-409, 

Jul. 2010. 

ü G+ >p`bkpl ^ka C+ Mbobfo^) āIlt `ljmibufqv Ikqo^ jlab pbib`qflk clo bccf`fbkq afpqof_rqba sfabl `lafkd)Ă FBBB 

International Conference on Multimedia and Expo, New York City, USA, Jul. 2009. 

4. Slepian-Wolf coding with novel low-density parity-check codes (Chapter 6): Since Slepianü

Wolf coding is the core of a DVC codec, it assumes a central role in terms of RD performance 

and codec complexity budget. The focus of this work was the improvement of the Slepian-Wolf 

codec with the following contributions: 

A. Novel low-density parity-check code: An LDPC based DVC system with the capability to 

extract a high number of codes at fine granular compression ratios and low encoding 

complexity was proposed. The proposed LDPC codec [31] has a high compression 

efficiency (close to the Slepian-Wolf limit) across a wide range of compression ratios in 

order to cope with the varying statistics of the virtual correlation channel between the 

side information and the original WZ frame.  

B. Novel Stopping criterion for a Slepian-Wolf DVC decoder: In a Slepian-Wolf LDPC decoder, the 

popular log-domain sum-product algorithm (SPA) is often used to decode the LDPC 

syndrome codes. The SPA iterative decoding algorithm was improved with an efficient 

stopping criterion [32] which can detect un-decodable sources as early as possible; thus, 

the decoding complexity and delay are significantly reduced when not enough syndrome 

information is sent by the encoder in the request-based (Stanford) DVC codec 

architecture. 

The publications related to the LDPC Slepian-Wolf codec proposed in this Thesis are: 

ü G+ >p`bkpl) @+ ?ofqbp) ^ka C+ Mbobfo^) āAbpfdk ^ka mbocloj^k`b lc ^ klsbi ilt-density parity-check code for 

afpqof_rqba sfabl `lafkd)Ă FBBB Fkqbok^qflk^i @lkcbobk`b lk Fj^db Molcessing, San Diego, CA, USA, October. 2008. 

ü J. >p`bkpl ^ka C+ Mbobfo^) ā@ljmibufqv bccf`fbkq pqlmmfkd `ofqboflk clo IAM@ _^pba afpqof_rqba sfabl `lafkd)Ă 2qe 

International Mobile Multimedia Communications Conference, London, United Kingdom, September. 2009. 

5. Evaluating the IST distributed video codec (Chapter 7): To obtain a more precise 

understanding of the advances made in terms of RD performance, a detailed performance 

evaluation of an advanced transform domain DVC encoder, the IST-DVC codec, that enhances 

and adds new modules to the original Stanford DVC codec architecture [9] is presented. The 

DVC codec proposed for this evaluation results from an intense integration effort that collects 

the best available techniques that are proposed in this Thesis and also meanwhile published in 

the literature. In addition, the following techniques that were co-developed with other 

authors are presented: 

A. Novel SI refinement approach: To further improve the RD performance of a DVC codec, the 

side information can be continuously enhanced as WZ bits are received, based on (early) 

preliminary versions of the decoded WZ frame. Thus, the decoder can refine its motion 

trajectories and create side information with better quality for the data (DCT bands or 



INTROD UCT ION 

 12 

pixels) not yet decoded, obtaining bit-rate and quality improvements. Such solution was 

initially proposed for the pixel-domain DVC codec [33] and extended in a joint work with 

Martins [34], [35] for the transform domain DVC codec. 

B. Novel de-blocking filter: A de-blocking filter can reduce the blocking artifacts appearing in a 

predictive DCT video codec by smoothing the discontinuities (edges) that appear at block 

boundaries due to the motion compensation and DCT coefficients quantization. Based on 

the H.264/AVC de-blocking filter, a novel adaptive de-blocking filter for DVC coding has 

been proposed (in a joint work with Martins) to improve the objective and subjective 

video qualities [36]. 

The publications related to the SI refinement and de-blocking filter techniques proposed in 

this Thesis are: 

ü O+ J^oqfkp) @+ ?ofqbp) G+ >p`bkpl) ^ka C+ Mbobfo^) āObcfkfkd pfab fkcloj^qflk for improved transform domain Wyner-

Wfs sfabl `lafkd)Ă FBBB Qo^kp^`qflkp lk @fo`rfqp ^ka Pvpqbjp clo Sfabl Qb`eklildv) sli+ .6) kl+ 6) mm+ .0/4-1341, 

September 2009. 

ü O+ J^oqfkp) @+ ?ofqbp) G+ >p`bkpl) ^ka C+ Mbobfo^) āAdaptive deblocking filter for transform domain Wyner-Ziv video 

`lafkd)Ă FBQ Fj^db Mol`bppfkd) Pmb`f^i Fpprb lk Afpqof_rqba Sfabl @lafkd) sli+ 0) kl+ 3) mm+ 0.2-328, December 2009. 

6. DVC compression efficiency model (Annex A): A theoretical analysis of the performance of a 

DVC codec when the side information is generated by motion compensated interpolation is 

presented in Annex A [37]. The main objective was the design of a compression efficiency 

model to provide guidance on the development of novel frame interpolation side information 

estimators, such as those proposed in Chapter 3. 

The publication related to the DVC efficiency model proposed in this Thesis is: 

ü G+ >p`bkpl) @+ ?ofqbp) ^ka C+ Mbobfo^) ā@ljmobppflk bccf`fbk`v ^k^ivpfp lc Tvkbo-Ziv video coding with motion 

`ljmbkp^qba pfab fkcloj^qflk fkqbomli^qflk)Ă P^k Glpb) @^ifclokf^) RP>) G^kr^ry 2010. 

Besides the original contributions presented in this Thesis, the author has worked on other 

distributed video codecs and proposed techniques, often in collaboration with other video coding 

teams and in context of VISNET and DISCOVER European projects, that are not described here:  

× Hybrid DVC codec: Contributions to the hybrid DVC codec [38] with serially concatenated 

accumulate codes, an effort made in collaboration with Mitsubishi electric research labs 

(MERL), Cambridge, USA. 

× DISCOVER DVC codec: Contributions to the state-of-the-art DISCOVER DVC codec [39], which is 

considered one of the best in terms of RD performance and low encoder complexity. 

× VISNET DVC codecs: Contributions to the initial VISNET I DVC codec [40], notably to the 

needed correlation noise model [41-43] and spatial redundancy exploitation [44]. Later, the 

much improved VISNET II DVC codec, also includes work from this Thesis [45]. 

× Other contributions: Contributions in error resilience [46], rate control [47], [48], stereo DVC 

coding [49] and multiple side information generation [50]. 
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Another subject of work was a detailed, clear and complete performance evaluation of the 

transform-domain DVC codec based on the Stanford architecture [51]; additional studies were done 

to understand the feedback channel impact on the video codec architecture [52], [53] and the RD 

performance impact of longer GOP sizes [54]. In [55], the two most popular DVC coding solutions are 

described and some important developments reviewed and compared. The recent findings in 

distributed video coding were also presented in two book chapters [56], [57].  

Finally, for each of the Thesis original contributions above, qeb þ_bpqÿ plirqflk fk qboms of RD 

performance was always selected. Thus, early (and not as efficient) solutions for the frame 

interpolation framework [22], motion refinement [33], Intra mode selection [29], [30] and the IST-

DVC codec [51] are not described here, although that preliminary work was published in 

conferences and journals. 

1.5  Thesis Outline  

This Thesis deals with the improvement of the RD performance of a DVC codec. It starts with 

Chapter 1 featuring a brief introduction, where the context, the applications, the Thesis objectives 

and a summary of the original contributions are presented. In Chapter 2, the foundations of 

distributed source coding and distributed video coding are presented, the early DVC coding 

architectures are described and the DVC state of the art is reviewed. Then, in Chapters 3 to 5, novel 

side information creation techniques with the corresponding encoder decision modules (if 

necessary) are proposed. In Chapter 6, the essential Slepian-Wolf codec is addressed by proposing a 

novel LDC code and the corresponding encoding and decoding algorithms. In Chapter 7, the 

integrated IST-DVC codec is proposed along with an exhaustive and precise evaluation of its RD 

performance and encoder/decoder complexities. Finally, Chapter 8 closes this Thesis with a 

summary of the achievements and some future directions. In Annex A, a theoretical compression 

efficiency model for a frame interpolation based DVC codec, useful for the design of the techniques 

proposed in Chapter 3, is presented. 





 

 

Chapter 2   

Distributed Video Coding: a Survey 

2.1  Introduction  

Since the early days, novel video coding techniques have brought significant advances in the rate-

distortion performance of predictive video codecs along with a significant increase in the encoder 

computational complexity. These advances mainly benefit the so-called downlink applications, 

where few encoders feed numerous decoders (e.g., digital TV broadcasting). On the other hand, 

video codecs with a more flexible partition of the computational complexity between encoder and 

decoder are necessary for applications with limited computational power and memory, such as 

those described in Section 1.2. Ideally, these applications would benefit from a novel video coding 

paradigm that enables the development of low complexity encoders with good error robustness and, 

ideally, with the same coding efficiency as the best predictive coding schemes available. For 

example, if the highly complex motion prediction search is moved to the decoder (without a 

significant coding efficiency reduction), an inverted complexity balance can be achieved, where the 

encoder complexity is lower than the decoder complexity. Such coding solution brings an important 

additional advantage, this means the ability to be robust to wireless channel (bit) errors as well as to 

gracefully handle packet losses without a disastrous impact in the video quality. 

Around 2002, a new video coding paradigm known as distributed video coding (DVC) has emerged 

inspired by two Information Theory results from the 1970s: the Slepian-Wolf theorem [6], and the 

Wyner-Ziv theorem [7]. These two results establish the foundations of DSC and open the door for 

novel video codecs where the statistics are exploited, partially or totally, at the decoder and not 

mainly at the encoder side, as in traditional video coding solutions, e.g., the MPEG-x and H.26x 

standards. To fulfill the DVC promises, the first practical DVC codecs have been developed at the 

Stanford University [19] and University of California (UC) Berkeley [58]. In this chapter, these early 

research initiatives are presented, followed by the next most important developments that have 
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been produced in DVC and the most relevant distributed coding frameworks designed to fulfill other 

requirements, e.g., enhancing the error robustness of predictive video codecs. Due to the scope of 

this Thesis, this chapter only addresses mono-view video coding techniques and architectures; 

however, DSC principles have been successfully applied to other fields, such as MVC [59-61] or even 

authentication [62] and biometrics [63].  

This chapter is organized as follows: Section 2.2 briefly reviews the basic concepts and theorems 

underpinning DVC. Next, Section 2.3 presents the first distributed video codecs developed, while 

Section 2.4 reviews some of the most relevant developments after the early DVC codecs, especially 

those targeting RD performance improvements. In Section 2.5, DVC codecs which add important 

features (e.g., scalability or encoder rate control) to well known early DVC codecs or that enhance 

predictive codecs (e.g., with robust video transmission) are described. Finally, in Section 2.6, some 

concluding remarks are drawn. 

2.2  Foundations of Dist ributed Source Coding  

The foundations of distributed source coding can be found in the seminal works associated to the 

Slepian-Wolf [6] and Wyner-Ziv [7] theorems. The main DSC concepts are briefly reviewed here 

since they establish the common ground for the DVC research work. For more details, the readers 

are referred to [64], [65], [9]. 

2.2.1  Slepian -Wolf Coding  

Consider that ὢ and ὣ are two statistically dependent discrete memoryless sources to be losslessly 

encoded. If the encoder of ὢ and the encoder of ὣ can communicate, the minimum rate necessary to 

jointly encode ὢ and ὣ is given by Ὄὢȟὣ. In 1973, Slepian and Wolf have established a theorem 

addressing the case where ὢ and ὣ are independently encoded, and thus not jointly encoded as in 

the predictive coding paradigm, but are jointly decoded. The SlepianüWolf theorem states that the 

minimum rate to encode the two (correlated) sources is the same as the minimum rate for joint 

encoding, with a vanishing error probability for long sequences, provided that their correlation is 

known at the encoder and decoder. This theorem is an important foundation for new coding 

solutions where, at least in theory, separate encoding and joint decoding does not induce any 

compression efficiency loss when compared to the joint encoding and decoding approach used in 

the traditional predictive coding paradigm. Thus, the achievable rate bounds can be defined by: 

Ὑ Ὄὢȿὣ, 

(2.1) Ὑ Ὄὣȿὢ , 

Ὑ Ὑ Ὄὢȟὣ, 
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where Ὄὢȿὣ and Ὄὣȿὢ  correspond to the conditional entropies between the two sources. This 

corresponds to the area identified in Figure 2ü1. The bounds defined in (2.1) establish that the 

minimum coding rate is the same as for joint encoding, (i.e., the joint entropy), provided that the 

individual rates for both sources are higher than the corresponding conditional entropies. 

Figure 2ð1: Rate bounds defined by the Slepian -Wolf theorem for independent encoding 

and joint decoding of two correlated binary sources.  

SlepianüWolf coding is the term generally used to characterize lossless coding architectures that 

follow this independent encoding ü jointly decoding approach. SlepianüWolf coding is also referred 

in the literature as lossless distributed source coding since it considers that the two statistically 

dependent sources are perfectly reconstructed at a joint decoder (neglecting the arbitrarily small 

probability of decoding error), thus approaching the lossless case. One particular case of the 

Slepian-Wolf theorem corresponds to the case where ὣ is available at the decoder and has been 

independently coded (with Ὑ Ὄὣ) and it is used as side information (SI) to decode ὢ (with 

Ὑ Ὄὢȿὣ); this case corresponds to the corner points of the Slepian-Wolf rate bounds (points A 

and B in Figure 2ü1). 

The Slepian-Wolf theorem established the rate boundaries in (2.1) with techniques that are non-

constructive, i.e., without defining the practical coding schemes able to achieve the promising 

limits. In 1974, Wyner suggested the use of linear binary block codes for the Slepian-Wolf problem 

and has shown that a deep relationship exists between Slepian-Wolf and channel coding [66], 

although it is possible to perform SlepianüWolf coding in other ways, for example using source 

codes [67]. Since ὢ is correlated with the side information ὣ, it can be considered that a virtual 

þdependence channelÿ exists between the sources ὢ and ὣ. In this context, the SI ὣ is regarded as a 

þnoisyÿ or þerroneousÿ version of the original uncorrupted source ὢ and the þerrorsÿ between ὢ and ὣ 

can be corrected by applying a channel coding technique to encode ὢ, which will be conditionally 

(jointly) decoded using the SI ὣ. Recent advances in channel-capacity codes such as block codes [68], 

turbo codes [69], [70] and LDPC codes [71] can approach the corner points of the Slepian-Wolf 

region. Typically, channel coding tools play a main role in the novel distributed source coding 

paradigm. 

 
H(X)

H(Y |X)

RX+RY=H(X,Y)

H(Y)

H(X |Y)

[bits]

RY

[bits]RX

Independent encoding and 

decoding: no errors

Distributed encoding and joint 

decoding: vanishing error probability

A

B
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2.2.2  Wyner-Ziv Coding  

In 1976, Wyner and Ziv studied a particular case of distributed source coding that deals with the 

lossy compression of source ὢ, while the side information ὣ, is perfectly known to the decoder only. 

This case is well known as asymmetric coding since ὣ is independently encoded and decoded, while ὢ 

is independently encoded but conditionally decoded. Wyner and Ziv have shown that for lossy 

coding, there is, in the general case, a rate loss incurred when the side information is not available 

at the encoder. More precisely, they have established the rate-distortion (RD) function Ὑȿ
ᶻ Ὀ  

when the side information is available at the decoder only, for a given distortion Ὀ; in general, 

Ὑȿ Ὀ Ὑȿ
ᶻ Ὀ Ὑ Ὀ , where Ὑȿ Ὀ  is the RD function when ὣ is available both at the 

decoder and encoder. However, they also derived the so-called WynerüZiv theorem [7], which states 

that when performing independent encoding with side information under certain conditions ý that 

is, when ὢ and ὣ are jointly Gaussian, memoryless sources and a mean-squared error distortion 

measure is considered ý there is no coding efficiency loss (i.e., Ὑȿ
ᶻ Ὀ Ὑȿ Ὀ ) with respect to 

the case where joint encoding is performed, even if the coding process is lossy (and not þlosslessÿ) 

anymore as in SlepianüWolf coding. For general statistics and a mean-squared error-distortion 

measure, Zamir also proved that the rate loss is less than 0.5 bit/sample [72]. Later, it was shown 

that only the innovation, this means the ὢ  ὣ difference needs to be Gaussian [73] for no rate loss, 

which means that ὢ and ὣ can follow any arbitrary distribution.  

When Wyner-Ziv coding is put into practice, a quantizer (source code) is coupled with a Slepian-

Wolf encoder (channel code) as shown in Figure 2ü2; thus, Wyner-Ziv coding can be interpreted as a 

joint source-channel coding solution [65]. So, the first step is to quantize the source into bins 

(quantization indexes) which are then losslessly encoded with a Slepian-Wolf encoder. At the 

decoder, the corresponding Slepian-Wolf decoder recovers the quantization index with the available 

side information which is followed by a minimum distortion reconstruction (following the 

minimization shown in Figure 2ü2) to obtain the best approximation of the source. 

 

Figure 2ð2: Practical Wyner -Ziv coding for general sourc es. 

Practical implementations of Wyner-Ziv coding (for general sources) have been proposed first for 

Gaussian sources, based on scalar quantizers and block (trellis-based) codes, by Pradhan and 

Ramchandran in [68]; then, Servetto and Liu et al. used nested lattice vector quantizers in [74] and 
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[75], respectively. Wang and Orchard have also proposed in [76] an embedded trellis code quantizer 

to show some improvements over the results in [68]. Finally, Yang and Zhao implemented a Wyner-

Ziv encoder as a trellis-coded quantizer followed by a LDPC channel coder in [77] with a 

performance close to the Wyner-Ziv limits. 

2.2.3  From Distributed Source Coding to Distributed Video Coding  

Together, the SlepianüWolf and the WynerüZiv theorems open the possibility to design a coding 

system where two statistically dependent signals are compressed in a distributed way (separate 

encoding, joint decoding) while still achieving the compression efficiency of conventional predictive 

coding schemes (joint encoding and decoding). Based on these theorems, the distributed video 

coding paradigm has emerged, which provides relevant benefits for a large range of emerging 

application scenarios such as wireless low-power video surveillance, MVC systems, mobile video 

communication, visual sensor networks, distributed video streaming and deep-space video 

communications (see Section 1.2 or [8]). While this chapter will concentrate on mono-view video 

coding, multi-view video coding using a DVC approach is also a very hot research topic; check [78] 

for a review on this subject.  

Practical design of distributed video codecs started around 2002, following important advances in 

channel coding technology, especially error-correction codes with a capacity close to the Shannon 

limit,  for example, turbo and LDPC codes. While theory suggests that DVC solutions may be as 

efficient as joint encoding solutions, practical developments did not yet achieve that performance 

for all types of content, especially if low-complexity encoding is also targeted. This performance gap 

between DVC codecs and predictive video coding is caused by several factors. For example, while the 

theory assumes that the encoder and decoder knows the statistical correlation between the two 

sources, ὢ and ὣ, and that the innovation ὢ - ὣ is Gaussian, in practical conditions this is often not 

the case and, thus, the absence of the side information at the encoder can cause some performance 

loss. Other critical points that can be identified are associated to the inefficiency of the quantizer 

and channel codes used in the distributed video codec and the inefficiency of the techniques to 

generate the side information ὣ at the decoder. In this Thesis, some of these challenges are tackled 

and promising solutions are proposed and evaluated, namely SI extraction techniques at the 

decoder and novel Slepian-Wolf coding solutions based on advanced channel codes such as the 

capacity-approaching LDPC codes. Naturally, some of these techniques may have to slightly increase 

the encoder complexity in order to increase the compression efficiency and reach the limits set by 

the theory. This is the most relevant DVC research challenge being faced today. 

2.3  The Early Distributed Video Coding Architectures  

The first  practical distributed video coding solutions emerged around 2002, notably from the 

Stanford University [9], [19], [20] and the UC Berkeley [58], [79]. The Stanford DVC coding solution is 

mainly characterized by frame-based SlepianüWolf coding, typically using turbo codes, and a 
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feedback channel to perform rate control at the decoder. The Berkeley DVC coding solution, known 

as power-efficient, robust, high compression syndrome based multimedia coding (PRISM), is mainly 

characterized by block-based syndrome coding and decoder ME with cyclic redundancy check (CRC) 

bits to identify the correct side information. This section presents and compares from the functional 

point of view these two DVC coding architectures due to their popularity in the research community 

and their  major technical evolution in recent years. 

2.3.1  Feedback Channel Turbo -based DVC Codec  

The Stanford DVC coding architecture was first proposed in 2002 by a team lead by Prof. Bernd 

Girod, for the pixel domain [19] and later extended to the transform domain [9], [20]. In this later 

approach, transform coefficients are DVC encoded to exploit the spatial redundancy with a rather 

small additional encoder complexity. The architecture of the transform domain Stanford DVC codec 

[20], as shown in Figure 2ü3, has two main characteristics: 1) the use of powerful turbo codes to 

perform Slepian-Wolf coding over the entire frame, and 2) the availability of a feedback channel to 

perform decoder rate control. 

Figure 2ð3: Stanford transform domain DVC codec architecture [20] . 

In summary, the Stanford DVC encoder works as follows:  

1. Frame classification: The video sequence is divided into WZ frames and key frames, 

corresponding to the ὢ and ὣ sources mentioned in Section 2.2; the key frames are 

periodically inserted, determining the GOP size. The key frames are Intra encoded, this means 

without exploiting temporal redundancy, notably without performing any motion estimation, 

for example using the H.263+ Intra or H.264/AVC Intra standards. The WZ frames are encoded 

as follows.  
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2. DCT transform: A DCT block-based transform is applied to the blocks of each WZ frame. The 

DCT coefficients of the entire WZ frame are then grouped together, according to the position 

occupied by each DCT coefficient within a block, forming DCT coefficient bands. 

3. Quantization: Each DCT band is uniformly quantized with a number of levels that depend on 

the target quality [20]. For a given band, bits of the quantized symbols are grouped together, 

forming bit-planes, which are then independently turbo encoded.  

4. Turbo encoding: The turbo encoding of each DCT band starts with the most significant bit -

plane (MSB). The parity information generated for each bit-plane is then stored in the buffer 

and sent in chunks upon decoder requests, made through the feedback channel. The bit-

stream produced by this encoder is inherently scalable in quality (signal to noise ratio (SNR)), 

since it is possible to stop the decoding process at any band/bit-plane, reaching a decoded 

quality which is proportional to the amount of successfully decoded bit-planes. 

On the other hand, the corresponding Stanford DVC decoder works as follows: 

1. Side information creation: The decoder creates SI for each WZ frame by performing a motion-

compensated frame interpolation (or extrapolation) process using the closest already decoded 

frames. The side information for each WZ frame is understood as an estimate (noisy version) 

of the original WZ frame. The better is the quality of the estimation, the smaller is the number 

of þerrorsÿ the turbo decoder has to correct and, thus, the number of parity bits (or bit-rate) 

needed. If a frame interpolation scheme is used, two past and future (reference) decoded 

frames (key or WZ frames) are used; if a frame extrapolation is used, only past (typically the 

previous ones) decoded frames are used. The SI frame is inferred by tracking the motion 

trajectories between two (past and future or two past frames) reference frames; the estimated 

motion vectors are then used to interpolate the SI frame in between or extrapolate the future 

SI frame. 

2. Correlation noise modeling: The residual statistics between the corresponding DCT 

coefficients in the WZ and SI frames is assumed to be modeled by a Laplacian distribution 

whose parameter was initially estimated using an off-line training phase. This is an unrealistic 

approach because it either assumes the original data is available at the decoder or the SI is 

available at the encoder. Recently, solutions have been developed to overcome this problem 

(see Section 2.4.3).  

3. Turbo decoding: Once the SI DCT coefficients and the residual statistics for each DCT 

coefficient band are known, each bit-plane is turbo decoded (starting from the MSB one). The 

turbo decoder receives from the encoder successive chunks of parity bits following the 

requests made through the feedback channel. To decide whether or not more parity bits are 

needed for the successful decoding of a certain bit-plane, the decoder uses a request stopping 

criterion. Initially  [19], [20], this criterion assumed the availability of the originals at the 

decoder, but once again this unrealistic assumption has already been overcome (see Section 

2.4.1). After successfully turbo decoding the MSB bit-plane of a DCT band, the turbo decoder 

proceeds in an analogous way with the remaining bit-planes associated with the same band. 
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Once all the bit-planes of a DCT band are successfully turbo decoded, the turbo decoder starts 

decoding the next band.  

4. Reconstruction: After turbo decoding, all the bit-planes associated with each DCT band are 

grouped together to form the decoded quantized symbol stream associated with each band. 

Once all decoded quantized symbols are obtained, it is possible to reconstruct all the DCT 

coefficients with the help of the corresponding SI coefficients. The DCT coefficients bands for 

which no WZ bits were transmitted are replaced by the corresponding DCT SI bands. The 

reconstruction function [19], [20] bounds the error between the WZ frames and the 

reconstructed frames to the quantizer coarseness, guaranteeing that the reconstructed DCT 

value is between the boundaries of the decoded quantized bin. 

5. Inverse transform: After all DCT bands are reconstructed, an inverse discrete cosine transform 

(IDCT) is performed and the decoded WZ frame is obtained. 

6. Frame remixing: Finally, to get the decoded video sequence, decoded key frames and WZ 

frames are conveniently mixed in time.  

Over the last few years, many improvements have been proposed for most of the modules in the 

initial Stanford DVC codec, e.g., new source/channel codes instead of turbo codes, better side 

information estimation, dynamic correlation noise modeling, enhanced reconstruction, and realistic 

and efficient request stopping criteria. Some of these improvements are reviewed in Section 2.4. 

2.3.2  Block  Based Syndrome DVC Codec  

Almost simultaneously, another DVC coding approach was proposed at UC Berkeley by a team lead 

by Prof. Kannan Ramchandran; the PRISM codec works at block level, i.e., channel codes are applied 

independently for each block, and does not require a feedback channel. The PRISM encoder 

architecture is shown in Figure 2ü4. 

In brief, the PRISM encoder works as follows:  

1. Classifier: Before encoding, each block is classified into one of several predefined classes 

depending on the correlation between the current block and the prediction block in the 

reference frame. Depending on the allowed complexity at the encoder, such a prediction can 

be either the co-located block, or a motion-compensated block [79]; in the latter case, a fast 

motion estimation technique is suggested. The classification stage decides the coding mode for 

each block of the current frame: no coding (skip class), traditional Intra frame coding (entropy 

coding class), or syndrome coding (several syndrome coding classes), depending on the 

estimated temporal correlation. The blocks classified in the syndrome coding classes are coded 

using a DVC coding approach as described below. The coding modes are then transmitted to 

the decoder as header information. The PRISM block classification stage plays the role of a 

correlation noise estimation module between each original block (source) and its temporal 

prediction (taken as a coarse representation of the side information). 
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Figure 2ð4: PRISM encoder architecture [79] . 

2. DCT: Each video frame is divided into ψ ψ samples blocks, and a DCT transform is applied to 

each block.  

3. Quantizer: A scalar quantizer is applied to the DCT coefficients, corresponding to a certain 

target quality. For the syndrome coded blocks, the calculation of the quantizer step size, as 

described in [58], depends on: i) coding class of the block (obtained from the classifier); and ii) 

the variance of the estimated correlation noise between the current block and the best 

prediction block (obtained by full search ME). This procedure requires a training stage to 

obtain the needed correlation noise distribution parameters. This restriction was removed in 

[79] by using a scalar quantizer with a fixed quantization step size as in H.263+.  

4. Syndrome coding: According to [79], for those blocks that fall in the syndrome coding classes, 

only the least significant bits of the quantized DCT coefficients in a block are syndrome 

encoded, since it is assumed that the most significant bits can be inferred from the side 

information due to the higher correlation with the source. The number of least significant bits 

to be sent to the decoder, for each DCT coefficient, depends on the syndrome class to which 

the block belongs. Within the least significant bits, the lower part is encoded using a (run, 

depth, path, last) 4-tuple based arithmetic entropy codec. The upper part of the least significant 

bits is coded using a coset channel code, in this case a Bose, Ray-Chaudhuri and Hocquenghem 

(BCH) code, since it works well for small block lengths as it is the case here. In an early version 

of PRISM [58], only the DC and the first AC coefficients were syndrome coded by using a trellis 

code and a refinement process which divides the quantization interval (calculated in step 3) 

into smaller intervals, according to the target quantization step size. In [58], the refinement 

information is coded using fixed length codes while the remaining DCT coefficients are Intra 

coded. 

5. Hash generator: In addition, for each block, the encoder sends a 16-bit CRC checksum as a 

signature of the quantized DCT coefficients; this is needed to select the best candidate block at 

the decoder, as explained below.  
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Figure 2ð5: PRISM decoder architecture [79] . 

The corresponding PRISM decoder (see Figure 2ü5) works as follows: 

1. Motion search: The decoder generates side information candidate blocks, which correspond to 

all half-pixel displaced blocks in the reference frame, in a window positioned around the 

center of the block to decode. The candidate blocks attempt to decode the source (quantized 

coefficients) one-by-one from the set labeled by the received syndrome. 

2. Syndrome decoder: Each of the candidate blocks plays the role of side information for 

syndrome decoding, which consists in two steps [79]: one step deals with the coset channel 

coded bit-planes and is performed for each candidate block; the other step deals with the 

entropy decoding of the least significant bit-planes and is performed only for the selected 

block by hash matching (see next step). If syndrome decoding is successful, the quantization 

intervals for the coefficients that are syndrome encoded are found. In [58], the syndrome 

decoder takes as input the syndrome sequence and the corresponding DC and the first AC 

coefficients of the candidate block and outputs the decoded WZ coefficients. Moreover, the 

value of each WZ coefficient is enhanced using the received refinement information from the 

encoder [58].  

3. Hash check: Each candidate block leads to a decoded block, from which a hash signature is 

generated. To select one of the candidate blocks and to detect successful decoding (i.e., blocks 

with a small error probability), each decoded block hash is compared with the CRC hash 

received from the encoder. Candidate blocks are sequentially visited until decoding leads to 

hash matching.  

4. Reconstruction and IDCT: Once the quantized sequence is recovered, it is used along with the 

corresponding side information to get the best reconstructed block. A minimum mean-

squared estimate is computed from the side information and the quantized block.  

Although not as popular as the Stanford DVC codec, several authors have proposed improvements 

for the PRISM DVC codec, e.g., a maximum likelihood algorithm for motion estimation at the 

decoder [80]. Other authors have extended the PRISM codec to satisfy other requirements, e.g., a 

scalable PRISM with both spatial and temporal scalability [81], or have studied in detail the error 

resilience capabilities of this DVC codec [82]. 
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2.3.3  Comparing the Early DVC Codecs  

From the technical point of view, the following main functional differences between the two early 

WZ video codecs may be highlighted (Stanford versus PRISM):  

× Frame-based versus block-based coding: In the latter approach, it is easier to accommodate 

coding adaptability to address the highly non-stationary statistics of video signals.  

× Decoder rate control versus encoder rate control: In the former case, a feedback channel is 

needed, restricting the scope to real-time applications, while making the rate control problem 

simpler. 

× Very simple encoder versus smarter and likely more complex encoder: Enabling limited Inter 

frame operations at the encoder allows incorporating spatially varying coding mode decisions, 

since it is useless to adopt a DVC coding approach when the correlation is too weak or 

inexistent.  

× More sophisticated channel codes versus simpler codes: Notably, turbo codes and LPDC codes 

which perform quite close to the Slepian-Wolf limit, versus the simpler BCH codes employed in 

PRISM. 

× No auxiliary data versus hash codes: If the encoder sends auxiliary information, the ME 

process at the decoder is able to create higher quality side information; however, the hash bits 

are Intra coded and a rate penalty occurs. 

× Less intrinsically robust to error corruption versus higher resilience to error corruption: The 

PRISM motion search approach performed at the decoder allows to find a less corrupted side 

information, thus reducing the residual noise associated to the errors.  

With time, some of the differences above between the two early DVC codecs have been smoothed: 

for example, there are nowadays Stanford-based codecs with selective block-based Intra coding, 

encoder-transmitted hash signatures and without feedback channel. In the next sections, these and 

other developments after the early WZ video coding solutions are addressed. However, after a few 

years, the performance gap between the two early solutions seems to be rather substantial, at least 

in terms of error-free RD performance. In November 2007, the European project DISCOVER 

published error-free RD performance results for a Stanfordübased DVC codec, which is able to 

outperform H.264/AVC Intra and, sometimes, even the H.264/AVC zero-motion codec with a lower 

encoding complexity [39], [83]. In October 2007, the Berkeley team published error-free RD 

performance results that slightly outperform H.263+ coding, with both encoders performing ME 

[58]. However, for wireless error-prone conditions, notably packet errors according to the 

CDMA2000 1X standard, PRISM performs better than H.263+ as well as better than H.263+ with Reed-

Solomon forward error correction (FEC) and H.263+ with Intra refreshing, providing graceful error 

degradation.  
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2.4  Improving RD Performance : Recent Developments  

In recent years, a significant number of research groups around the world have been developing 

research activities in the distributed video coding field, many of them building on and improving 

the previously presented early DVC codecs. This section briefly reviews some of the technical 

developments that clearly target to improve the coding efficiency of both early DVC codecs. 

However, this section is more focused on the Stanford DVC codec developments due to the following 

reasons: i) the Stanford DVC codec is clearly the most popular DVC codec design in the literature; 

and ii) the solutions proposed in the next chapters of this Thesis follow the Stanford architecture 

(transform domain) and use relevant techniques described in this section (e.g., reconstruction or 

correlation model estimation) in addition to some initial Stanford DVC codec techniques (e.g., 

quantization). Despite its lower popularity, it is important to state that some of the PRISM 

techniques (already described in Section 2.3.2) and later improvements may bring benefits to both 

DVC coding architectures, e.g., Intra mode selection (described in Section 2.4.4) and some forms of SI 

extraction (described in Section 2.4.2). 

2.4.1  Slepian -Wolf Codec  

Channel coding developments play an important role in SlepianüWolf coding, which assumes a 

central role in DVC coding, not only in terms of RD performance but also codec complexity budget. 

It has been shown that is possible to reach a RD performance close to the Slepian-Wolf limits for 

Gaussian sources, with channel capacity-achieving codes, such as the turbo codes [69], [70], [84] used 

in the early Stanford DVC solution or the popular LDPC codes [71], [85]. In some of the Slepian-Wolf 

codes proposed in the literature [71], [84], it is assumed that the correlation between the source and 

the side information is stationary and the proper code and code rate (useful part of the information) 

are selected before transmission starts, i.e., the operational fixed compression code ratio is initially 

selected and maintained. However, in many practical scenarios such as video coding, this 

correlation may vary and the so-called rate-adaptive schemes [69], [85] are necessary. A rate-

adaptive code is able to account for variations in the correlation noise, and the code rate can be 

controlled by a feedback channel, i.e., the decoder requests more parity bits, if necessary; this 

ensures that the encoder only sends the minimum number of parity bits necessary to correctly 

decode the source. In these feedback channel schemes, it is also important to have an incremental 

code, i.e., the encoder can send additional bits to the decoder upon request and the decoder 

combines all the previous information sent with the newly received information. Next, two popular 

approaches to Slepian-Wolf code design are presented along with some strategies for rate-adaptive 

operation.  

The Parity Slepian -Wolf Design Approach  

In the parity approach, the source ὢ is compressed by transmitting only the parity bits ὼ of the 

source sequence ὼ. The systematic bits of ὼ are discarded. The side information sequence ώ, a 

realization of the source ὣ, assumes the role of the systematic bits at the decoder and the pair 
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ώȟὼ  corresponds to a noisy version of ὼȟὼ  available at the encoder. The correlation channel or 

virtual channel that relates the side information ώ and the source ὼ sequences corresponds to the 

statistical distribution ὴὼȿώ which is concatenated with a perfect channel for the parity bits since 

it is usually assumed that the parity bits are received without error. Thus, the Slepian-Wolf decoder 

is different from a channel decoder because it must take into account that the parity bits are 

perfectly known. In the literature, several channel codes, such as the turbo codes [69], [84], were 

used to implement this parity approach. As shown in Figure 2ü6, a Slepian-Wolf turbo encoder is 

made by the parallel concatenation of two identical constituent recursive systematic convolutional 

(RSC) encoders of rate ὲȾὲ ρ; a pseudo-random interleaver is employed to connect the two RSC 

encoders. Each RSC encoder outputs a parity stream and a systematic stream which is discarded. So, 

to compress the sequence ὼ, it was proposed by Aaron and Girod in [69] and Bajcsy and Mitran in 

[84] to calculate two sequences (one for each RSC) of parity bits ὼ  ὼȟὼ  and to transmit them 

to the decoder; compression can be achieved by assuming that the amount of parity bits transmitted 

is less than the source length.  

 

Figure 2ð6: Slepian -Wolf codec using punctured turbo  codes (as in [86] ). 

The SlepianüWolf turbo decoder (also shown in Figure 2ü6) is constituted by two soft-input soft-output 

(SISO) decoders, usually implemented with the maximum a posteriori (MAP) or logarithm-MAP (Log-

MAP) algorithms. Each SISO decoder receives the intact parity bits along with the conditional 

probabilities ὴὼȿώ which are calculated with the help of the correlation model (see Section 2.4.3). 

Since the channel is a concatenation of the correlation noise channel and a perfect channel (for the 

parity bits), the turbo decoder must be adapted by calculating ὴὼȿώ for the side information bits 

(or symbols) and using a Gaussian distribution with an arbitrarily small variance or a binary 

symmetric channel (BSC) with a small error probability [86] for the parity bits. Then, the iterative 

turbo decoding algorithm estimates the a posteriori probabilities of the source bits by exchanging 

extrinsic information between the two SISO decoders to improve the a priori information at the input 

of each SISO decoder. This iterative procedure stops when a certain maximum number of iterations 

is reached. Then, an error detection criterion is used to estimate the error probability ὖ for each 

decoded bit-plane. If ὖ ρπ , the decoder requests for more parity bits from the encoder via the 
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feedback channel; otherwise, the bit-plane a posteriori probabilities are converted to hard decisions 

and successful decoding is achieved. In the past, ideal error detection was assumed [19], [20], i.e., ὖ 

was calculated at the decoder side with the original bit-plane. More recently, several techniques to 

estimate ὖ using the a posteriori probabilities were proposed [87], [88]. In [87], Kubasov et al. 

computes a confidence score in the logarithmic domain, by comparing the ratio of the output 

decoder probabilities ὒ ὖὢ ρȿὣ ὖὢ πȿὣϳ  with a fixed threshold Ὕ, for each Ὥ-th 

decoded bit. In [88], Tagliasacchi et al. calculates the mean of the absolute values of ὒ across the bit-

plane size ὔ and the summed output is compared to another threshold Ὕ. 

In this parity approach, it is straightforward to construct rate-adaptive schemes since standard 

channel coding techniques, such as puncturing [19], can be applied. For example, a pseudo-random 

puncturing pattern [86] can define the transmission order of the parity bits. In each request, the 

DVC encoder sends one parity bit for each ὖ (puncturing period) parity bits from each RSC encoder 

parity stream. At the decoder, the parity bits received (not punctured) are modeled as a perfect 

channel and the un-punctured parity bits are modeled by an erasure channel. This framework was 

also independently proposed for the symmetric case, i.e., both sources ὢ and ὣ are DVC encoded 

with the same rate (i.e., midpoint between A and B in Figure 2ü1) by Garcia-Frias and Zhao in [70], 

and further extended by the same authors in [89] to cover any point in the Slepian-Wolf rate 

bounds. 

The Syndrome  Slepian -Wolf Design Approach  

The syndrome approach was first suggested by Wyner, in 1974, for linear binary block codes [66]; 

Wyner has also shown the optimality of this approach, i.e., if a linear block code can achieve the 

capacity for the correlation channel (e.g., BSC, Laplacian, etc.), then the same code can achieve the 

Slepian-Wolf limits. A linear block code ꜟ is defined through a matrix Ὄ, with dimension ὲ Ὧ

ὲ, which represents the parity-check equations. Consider that ὼ and ώ are two correlated binary 

sequences that correspond to realizations of the source ὢ and the side information ὣ. In the 

syndrome approach, the Slepian-Wolf encoder calculates the syndrome ί  Ὄὼ and sends it to the 

decoder. Thus, sequence ὼ of length ὲ is transformed into ὲ Ὧ syndrome bits, which 

corresponds to a compression ratio of ὲȡὲ Ὧ. After, the decoder constructs the side information 

sequence ώ and, with the help of the correlation noise model between ὼ and ώ and the received 

syndrome ί, the Slepian-Wolf syndrome decoder searches for the decoded source sequence ὼ in the 

coset that is closest to ώ. 

This syndrome approach was first proposed by Pradhan and Ramchandran in a scheme called 

distributed source coding using syndromes (DISCUS) presented in [68]. In DISCUS, two Wyner-Ziv 

codecs are proposed to encode statistically correlated Gaussian sources both using simple scalar 

quantizers. The first proposed scheme uses simple scalar coset codes while the second coding 

scheme uses trellis based coset codes. A modified Viterbi decoding algorithm was also proposed that 

constructs a trellis based on the syndrome received and selects the decoded sequence ὼ that is 

closest to the side information ώ. In [76], Wang and Orchard have improved the framework from [68] 
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and proposed embedded trellis codes which jointly quantize and perform coset encoding of the 

source. Although simple, these first approaches suffer from significant rate losses when compared 

to the ideal Wyner-Ziv rate-distortion function [65], [69]. Thus, more powerful Slepian-Wolf codes 

were proposed, for example turbo-trellis codes constructions by Chou et al. in [90] or irregular LDPC 

code based Slepian-Wolf coding by Yang et al. in [77]. In [71], Liveris et al. proposed a widely used 

practical coding scheme based on LDPC codes with a performance very close to the Slepian-Wolf 

limit, overcoming the performance of other available codes. In [71], the proposed belief propagation 

algorithm adds (novel) syndrome nodes to the LDPC graph and assumes that the received 

syndromes are perfectly known at the decoder. 

To obtain a rate-adaptive operation using syndromes, a straightforward method consists in the 

puncturing of the syndrome, as proposed in the parity approach. However, as shown in [85], this 

leads to significant performance losses and, thus, other alternative solutions were developed. One of 

the first rate-adaptive (and incremental) solutions developed was proposed by Chen et al. in [91] and 

consists on serially concatenated accumulate (SCA) codes. The SCA codes consist in a concatenation 

of a rate 1 accumulator followed by an interleaver and a base code, which is either an extended-

Hamming or a product-accumulate code+ Qeb o^qb fp `lkqoliiba _v qeb _^pb `labp sf^ ^ þpmifqqfkdÿ 

operation, which allows to incrementally vary the number of bits transmitted without wasting any 

information from the previously sent syndromes. The decoder uses a turbo decoding algorithm to 

exchange soft information between the base code decoder (both MAP and belief propagation 

algorithms were proposed) and the accumulator code (MAP decoder). In [85], Varodayan et al. have 

introduced classes of rate-compatible LDPC codes for distributed source coding: i) LDPC accumulate 

(LDPCA) codes; and ii) sum LDPC accumulate (SLDPCA) codes. In the LDPCA codes, the syndrome bits 

are generated with regular and irregular LDPC codes, protected with an accumulator code and 

punctured. The LDPCA code structure is illustrated in Figure 2ü7. The source bits ὼ are first 

processed, yielding syndrome bits ί, which are accumulated to produce the final syndrome ὥ; 

check [85] for more details. 

Figure 2ð7: LDPCA code structure [85] . 
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The LDPCA codes were designed for the highest compression ratio and then þsplitÿ (in a similar way 

to [91]), recursively generating two rows from a single row, thus obtaining a set of derived codes, 

one for each of the lower compression ratio codes. The presence of the accumulator allows an 

incremental operation of the code, since the received syndromes can be combined with the previous 

syndromes, obtaining a lower compression ratio.  

It has been shown that the LDPCA and SLDPCA codes performances are better when compared to 

turbo codes [85] (parity approach) for moderate and high rates. Recently, interesting developments 

regarded the use of raptor codes for distributed source-channel coding, targeting scalable video 

transmission over wireless networks [92]. Raptor codes are the latest addition to a family of low-

complexity digital fountain codes [93], capable of achieving near-capacity erasure protection. They 

may be used as precoded Luby transform (LT) codes ï the first  class of practical fountain codes that 

are near optimal erasure correcting codes ï in combination with LDPC precoding. Fountain codes 

(also known as rateless erasure codes) are a class of erasure codes with the property that a 

potentially limitless sequence of encoding symbols can be generated from a given set of source 

symbols such that the original source symbols can be recovered from any subset of the encoding 

symbols of size equal to or only slightly larger than the number of source symbols. In [94], Xu et al. 

proposed a receiver-driven layered multicast system over the Internet and 3G wireless networks 

based on layered WynerüZiv video coding and digital fountain codes. The use of rateless fountain 

codes allowed an error resilient transmission of a H.264/AVC base layer bit-stream and transmission 

in multicast networks with heterogeneous receivers without the use of feedback channels. 

2.4.2  Side Information Creation  

The quality of the side information plays a central role in the DVC overall RD performance. In 

predictive coding, motion estimation and compensation techniques (such as variable block size or 

multiple references) have improved the quality of the prediction (reference) leading to substantial 

improvements in RD performance. In a similar way, SI creation techniques at the decoder are 

responsible for the much needed compression efficiency advances in distributed video coding. The 

higher the correlation between the side information (at the decoder) and the current WZ frame (at 

the encoder), the fewer the (parity) bits are necessary to send from the encoder to the decoder to 

achieve a certain target quality. In distributed video coding, the SI can be created in several ways:  

1. þGuessÿ approach: Before the Slepian-Wolf decoding process starts, the DVC decoder creates 

the side information just using previously decoded frames. Typically, motion trajectories are 

found between decoded frames with ME techniques [22] and the SI is kept unchanged along 

the whole decoding process. 

2. þHintÿ approach: The DVC encoder sends some Intra encoded data to help the decoder to create 

the SI [95]. Typically, a block signature or hash code is sent for each block, which is then used 

by the decoder to drive the ME process. The estimated motion field is then used to create the 

SI by motion compensation. 
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3. þLearnÿ approach: At the DVC decoder, the SI is continuously refined as more information from 

the encoder is received [33], [96]. The already decoded information is used to continuously 

improve the SI quality. Typically, the Slepian-Wolf decoder, the motion estimator and the side 

information generator are executed in loop several times.  

4. þTryÿ approach: The Slepian-Wolf decoding algorithm runs several times for each SI candidate 

and the best SI candidate is selected according to a certain criterion [79], [80]. Typically, every 

possible block motion vector is used to obtain side information candidates and block-wise 

Slepian-Wolf decoding is employed. 

Most of the proposed SI creation techniques available in the literature can be classified into one (or 

combine two) of the above approaches. Next, a review of the most relevant SI creation techniques is 

presented, organized according to the above approaches. 

A ôGuess õ Approach: Motion Compensated Frame Interpolation/Extrapolation  

For the Stanford WZ solution, the first side information techniques have followed the þguessÿ 

approach and were quite simple. Aaron et al. proposed two frame interpolation approaches in [19] 

to generate the side information: i) the average of the two nearest key frames; and ii) motion 

compensated interpolation based on symmetric motion vectors. These early techniques are simple, 

but also inefficient, and thus many improvements have been suggested meanwhile. For example, the 

author of this Thesis has developed a frame interpolation framework in [22] that is a largely used 

solution in the literature. In [22], the linear motion between backward (past) and forward (future) 

reference frames is estimated with forward motion estimation, bidirectional motion estimation and 

weighted median filters; these techniques are used to obtain a motion compensated SI frame with 

higher quality. This work was used as the starting point in the development of two advanced 

frameworks [23], [21] that are proposed in Chapter 3 and Chapter 4 of this Thesis.  

In [97], Chien et al. attempted to find the true motion field by using a 3D recursive block matching 

approach with candidate motion vectors obtained both from spatially and temporally neighboring 

blocks. In [98], Kubasov and Guillemot proposed a combined mesh based motion estimation and 

interpolation approach to better represent the motion field, especially for the cases where the scene 

is composed by large objects and/or camera motion is dominant. The mesh constructed for a 

reference frame based on a previously available frame is shown in Figure 2ü8 (check [98] for more 

details). Experimental results show that the hybrid combination of block based [22] and mesh based 

solutions allows some RD performance improvements when compared to previous state of the art. 

In [99], Li et al. proposed to predict a pixel by using a weighted average of previous occurrences 

(past frames) in the same spatial position; this prediction approach performs rather well for low 

motion sequences and has low computational complexity since it does not require motion 

estimation. In [100], the same authors have proposed to use for SI creation in DVC coding the 

motion compensated tools designed for predictive video coding, such as fractional-pel accuracy and 

multiple reference motion search. The experimental results show that fractional-pel motion search 
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does not influence the coding efficiency as much as it does for predictive video coding; however, the 

use of multiple references can bring significant improvements. 

Figure 2ð8: Mesh deformation for frame interpolation [98] . 

In [100], the motion vectors are calculated between frame Ὥ ρ and previously decoded frames, 

Ὥ ςȟȣȢȟὭ ὑ, where ὑ is the number of references, and then applied to reconstruct the current 

frame Ὥ; using this procedure, it is assumed that the motion fields of the Ὥ ρ and Ὥ frames are the 

same, which may fail  to occur in practice. To overcome this shortcoming, Tagliasacchi et al. 

proposed in [101] to track the motion between ὑ previously decoded frames Ὥ ὑȟȢȢȢȟὭ ρ to 

calculate a motion model and extrapolate the motion field for frame Ὥ using a Kalman filtering 

approach. Following a different approach, Misra et al. proposed in [102] to construct multiple SI 

frames by including two motion compensated frames obtained by forward and backward 

extrapolation, ὣ and ὣ, respectively. The correlation model distribution ὴὢȿὣȟὣ  takes into 

account both SI frames and was obtained offline by training over several video sequences. The 

authors claim that a better estimation is obtained in covered/uncovered regions by creating 

multiple extrapolation SI frames rather than by frame interpolation. In [50], Huang et al. proposed 

to generate multiple SI frames by applying separate (Laplacian) noise correlation models with 

different parameters for interpolation and extrapolation and by combining them at the probability 

level, generating a set of candidate soft inputs that are fed into the LDPC decoder. Experimental 

results show that gains up to 0.4 dB on average can be obtained with multiple side information. 

A ôHint õ Approach: Hash -based Motion Estimation  

The previous approach was initially proposed by the early Stanford DVC coding solution (described 

in Section 2.3.1) and suffers from several problems, e.g., the difficulty to track motion trajectories 

when the GOP size increases or when irregular (and high) motion is present. The lack of the original 

frame at the decoder is responsible for such weaknesses, thus, DVC coding schemes where the 

encoder has the capability to encode and transmit some auxiliary information have been proposed. 

Following the þhintÿ approach, the encoder transmits to the decoder a signature or hash for each (or 

some) block(s) of the current WZ frame to help the decoder in the motion estimation process [95], 

[103]. Inspired by the usage of the CRC codes in the PRISM framework [58], Aaron et al. first 

proposed to construct the hash code for some blocks of the WZ frame with a small subset of coarsely 

quantized DCT coefficients [95]. Following the same approach, Aaron et al. proposed to Intra code 

(with run length and entropy coding) DCT domain high pass coefficients (the block signature) of 
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some blocks and use them at the decoder to generate the side information with a motion 

compensated extrapolation technique [103]. Since the hash requires fewer bits than the original 

data, the encoder is allowed to keep the hash codewords for the previous frame in a small hash store 

in order to better select for the current frame the blocks for which hash bits should be sent. This 

procedure allows the decoder to generate more reliable side information when intense, complex 

and badly behaved motion occurs; however, it requires the encoder to send additional information 

(the hash signatures) which is Intra encoded; thus, a rate penalty is paid that must be overcome 

with better SI estimation (to reduce the WZ bit-rate). Since the hash functions in [95] and [103] are 

computed at the encoder for all or some blocks in the WZ frame, there is also an increase in the 

encoder complexity. 

Another approach to generate the side information [38], [104-106], which leads to an alternative 

DVC codec architecture with strong similarities to scalable DVC schemes (see Section 2.5.2), consists 

in the creation and encoding of a low quality reference (LQR) frame along with the WZ bit-stream. 

With this approach, side information is generated with the help of a LQR layer sent by the encoder, 

foiiltfkd ^ þefkqÿ ^mmol^`e fk qbojp lc SI creation. In [104], [38], side information is interpolated 

with the help of the LQR and previously decoded frames which have higher quality and/or 

resolution since parity bits were used to improve their quality or they were Intra coded. In [38], 

Martinian et al. performed classical ME between the LQR and the previous decoded frames; the 

motion field is then used to obtain a motion compensated LQR frame with improved quality when 

compared to the LQR frame itself. In [104], Macchiavello et al. performed block based ME between 

the LQR frame and two full-resolution decoded frames (backward and forward references). Then, 

with the two best predictions, ὄ and ὄ , several prediction candidates are calculated for each LQR 

block, by using a weighted prediction of ὄ and ὄ ; the one with lower sum of absolute differences 

(SAD), when compared to the LQR block, is selected. However, if the SAD for the best prediction 

candidate is greater than a threshold †, the corresponding LQR block is used. In [105], Wu et al. 

proposed a different approach by performing the motion search between the current and previous 

LQR frames with a modified matching criterion based on the sum squared difference (SSD) metric 

plus an additional constraint. This constraint is computed with: i) the motion vector magnitude; and 

ii) an empirical function ‗, that receives as input the quantization parameter and the quality (PSNR) 

difference between decoded (high quality) and LQR frames. In [106], Wang et al. performs SI creation 

by reusing the motion vectors embedded in the base layer bit-stream of a scalable MPEG-4 fine 

granular scalability (FGS) scheme. 

A ôLearn õ Approach: Motion Refinement/Learning Side Information  

In the previously presented SI creation approaches (þdrbppÿ ^ka þefkqÿ&) qeb j^fk l_gb`qfsb t^p ql 

obtain the best estimate of the original WZ frame before the Slepian-Wolf decoding started. 

However, new decoded information becomes available along the Slepian-Wolf decoding process, 

e.g., at the end of each turbo/LDPC iteration or after a decoded bit-plane is obtained; this new 

information can be exploited to improve the SI quality (creating a novel decoding loop in the DVC 
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codec architecture) along the overall frame decoding process. Thus, instead of keeping the side 

information unchanged during the whole WZ frame decoding process, several techniques have been 

proposed in the literature to improve the side information while more information (e.g., parity bits) 

is obtained by the decoder from the encoder. 

In [107], Artigas and Torres proposed an iterative motion-compensated interpolation technique 

where the turbo decoder is ran several times for the decoding of a WZ frame and new side 

information is estimated. After each decoding iteration, for each aligned block in the partially 

decoded frame, the best match is searched for in a number of sources (past, future and motion 

compensated average of past and future frames), and adopted as the side information for the next 

decoding iteration. The results show improvements around 0.15 dB for the first 100 frames of the 

Foreman sequence, with QCIF resolution at 30Hz. In [33], the author of this Thesis has introduced a 

novel technique to continuously refine the motion vectors used for SI interpolation as the WZ bit-

planes are decoded; this improves the side information for the remaining bit-planes to be decoded, 

thus increasing the coding efficiency. The proposed algorithm was evaluated on a Stanford-based 

pixel domain DVC coding architecture where it achieved up to 0.7 dB gains for the first 100 frames of 

the Foreman and Coastguard sequences, with QCIF resolution at 30Hz. In Section 7.3.1, an extension 

of this work is proposed for a transform domain DVC codec. In [108], Adikari et al. proposed a bit-

plane level SI refinement solution using luminance and chrominance information while, in [109], 

Weerakkody et al. proposed a spatial-temporal refinement algorithm extending [108] to iteratively 

improve the initial side information obtained by motion extrapolation; this comprises interleaving 

the initial side information for error estimation and flagging, followed by de-interleaving and filling 

of the flagged bits with an alternate iterative use of spatial and temporal prediction techniques. The 

performance was also evaluated on a Stanford-based pixel domain DVC codec, using the first 100 

frames of the Foreman sequence with QCIF resolution at 30Hz, achieving gains up to 3 dB.  

A recent interesting approach is unsupervised learning; in [110], Varodayan et al. proposed an 

expectation maximization algorithm to perform unsupervised learning of disparity at the decoder 

for the distributed coding of stereo images. This type of learning approach was also applied for 

video coding [96] by exchanging soft information between an LDPC decoder and a probabilistic 

motion estimator in an iterative way; SI is successively refined after LDPC syndromes are 

incrementally received by the LDPC decoder. This proposal uses an unsupervised method to learn 

the forward motion vectors based on expectation maximization. As illustrated in Figure 2ü9, a 

motion estimator calculates a probability distribution for the motion field based on the side 

information ὣ and the soft estimate —, calculated in each LDPC decoding iteration. The probability 

model calculates the side information  , by combining ὣ according to the output of the 

probabilistic motion estimator. This approach was tested on a Stanford-based DVC codec working at 

the symbol (and not bit-plane) coding level. The authors claim increasingly better RD performance 

for increasing GOP sizes which is rather unusual in the DVC literature; however, the RD performance 

is compared with JPEG instead of state of the art alternatives, such as H.264/AVC Intra coding. 
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Figure 2ð9: Unsupervised motion vector learning [96] . 

A ôTry õ Approach: Simultaneous Decoding and Side Information Selection  

This approach shares some similarities with the þhintÿ approach, since the encoder also sends some 

auxiliary information about the current WZ frame. However, the decoder uses the auxiliary 

information to validate the correctness of the decoded information instead of using it to drive the 

search for the best prediction. This type of technique was first proposed for the PRISM codec [58], 

[79], [80] where the encoder calculates a CRC on the quantized DCT coefficients of each ψ ψ block 

(see Section 2.3.2). In this case, the decoding and SI creation process consists in two steps: i) each SI 

candidate block is fed into the Slepian-Wolf decoder which also receives as input the syndrome 

sequence generated by the encoder and outputs the most probable decoded block (quantized DCT 

coefficients); and ii) after, a CRC is applied to the quantized DCT coefficients and the result is 

compared to the CRC transmitted by the encoder. If the two CRCs match, the search for the best 

prediction stops and the rest of the decoding proceeds; otherwise, the next candidate block is 

selected and the whole procedure is repeated. However, this technique only provides a pass/fail 

decision and doesnÿt give much information about the quality of each prediction; thus, if the CRC 

test rejects every possible SI candidate (e.g., when no good predictions were found or a decoding 

error has occurred), the decoder is not able to select the most likely candidate. This happens more 

often with long block lengths since the probability that remaining errors are left in the decoded 

block increases when block length increases. Possible solutions could be the use of smaller block 

lengths or smaller CRC codes; however, in the former case, the rate overhead increases significantly 

(i.e., introducing RD performance loss) while the latter case leads to multiple different decoded 

blocks which all pass the CRC test (and no selection mechanism is left available). To overcome these 

problems, Tseng and Ortega proposed in [80] a technique to find the correct reference at the 

decoder using maximum likelihood (ML) estimation, thus avoiding the need to transmit the 

expensive (in terms of rate) CRC block signatures. As in PRISM, the method proposed in [80] involves 

the decoding of all possible blocks with respect to all possible references. Then, for each decoded 

block, it is calculated the likelihood that it corresponds to the þcorrectÿ block with the help of the 

correlation model (more details in the next section). The decoded block corresponds to the highest 

average likelihood block. In [80], the DC value of each block is also transmitted (thus [80] is a 
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combination of the þtryÿ and þhintÿ approaches) to help the selection of the best prediction and to 

improve the reconstruction quality. In [111], the same authors developed a bit allocation technique 

by deriving a rate-distortion model of the decoding performance when the ML method is used. This 

model is then used to allocate the bit-rate needed by each DCT coefficient in order to minimize the 

mean squared error (MSE). 

2.4.3  Correlation Noise Modeling  

In DVC coding, the statistical correlation between the original and side information data is essential 

for an efficient RD performance. For the Stanford DVC architecture with pure decoder rate control, 

only the decoder needs to be aware of the correlation noise model (CNM) between the WZ original 

frame and its side information, i.e., WZ - SI. This CNM plays an important role in converting the SI 

(pixel values or transform coefficients) into the soft-input information, i.e., the conditional bit 

probabilities (one probability value for each bit representing the symbol value) needed for the 

Slepian-Wolf decoding. 

In [112], Westerlaken et al. studied the relationship between the coding efficiency, the chosen 

correlation noise model and the sensitivity of the decoder estimated CNM parameter(s); it was 

concluded that both the CNM and its parameter(s) significantly influence the coding efficiency and 

the CNM parameter(s) depend significantly on the video sequence characteristics. The Laplacian 

distribution is widely used to model the residual statistics between corresponding coefficients in a 

transform domain codec or corresponding pixels in a pixel domain codec. For example, Girod et al. 

used a Laplacian distribution to model the residual statistics for a pixel and a transform domain 

video codec following the Stanford DVC architecture [9] (presented in Section 2.3.1) and Brites and 

Pereira validated the widely used Laplacian model with a goodness-of-fit test [113]. For inspection, 

Figure 2ü10 shows the actual histogram of the (WZ - SI) transform domain residual for the 4th AC 

coefficient band when the Hall Monitor QCIF sequence (the complete sequence) is coded at 15 Hz; it 

is also included in Figure 2ü10, the Laplacian distribution with ‌ value obtained by curve fitting. In 

[43], Trapanese et al. proposed a weighted model of two Laplacian distributions as the CNM; 

however, the weights are set empirically and the Laplacian distribution parameters are calculated 

using the original WZ data at the frame level for a pixel domain DVC codec. 

Having established the CNM distribution, it was also necessary to estimate the CNM parameters in a 

realistic way, which means at the decoder without having access to the original data or at the 

encoder without having access to the side information. Another important point is the CNM 

granularity level, this means the level/frequency at which the CNM parameters are estimated; for 

example in pixel domain DVC coding, the following levels can be identified: sequence, frame or 

pixel. In [9], [19], [20], a spatially and temporally stationary CNM was assumed, i.e., the CNM 

parameters are obtained through a training stage and kept constant for the whole decoding process. 

In [113], Brites et al. proposed CNM solutions for the pixel domain and transform domain Stanford-

based DVC codecs at various granularity levels (e.g., band or coefficient levels), allowing a dynamic 

adaptation of the model to the varying temporal and/or spatial correlation. As expected, there are 
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benefits in the coding efficiency by modeling the correlation noise with a finer granularity since the 

CNM adapts better to the varying correlation statistics along the decoding process. 

Figure 2ð10 : Residual histogram for the 4th AC coefficien t band in zigzag scan order  of 

the Hall Monitor QCIF sequence at 15Hz [113] . 

In [113], Brites and Pereira proposed to estimate the Laplacian distribution parameter online at the 

decoder for each DCT coefficient based on the residual, Ὑ, between the reference frames, ὢ  and ὢ , 

used for SI creation after motion compensation. Basically, after applying the τ τ integer DCT 

transform over the Ὑ frame, each DCT coefficient is classified into one of two classes: i) inlier  

coefficients corresponding to those whose value is close to the corresponding Ὑ frame DCT band 

average value ‘Ƕȿȿ; and ii ) outlier coefficients corresponding to those whose value is far from ‘Ƕȿȿ. 

Thus, the CNM parameter estimate assuming a Laplacian model can be defined as [113]: 

‌ όȟὺ

ừ
Ừ

ứ ȟὈȿȿόȟὦ „ȿȿ

ȿȿ ȟ
ȟὈȿȿόȟὦ „ȿȿ

 , (2.2) 

In (2.2), ‌ όȟὺ is the CNM parameter estimate for the DCT coefficient located at όȟὺ position, 

„ȿȿ is the estimate of the variance for the DCT band to which the DCT coefficient belongs, and 

Ὀȿȿόȟὺ represents the distance between the όȟὺ coefficient and the DCT coefficients band ‘Ƕȿȿ 

average value. The distance Ὀȿȿόȟὺ is compared against „ȿȿ since the variance is a measure of 

how spread the coefficient values are regarding its average value. The parameter estimation in (2.2) 

leads to a finer adaptation of the CNM, both spatially (within a frame) and temporally (along the 

video sequence), since it is performed for each coefficient. In (2.2), the first branch corresponds to a 

block/region well interpolated and the second branch corresponds to a block where the residual 

error is high, meaning that the SI generation process failed for that block.  
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The CNM is critical since it enables to give more or less confidence to the Slepian-Wolf decoder on 

the DCT coefficients belonging to blocks where the frame interpolation algorithm was successfully 

or failed, respectively. The side information is converted into conditional bit probabilities needed 

for the Slepian-Wolf decoder that are computed taking into account the SI and all the previously 

decoded bits and represents, for any given bit, the conditional probability that the source 

corresponds to the bit 0 or 1. This procedure was presented by Dalai et al. in [114] and is illustrated 

in Figure 2ü11. The first step is to center the Laplacian distribution (or other) at the side information 

value; then, assuming that the MSB is decoded first (at the top of Figure 2ü11), it is possible to 

calculate the conditional probability of getting a 1 (shaded area) and a 0 (non shaded area), for any 

symbol, by integrating the appropriate area of the distribution, and normalizing. Then, assuming 

that the bit þ1ÿ was decoded in the MSB, it is possible to partition the distribution once again and 

recalculate the conditional probabilities (at the middle of Figure 2ü11). Finally, if the corresponding 

MSB-1 bit was decoded as a þ0ÿ, the corresponding distribution is further divided and the shaded 

areas (at the bottom of Figure 2ü11) represent the conditional probabilities for the last bit-plane. 

Figure 2ð11 : Computation of the conditional prob abilities based on previously decoded 

bit -planes [91] . 

2.4.4  Block-Based Mode Selection and Coding  

Somehow inspired by the PRISM codec and its block-based approach, the addition of a block 

classification module to the Stanford DVC codec has been proposed by Trapanese et al. in [30], 

allowing the selection of one of two block coding modes (Intra or WZ mode), depending on the 

available temporal correlation. This approach results from the observation that the quality of the 

motion interpolation estimate varies temporally along the sequence and spatially within a frame 

and motion compensated errors will be rather significant on some parts/regions of the image 

(regions badly predicted) while being rather small for other parts (regions well predicted). It is 

possible to observe that covered/uncovered regions, illumination changes and camera noise do 

affect significantly the quality of the motion interpolation phase and, in such cases, it would be 

beneficial to use a block based Intra mode (as in predictive coding) to send new information to the 
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decoder for the parts difficult to predict, avoiding to send improvements for badly predicted zones 

(in practice, there is no correlation to exploit). 

A mode decision scheme (applied either at the encoder or at the decoder) works in such a way that: 

i) when the estimated correlation is weak in a block, Intra coding is performed; and ii) alternatively, 

when the estimated correlation is strong, the more efficient WZ coding mode is used; naturally, the 

lack of correlation has to be detected without significantly increasing the encoder complexity. 

Following this approach, the solution in [30] feds all non-overlapping ψ ψ WZ blocks in each WZ 

frame into a decision module to classify them as WZ or Intra blocks, depending on the SAD between 

each WZ block and the co-located block in the previous frame. Then, all pixels of the WZ blocks are 

concatenated and coded with a Stanford-based pixel domain DVC codec; all remaining blocks are 

Intra coded with H.263+ Intra and sent to the decoder. The decoder reconstructs the Intra and WZ 

blocks and concatenates them to obtain the final decoded frame. The adaptive Intra block mode 

proposed in [30] shows improvements up to 1 dB on RD performance, when compared to a DVC 

codec without the Intra coding mode. Using the same framework, Tagliasacchi et al. proposed in [29] 

to include the spatial smoothness of the block in the encoder mode decision procedure, considering 

both spatial and temporal block characteristics and, thus, improving the RD performance. However, 

with this approach, the WZ source length varies with the number of selected Intra blocks causing 

the pseudo-random interleaver to be generated for each WZ frame (interleaver and source must 

have the same length), thus increasing the encoder complexity. Also, when a large number of Intra 

blocks are selected in a WZ frame, the size of the interleaver can decrease significantly, leading to 

significant reductions in the turbo decoder performance [86]; this problem is more severe for 

transform domain DVC codecs [20], [40], where the WZ source length is smaller (e.g., 1584 for QCIF 

frames). 

Tsai et al. presented in [115] another related work, where the same mode decision as in [29] was 

used, but the Intra blocks are now used by the decoder (as reference blocks) to generate the SI; it is 

claimed that longer GOP sizes are now possible without coding efficiency losses. The SI is created by 

the weighted average of the co-located Intra blocks in two decoded reference frames (WZ and/or 

key frames), one in the past and another in the future. Thus, the side information generator is quite 

simple since the motion vectors only represent well static regions, failing quite often when there is 

medium/high motion in the sequence, a major disadvantage of this solution. 

In [116], Liu et al. studied the problem of mode selection in DVC (the general architecture is outlined 

in Figure 2ü12) and an advanced Intra mode decision scheme has been proposed. In [116], two rate 

models were proposed, both working at the block level: the first model estimates the Intra bit-rate 

cost while the other model estimates the WZ rate cost; then, the mode with the minimum rate is 

chosen. However, memoryless Laplacian sources and the SI availability at the encoder are assumed 

while the effect of the distortion corresponding to each mode is neglected; however, the first two 

assumptions typically fail in practical DVC codecs. In [117], Clerckx et al. presented a DVC codec 

with three encoding modes: Intra, Inter and WZ. At the encoder, a simple bit-plane ME algorithm is 
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performed which evaluates only a limited set of positions in the search range of each block. The 

residual error measured in the ME phase is then used by the encoder to classify each block into one 

of the three modes. Although improvements are expected using such approach, the DVC codec is 

now prone to channel errors propagation (drift can occur) and the DVC encoder complexity is 

higher than pure Intr a coding, which is not desirable for the DVC target applications. 

Figure 2ð12 : Mode decision framework in a distributed video encoder [116] . 

2.4.5  Reconstruction  

The last relevant module in DVC coding architectures is typically the reconstruction module whose 

target is to convert the decoded quantized symbols or bins into a real value, either luminance value 

for pixel domain DVC codecs or transform coefficient value for transform domain DVC codecs. One 

of the earliest reconstruction techniques was proposed by Aaron et al. in [19] for the pixel domain, 

where the decoded value ὼ is equal to the side information ώ if it falls within the decoded bin ήᴂ, or 

clips to the bin limit closer to the side information if it falls outside. Intuitively, this reconstruction 

function (illustrated in Figure 2ü13) bounds the error between the WZ frame and the reconstructed 

frame to the quantizer coarseness since the reconstructed value is always between the boundaries 

of the decoded quantization bin (approximately equal to the encoder quantization bin).  

Figure 2ð13 : Reconstruction function where ◐░ and ●░ correspond to the side information 

and the decoded value, respectively [19] . 

Recently, a novel reconstruction solution [118] was developed by Kubasov et al. in which the 

decoded bit-planes, together with the side information and the correlation noise model, are used to 

obtain the decoded DCT coefficients (or luminance values). First, a transform-domain video codec is 

assumed and it considered that the ὓ  bit-planes associated with each DCT coefficients band, for 

which WZ bits were received, were successfully decoded. For each band, the bit-planes are grouped 

and a decoded quantization symbol (bin) ή is obtained for each DCT coefficient, guiding the decoder 

 

 qô

y1 xô1
y2 = xô2

y3xô3



D ISTR IBUTED V IDE O COD ING:  A  SURVEY 

41  

about the range where the original DCT coefficient value lies. The decoded quantization bin ήᴂ 

corresponds to the true quantization bin ή, obtained at the encoder before bit-plane extraction, if 

all errors in the decoded bit-planes were corrected (however, a very small error probability is 

allowed). Assuming a Laplacian correlation model, the reconstruction function is optimal in the 

sense that it minimizes the MSE of the reconstructed value for each DCT coefficient, and is given by 

[118]: 

ὼ Ὁὼȿήȟώ
᷿ὼὪȿ ὼȿώ Ὠὼ

᷿Ὢȿ ὼȿώ Ὠὼ
 ȟ (2.3) 

where ὼᴂ is the reconstructed DCT coefficient, ώ fp qeb `loobpmlkafkd A@Q `lbcČcient of the side 

information ὣ, ὉȢ is the expectation operator, and ὰ and ό represent the lower and upper bounds 

of ήᴂ, respectively. In (2.3), the conditional probability density function Ὢȿ models the residual 

statistics between corresponding coefficients in the side information ὣ and the source ὢ. After some 

analytical manipulations in (2.3) and assuming that Ὢȿ corresponds to a Laplacian CNM, the 

reconstructed DCT coefficient can be obtained as: 
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where ɝ corresponds to the quantization bin size and ‌ is the Laplacian distribution parameter 

estimated on-line (see Section 2.4.3) at the decoder for each DCT coefficient. The parameters ὦ, ‎ 

and ‏ can be computed as: 

ὦ
ρ

‌

ɝ

ρ Ὡ
 ȟ ‎ ώ ὰ ȟ ‏ ό ώȢ (2.5) 

As it can be seen in (2.4), the reconstruction function shifts the reconstructed DCT coefficient value 

towards the center of the decoded quantization bin. The DCT coefficient bands for which no WZ bits 

are sent are replaced by the corresponding SI DCT values. 

2.5  Emerging DVC Architectures  

Clearly, the main research target in most of the DVC literature is to improve the RD performance, 

but other objectives, such as providing error resilience, providing scalability or even removing the 

feedback channel in the Stanford DVC architecture, have been addressed in several research works. 

In this section, other DVC coding architectures that provide other added value besides RD 

improvements are presented, namely DVC codecs claiming the addition of specific features, such as 
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error robustness, bit-stream scalability (temporal, spatial or quality) or the removal of the feedback 

channel, typical in Stanford-based DVC codecs, by performing encoder rate control. 

2.5.1  Robust Video Transmis sion  

To improve the final decoded quality in the presence of channel errors, predictive coding schemes 

typically adopt two main solutions: i) add some FEC parity bits; and ii ) perform post-processing in 

the form of error concealment. These two solutions are not incompatible and can be used together. 

However, they have several disadvantages; for example, when error correction fails in the FEC 

approach, significant quality degradation is observed; and when error concealment techniques are 

applied, significant coding artifacts may be observed. Since predictive codecs are extremely 

sensitive to transmission errors, distributed video coding principles have been extensively applied 

in the field of robust video transmission over unreliable channels. The DSC principles are the same 

but, in this case, the virtual channel includes the errors introduced during the transmission of a 

video sequence over an error-prone network. 

DVC Error Resilience Performance  

Most of the DVC codecs are characterized by in-built error robustness due to the lack of the 

prediction loop that characterizes conventional motion-compensated predictive codecs. When 

channel errors occur, the side information is corrupted with þerrorsÿ introduced by the virtual 

channel and þerrorsÿ introduced by the transmission losses; thus, DVC will operate as a joint source-

channel codec and not only as a source codec. The first experimental results demonstrating the 

good DVC error robustness were presented by Puri et al. for the PRISM codec [58]. In [58], after a 

frame loss is introduced, it is observed that a conventional predictive video codec (H.263+) leads to 

drift (i.e., error propagation) and a significant drop of the video quality. However, with PRISM, the 

video quality is only slightly affected and no drift occurs. In [79], Puri et al. used a wireless channel 

simulator and the PRISM video codec has demonstrated superior robustness to packet errors when 

compared to several H.263+ solutions for a wide range of packet loss rates (PLR) and video 

sequences. The error resilience performance of the feedback-channel based Stanford video codec 

was studied by Pedro et al. in [46]. The results confirm the intrinsic error resilience capability of the 

DVC codec, due mostly to the usage of turbo coding and the lack of the prediction loop at the 

encoder. The most interesting result is that, for the adopted test conditions, the DVC codec 

performs better than the H.264/AVC (Inter) standard considering an error-prone channel and small 

GOP sizes.  

Systematic Lossy Source -Channel Coding  for Predictive Video Coders  

The notion of systematic lossy source-channel coding was first  introduced by Shamai et al. in [119]. 

Consider a system where the decoder has access to a noisy version of the original data in analog or 

digital form; then, to provide error resilience, a coded version of the same data is used (by the 

decoder) to reduce the average decoded distortion at the cost of an increase in the information 

transmission rate. Distributed source coding has a very close relation with systematic lossy source-

channel coding since it may efficiently play the role of the auxiliary coded channel. Thus, most of 
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the DVC coding schemes that focus on error resilience, attempt to increase the robustness of 

predictive encoded video by adding an auxiliary channel with redundant information encoded 

according to the distributed source coding principles. In the coding architecture shown in Figure 2ü

14, the input video Ὓ is both compressed with a hybrid (or predictive) video encoder and a Wyner-

Ziv video encoder. When errors occur in the transmission of the conventional encoded bit-stream, 

error concealment is applied at the decoder and the decoded noisy version Ὓᴂ (different from the 

reconstructed frame at the encoder) is used as side information. The SI frame obtained by error 

concealment may have unacceptably large errors (low quality) which are corrected by a Wyner-Ziv 

decoder (receiving the WZ bit-stream) which produces the enhanced decoded video, Ὓᶻ. The output 

of the Wyner-Ziv decoder, Ὓᶻ, is fed back to the hybrid video decoder to be used as a more accurate 

reference frame and, thus, error propagation is mitigated. 

Figure 2ð14 : Robust video transmission using a WZ bit -stream [120 ]. 

Following the systematic lossy source-channel coding architecture, Sehgal et al. presented in [121] 

one of the first video coding schemes which transmits auxiliary WZ encoded data only for some 

frames, to stop drift propagation at the decoder. The proposed video coding algorithm mitigates the 

propagation of errors in predictive video coding by periodically transmitting to the decoder a small 

amount of additional information, generated by LDPC coset codes instead of periodically sending 

Intra coded frames. Following the distributed coding approach, the coset information is able to 

correct the errors, without the encoder having a precise knowledge of the packets or information 

that was lost. This leads to a state-free codec design [122] where the video encoder and decoder do 

not have to maintain the same state while decoding the next frame. 

At Stanford University, this coding architecture was followed by protecting an MPEG-2 Video coded 

bit-stream with an independent DVC bit-stream [9], [123], achieving graceful degradation with 

increasing channel loss rate without using a scalable representation, overcoming a major limitation 

of the available predictive video coding schemes. This systematic coding approach is compatible 

with systems already deployed, such as MPEG-2 Video digital TV broadcasting, since the WZ bit-

streams can be ignored by legacy systems while they would be processed by DVC enabled receivers. 

In [123], Aaron et al. proposed to generate an auxiliary WZ bit-stream from the prediction error 

signal (quantized), by concatenating a coarse quantizer, entropy coding and a systematic Reed-

Solomon code. This coarser WZ representation can be transmitted at a very low bit-rate to limit the 
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amount of quality degradation that can occur in the decoded video sequence when transmission 

errors occur. This systematic lossy error protection (SLEP) framework has been extended for the 

H.264/AVC video coding standard by Rane et al. in [124]. In [125], Wang et al. have proposed to 

model the correlation noise for the overall, source correlation plus network loss SI distortion 

channel; an auxiliary channel with a subset of the conventional stream transform coefficients is 

DVC coded to improve error robustness. In [126], Bernardini et al. proposed a rate allocation 

algorithm at the encoder side to estimate the distortion in the DCT domain, when packet losses 

occur. The proposed coding scheme performs better than adaptive Intra-refresh for all PLRs and it is 

better than a FEC based scheme for medium and high PLRs. 

2.5.2  Scalable DVC Schemes  

Scalability is a very important functionality for video streaming in heterogeneous environments, for 

example in terms of networks and terminals. In current scalable codecs, there is typically a 

hierarchical predictive approach from lower layers to upper layers, requiring the encoder to use as 

reference the decoded frames from the previous layers in order to create the successive layers (e.g., 

with SNR or spatial resolution enhancements). However, the WZ prediction loop-free approach 

between the scalable layers no longer requires deterministic knowledge of the previous layers (just 

a correlation model), which means the layers may be generated by various, different and even 

unknown codecs. In this case, only the correlation between one layer and the side information 

created from the previous layer has to be known to use a sufficiently strong Slepian-Wolf code and 

to convert the side information into the necessary soft-input probabilities for Slepian-Wolf 

decoding.  

In [127], Steinberg and Merhav formulated and studied, from a theoretical perspective, the problem 

of successive refinement (SR) in the WynerüZiv coding scenario which has a close relationship to 

scalable DVC schemes. Figure 2ü15 illustrates the specific case of two-layers successive WZ coding. 

Basically, a source ὢ is encoded in two layers: at a coarse layer with rate Ὑ, the decoder 

reconstructs ὢ with side information ὣ and at a refinement layer where an additional rate ɝὙ 

allows to obtain ὢ, a more accurate reconstruction of ὢ when compared to ὢ. It is assumed that ὣ 

is a better estimate of ὢ than ὣ. In this setting, [127] characterized the rate region for the SR of two 

sources and shown that no penalty is paid by the successive WynerüZiv coding, when identical side 

informations are used at all layers, for Gaussian sources using a quadratic distortion measure. 

However, this fails to happen in practical video coding schemes since ὣ (the enhancement layer SI) 

brings additional information from previously decoded frames, when compared to ὣ and thus a 

performance penalty can occur with respect to a nonscalable system (with side information ὣ). 

Refer to [78], [106] where this rate loss is theoretically discussed. 
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Figure 2ð15 : SR with different side information at each decoder [106] . 

Already in 2004, Sehgal et al. [128] proposed a solution for the scalable predictive video coding 

problem using a DVC coding framework. In this context, the prediction for each video frame is 

modeled as a corrupted frame that was transmitted through a virtual  channel. In this way, layered 

video coding is recast as the problem of correcting the errors introduced by this virtual  channel 

while still preserving error robustness and flexible complexity allocation between the DVC encoder 

and decoder. In this compression algorithm, the encoder has to determine [128]: i) a prediction 

through standard H.264/AVC MC techniques; and ii) parity information by employing a bank of 

LDPC codes applied to the quantized DCT coefficients of the original frame. At the decoder, the same 

prediction is generated (based on the previous decoded frames) and used as side information. With 

the parity information, a bank of LDPC decoders corrects the SI errors up to a certain target quality 

(and thus SNR scalable coding is obtained); finally, a minimum MSE reconstruction is applied to 

obtain the decoded DCT coefficients. The authors claim results demonstrating that the proposed 

approach is approximately 4 dB superior to a H.26L-based conventional scalable video coding 

approach.  

Another class of DVC codecs, encodes the WZ frame in two layers: a LQR layer and a WZ layer for 

which parity bits are generated and sent to the decoder. This approach has the advantage that the 

LQR layer can be used for SI generation. One of the solutions following this type of DVC architecture 

was proposed by Martinian et. al in [38], where the LQR layer is coded with a H.264/AVC zero-

motion codec, i.e., using temporal prediction restricted to the collocated block in the previous 

frame. Mukherjee et al. used a similar approach in [129], where the LQR layer has a lower spatial 

resolution (the source is decimated by a fixed factor) and is encoded with the H.263+ Inter mode; 

however, it has higher encoder complexity than the solution in [38], since ME is performed. In [129], 

the core DVC encoder works on a residual frame that is constructed by subtracting the current 

original frame to the interpolated reconstructed frame that is obtained by decimation, H.263+ Inter 

coding and interpolation of the reconstructed low resolution frame. In [106], Wang et al. assumed 

that there is no constraint in encoder complexity and the objective was to improve the MPEG-4 FGS 

coding RD performance, by exploiting at the decoder the enhancement layer (EL) temporal 

correlation. In proposed FGS DVC codec EL [106], refinement bit-planes are encoded with a hybrid 

approach, using either LPDC codes and interlayer prediction or conventional FGS variable-length 
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coding tools (Intra), depending on the amount of temporal correlation. The experimental results 

show coding efficiency gains of 3ü4.5 dB for the FGS based DVC codec over MPEG-4 FGS, for video 

sequences with high temporal correlation.  

A layered DVC coding architecture is proposed in [130] achieving both scalability and error 

resilience. There, Xu and Xiong proposed a layered DVC codec where the original video sequence is 

encoded with the H.264/AVC video codec in the base layer and is simultaneously encoded in the 

enhancement layer with the DCT transform, followed by nested scalar quantization and LDPC codes. 

Due to the EL organization in bit-planes and the use of multilevel coset LDPC codes, the WZ bit-

stream can be decoded at several quality levels and graceful quality degradation (when available 

bandwidth decreases) is achieved. While the DVC codec performs worse than conventional FGS 

coding for error-free conditions, the opposite is true for CDMA2000 1X standard error channel 

characteristics. In [131], Ouaret et al. proposed several WZ coding-based scalable architectures 

providing different types of scalability, notably temporal, quality, and spatial, on top of the 

DISCOVER DVC codec [39]. Finally, in [81], Tagliasacchi et al. proposed a scalable version of PRISM 

addressing both spatial and temporal scalability. In the proposed codec, the base layer is exploited 

by letting the decoder to use any prediction (spatial, temporal or spatiotemporal) and by using the 

base layer motion vectors to (offline) estimate the correlation noise for each prediction. 

Experiments show that the proposed scalable PRISM codec is more resilient to packet losses than 

conventional predictive codecs and even outperforms, by a significant margin, predictive coded bit-

streams protected with FEC codes under reasonable latency constraints.  

2.5.3  Encoder Rate Allocation  

The feedback channel is very likely the most controversial feature in the Stanford DVC architecture 

since it implies not only the presence of the feedback channel itself but also requires that the 

application has to work in real time; the application and the video codec must also be able to 

accommodate the delay associated with the feedback channel. On the other hand, the usage of the 

feedback channel simplifies the rate control problem since the decoder can attempt to decode the 

source with the available side information and only request more information if necessary, thus, 

easily adjusting the necessary bit-rate. To allow the Stanford DVC solution to be applicable to other 

applications that do not fulfill  the conditions above (e.g., storage applications or video streaming), a 

DVC codec with encoder rate allocation, where the feedback channel is not necessary, was proposed 

by Morbee et al. in [132] for the pixel domain Stanford-based DVC codec and by Brites and Pereira in 

[133] for the more efficient transform domain Stanford-based DVC codec. In both encoder rate 

allocation (or control) solutions, a coarse representation of the decoder SI is constructed at the 

encoder; [132] used the average interpolation of two key frames while [133] proposed a fast motion 

compensated frame interpolation (FMCFI) technique to obtain more accurate rate estimation for 

medium and high motion video sequences. After the estimation of the encoder SI, the necessary 

parity rate is calculated in [132] with the bit-plane error probability (the virtual channel is modeled 

as a BSC) and in [133] with a rate allocation function that depends on the bit-plane conditional 
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entropy (assuming a Laplacian virtual channel) and the bit-plane relative error probability. As 

expected, the experimental results show that the pure encoder rate control solutions present some 

losses when compared to pure decoder rate control solutions; in [132], up to 35% of rate loss and 

0.19 dB in PSNR loss are observed, while in [133] a loss of up to 1.2 dB (for the same bit-rate) is 

observed for the highest bit-rates. 

An interesting improvement on decoder rate control without completely giving up on the feedback 

channel is hybrid rate control. For this case, rate control processing is made both at the encoder and 

at the decoder [47], [87]. While the encoder has to make a conservative estimation of the necessary 

rate, the decoder has the task of complementing this rate using the feedback channel, if necessary. 

The main hybrid rate control advantage regards the reduction of the decoding complexity and delay 

since SlepianüWolf decoding will have to be run a substantially lower number of times. While 

encoder rate overestimation is paid with losses in RD performance regarding the pure decoder rate 

control solution, encoder rate underestimation is paid with increased decoding complexity and 

delay regarding a ideal encoder rate control. For both decoder and hybrid rate control, it is essential 

to have efficient request stopping criteria that allows to stop the parity rate requests after 

estimating that a certain error probability (e.g., typically ρπ  for each WZ bit-plane) has been 

reached [87], [88]. Kubasov et al. calculated in [87] the minimum rate with the conditional entropy 

Ὄὢȿὣ assuming the usual Laplacian correlation model (estimated at the decoder and sent to the 

encoder using the feedback channel). Later, Areia et al. proposed in [47] a low complexity hybrid 

rate control mechanism where the rate for each DCT band bit-plane is calculated based on the 

corresponding rate (same band/bit-plane) spent in the previous three decoded WZ frames. This 

solution performs rather well for low and medium motion sequences, since the model used assumes 

that rate is stationary along time. Both these algorithms [47], [87] allow significant decoding 

complexity reductions (and delay) without significantly affecting the RD performance; however, 

they still need the feedback channel. 

2.5.4  Encoder RD Control  

To satisfy requirements such as uniform quality and/or a constant bit-rate across time, it is 

necessary to have at the encoder RD algorithms which control the quality and/or rate of both key 

frames and WZ frames by adjusting the corresponding quantization parameters. This is a difficult 

problem, since the quality and rate (i.e., the RD point) of the WZ frames strongly depend on the SI 

quality (besides the WZ quantization step and CNM) which depends itself on the quality (and thus 

rate) of the key frames. Roca et al. proposed in [134] a distortion control algorithm for a Stanford-

based pixel domain DVC codec. The proposed algorithm models the coding distortion of each WZ 

frame at the encoder as a function of the step size to fulfill the distortion constraints and thus 

achieve a certain smooth quality over time. The proposed solution consists in the estimation of the 

average quadratic distortion assuming a Laplacian correlation model and an exhaustive search 

algorithm that selects the best quantization parameter for each WZ frame. In [135], Sofke et al. 

proposed an efficient and dynamic solution to guarantee a certain target video quality for a 
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Stanford-based transform domain DVC codec. The proposed solution includes online quality control 

processing for both the key frames and WZ frames using adequate distortion models; see Figure 2ü16 

for the overall quality control encoding architecture. For the key frames quality control, a quadratic 

distortion-quantization model with online parameter estimation is used while correlation noise 

modeling with FMCFI is performed for the WZ frames quality control to calculate the quantization 

level for each WZ band. Following a different approach, Jakubowsky et al. attempted in [48] to reach 

a constant bit-rate while minimizing the changes in the decoded sequence quality. In the proposed 

solution, the encoder allocates the bit-rate for each frame (Intra or WZ) by adjusting the 

quantization parameter of the Intra and WZ frames according to two rate models. 

Figure 2ð16 : Encod er architecture for the dynamic quality control [135] . 

2.6  Final Remarks  

This chapter has reviewed the state of the art on mono-view distributed video coding, from the 

basics and the early DVC codecs to the more recent developments available in the literature, 

focusing on improvements for the Stanford DVC codec architecture. Compared with predictive 

coding, DVC promises an enhanced video codec with the following potential benefits for several 

important applications: a more flexible allocation of the encoder/decoder complexity, increased 

error robustness to channel errors, and joint decoding of independently encoded views in MVC set-

ups, without requiring Inter-camera communication. 

By combining some of the techniques described in this chapter, an European team of researchers 

have built the highly competitive DISCOVER DVC codec [39], one of the most efficient DVC codecs 

available that shifts the bulk of computation, i.e., the motion estimation and compensation 

processes, to the decoder side. In terms of RD performance [83], [56], the DISCOVER video codec 

already outperforms the H.264/AVC Intra codec, for most test sequences, and for GOP size 2; for low 

motion activity sequences, the DISCOVER DVC codec may even outperform the H.264/AVC zero-

motion codec. For longer GOP sizes, outperforming H.264/AVC Intra is more difficult , highlighting 

the importance and difficulty of getting good quality side information, notably when key frames are 

farther away. On the other hand, the DISCOVER DVC encoding complexity (including Intra and WZ 
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frames) is always lower than the H.264/AVC Intra encoding complexity [83], [56], even for GOP size 2 

where it performs better in terms of RD performance. Since the DISCOVER codec performs better 

than H.264/AVC Intra for GOP size 2, for most sequences, DVC coding already emerges as a credible 

video coding solution when encoding complexity is a critical requirement (even if at the cost of 

some additional decoding complexity). Good examples of these applications may be deep-space 

video communications, wireless video surveillance, and visual sensor networks.  

DVC also offers an attractive robustness to transmission errors and a simple and straightforward 

way to perform joint source-channel coding. Due to the natural encoder uncertainty about the 

þstateÿ of the decoder, most DVC schemes are naturally able to reduce the drift between the encoder 

and the decoder that occurs with predictive video codecs in error prone channels. Additionally, 

layered DVC codecs can be used to protect predictive video coding bit-streams and to obtain 

graceful degradation when the network conditions change, a desired property lacking in many FEC 

schemes.  

However, even with a growing number of novel contributions every year, several important DVC 

related questions still need to be addressed in a more convincing and solid way in order to reduce 

the significant gap in RD performance when compared to the predictive video coding state-of-the-

art. A similar research effort to what was devoted to predictive coding may be needed to determine 

if and under which conditions it is possible to transform the foundations of distributed source (and 

video) coding into practical and deployable video codecs with wide usage. The most important 

challenges that need to be addressed by further DVC research were identified in several key 

contributions by Guillemot et al. [78], Girod et al. [9] and Puri et al. [79] and are summarized here: 

1. The efficient creation of side information at the decoder when the original source is totally 

unknown or only partially known, e.g., using sophisticated motion models [78], [79]. 

2. The efficient estimation at the encoder and/or decoder of the virtual  correlation channel 

when the side information at the encoder (or the original source at the decoder) is unknown 

or only partially known [9], [78]. 

3. The development and tight integration of sophisticated channel codes in the DVC codec, such 

as turbo and LDPC codes, while maintaining a block-level motion modeling philosophy [79]. 

In the next chapters, some of these DVC challenges are addressed by proposing novel techniques at 

the core of a Stanford transform domain DVC codec, focusing on the much needed RD performance 

improvements. In this Thesis, a significant effort was devoted to the first challenge, this means SI 

creation at the decoder side, where several techniques following the þtryÿ and þhintÿ approaches were 

proposed. The third challenge was also targeted by designing an LDPC syndrome code along with a 

novel rate adaptation strategy and an early stopping criterion. The answer to these challenges 

determines the capability and efficiency of the proposed DVC codec, with major RD performance 

implications, encoder/decoder complexity balance, error resilience and the need of a feedback 

channel. As it will be shown in the next chapters, the distributed source coding paradigm statistical 
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approach forces to reinvent and revisit many video coding techniques presented in the past, from 

motion estimation and compensation to transform coding, quantization and rate control.  



 

 

Chapter 3   

Side Information Creation with Frame 

Interpolation Techniques  

3.1  Introduction  

Qla^vÿp mobaf`qfsb sfabl `lafkd p`eemes exploit the temporal redundancy in video sequences by 

encoding the difference between the motion compensated prediction (MCP) frame (obtained from 

past and/or future decoded frames) and the current frame. The encoder tasks include the complex 

motion estimation process, the integer DCT transform and quantization, entropy coding of the 

motion vectors and quantized DCT coefficients, and the construction of the complex bit-stream with 

all the necessary auxiliary information (e.g., the coding modes). In this context, most of the 

complexity lies at the encoder while the decoder acts as a jbob þpi^sbÿ lc qeb bk`labo þloabopÿ ^ka) 

thus, it is much less complex. In predictive video coding, significant improvements in RD 

performance, e.g., in the H.264/AVC standard [2], were achieved in the past by using powerful ME 

techniques to generate the MCP frame, such as variable block sizes, multiple reference frames, and 

sub-pel spatial interpolation filters. All these techniques jointly contribute to a more accurate 

prediction, which lowers the energy of the residual between the prediction and the original frames, 

leading to a lower bit-rate for the same target quality. In DVC coding, motion estimation is typically 

performed at the decoder to generate the side information, keeping the encoder simple and, thus, 

with very low complexity. On the other hand, the absence of the prediction loop at the encoder 

offers novel error resilience capabilities since, in this case, all WZ coded frames are independently 

(Intra) encoded and conditionally (Inter) decoded based on information derived from already 

decoded frames. This effectively reduces the error propagation at the decoder (a critical issue in 

predictive video coding schemes) when channel transmission errors, common in wired and wireless 

networks, such as packet losses and bit errors, damage the bit-stream. However, it is expected that 

the natural error resilience and low encoding complexity features of DVC schemes can be achieved 
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with minimum loss, if any, in terms of coding efficiency; this corresponds to a RD performance close 

to the best available predictive video coding schemes, in this case, the H.264/AVC standard [2]. 

The techniques to generate the side information at the decoder significantly influence the RD 

performance of the DVC solution in the same way as efficient motion estimation and compensation 

techniques have been establishing the compression efficiency advances in block based predictive 

video coding. The higher the correlation between the SI (at the decoder) and the original WZ frame 

(at the encoder), the better the estimation and the fewer are the (parity) bits necessary to be sent 

from the encoder to the decoder to achieve a certain target quality. In practical DVC coding 

architectures, such as those proposed by Girod et al. [9] and Puri et al. [79], the encoder assumes the 

side information to be available at the decoder and the encoder sends parity bits to improve its 

quality, very much following a channel coding approach7 ^ þ`loormqbaÿ pfdk^i tef`e kbbap ql _b 

improved is available at the decoder. As described in Section 2.4.2, SI can be created using different 

approaches; the focus of this chapter is on the guess approach where the side information is created 

by just using previously decoded frames without any information about the original WZ frame (only 

available at the encoder). The guess approach is very likely the most widely studied and better 

performing SI creation solution for DVC coding; the techniques following this approach can be 

classified into:  

× SI by extrapolation: The SI frame is estimated based on past reference (previously decoded) 

frame(s). 

× SY by interpolation: The SI frame is estimated based on neighboring frames, using both past 

and future reference (previously decoded) frames.  

This chapter adopts an interpolation approach since higher RD performance can be achieved; 

however, for low-delay solutions, a motion extrapolation approach is very likely needed [25], [100], 

[136]. The SI frame interpolation and extrapolation approaches can be implemented using several 

techniques; one popular approach is to track the motion trajectories between the reference frames 

(available at the decoder) by motion estimation and then inferring the SI frame by motion 

compensation. This approach is usually called motion compensated frame interpolation (MCFI) or 

extrapolation (MCFE). Since, in DVC coding, the decoder does not have access to the current WZ 

frame, it is necessary to develop a different set of motion processing techniques for SI generation, 

when compared with the ME/MC techniques employed at the encoder in conventional predictive 

video coding schemes (where the original frame to encode is always available).  

To guide the development of novel techniques, Annex A characterizes theoretically the DVC 

efficiency when MCFI techniques are used for SI generation. The DVC compression efficiency rate 

model proposed in Annex A, relates the estimation error power spectral density to the accuracy of 

the MCFI motion field which allows to obtain some interesting conclusions, notably related to the 

impact of the motion field smoothness on the compression performance. Based on the conclusions 

of the theoretical study, the following novel techniques are proposed in this chapter: 
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1. Novel motion compensated frame interpolation techniques: The motion compensated 

techniques used in predictive video coding have been used as inspiration to develop novel 

MCFI techniques increasing the SI quality, when compared to previous state-of-the-art 

algorithms. The novel techniques work at the block level, as in predictive video coding, in 

order to capture the local motion in a robust and accurate way. The main goal is to calculate a 

piecewise smooth motion field, i.e., a motion field that captures simultaneously the local 

motion caused by moving objects, and the global motion of the scene. In this context, the 

following MCFI techniques are proposed: motion estimation with smoothness constraint 

(Section 3.3.1), bidirectional motion estimation with linear trajectories (Section 3.3.2), 

hierarchical motion estimation (Section 3.3.3) and spatial motion filtering (Section 3.3.4). 

2. Advanced side information creation framework: To achieve a higher DVC RD performance, all 

the proposed novel MCFI algorithms are integrated in an advanced SI creation framework. The 

efficiency of the proposed techniques is studied in a cumulative way to understand the added 

value of each technique, i.e., how much the SI quality is incrementally improved. 

3. Adaptive GOP size (AGS) control: One common approach to perform frame interpolation is to 

use successive groups of a fixed number of pictures, which is normally referred as a fixed GOP 

size solution. However, the use of varying GOP sizes brings an additional advantage by better 

adapting the temporal interpolation structure to the amount of temporal correlation in the 

video content. In this chapter, a technique to better exploit the temporal correlation of the 

frames inside the GOP is proposed, i.e., a DVC encoder with AGS control that chooses longer 

GOP sizes when there is more temporal redundancy available and vice-versa. 

To assess the impact and benefits of the proposed contributions, notably in terms of overall RD 

performance, the SI creation framework and the AGS control mechanism are integrated in a DVC 

codec adopting the Stanford transform domain DVC architecture; moreover, the other modules in 

the proposed DVC codec were improved with several state-of-the-art techniques when compared to 

the early DVC codec presented in Section 2.3.1 [9]. The DVC codec performance including the novel 

SI creation techniques is also compared with two alternative codecs using state-of-the-art SI 

estimators from the literature [100]. The SI quality is also compared to the corresponding quality of 

the H.264/AVC standard B-frame prediction.  

The rest of this chapter is organized as follows. In Section 3.2, the transform domain DVC codec 

architecture adopted in this chapter is briefly described. In Section 3.3, novel motion compensated 

frame interpolation techniques are proposed and analyzed while, in Section 3.4, an advanced SI 

creation framework integrating all the techniques proposed in Section 3.3 is presented. In Section 

3.5, the adaptive GOP size control mechanism is described, notably the motion activity metrics and 

the hierarchical clustering technique. Section 3.6 is dedicated to the performance evaluation of all 

the proposed techniques; first, the side information framework with a fixed GOP size operation and, 

after, the AGS based DVC codec. The evaluation also includes a comparison with other state-of-the-

art codec alternatives, notably relevant standard-based predictive codecs and DVC codecs with 

other SI estimators. Finally, in Section 3.7 some conclusions are presented. 
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3.2  Frame Interpolation based DVC Codec Architecture  

To study the impact of the proposed AGS and SI creation techniques in the overall RD performance, 

it is necessary to integrate them in a practical DVC codec. Figure 3ü1 illustrates the DVC coding 

architecture, highlighting the two modules for which novel solutions are proposed in this chapter: 

1) an AGS control mechanism at the encoder; and 2) the side information creation module at the 

decoder, where a adaptive GOP size frame interpolation framework is employed. The DVC codec 

adopted in this chapter follows the basic coding architecture proposed in [9] ý a transform domain 

turbo coding based codec with feedback channel described in more detail in [40]; this is one of the 

most used and high performance DVC codec designs.  

 

Figure 3ð1: Architecture of the transform domain DVC codec . 

In a nutshell, the adopted DVC encoder works as follows:  

1. Adaptive GOP size control: The coding process constructs each GOP by dynamically dividing 

the video frames into key frames and WynerüZiv (WZ) frames. This task is performed by the 

novel AGS control mechanism, abandoning the fixed GOP size approach, typically used in the 

literature [9]. At the encoder, the novel shaded module performs the proposed AGS control 

based on the current frame ὢ and the previous frame ὢ  and classifies each frame as WZ or 

key frame. The key frames are coded using the H.264/AVC Intra coding scheme [2]. 

2. Integer DCT transform and uniform quantizer: The WZ frames are coded using a DVC approach 

which starts by applying a H.264/AVC τ τ integer DCT, followed by the construction of the 

DCT coefficients bands, which represent the DCT coefficients of the entire frame ὢ at the 

same position within the τ τ blocks. Then, each DCT band is uniformly quantized [40], and 

bit-planes are formed and sent to the turbo encoder. 

3. Turbo encoder: The turbo encoder generates the corresponding parity sequences. Only the 

parity bits are stored in the buffer, to be punctured and transmitted in small amounts upon 

decoder request via the feedback channel.  

At the decoder, the following procedures are performed: 

1. Side information creation: The SI creation module generates ὣ using the frame interpolation 

framework proposed in this chapter, based on two references, one temporally in the past, ὢ , 
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and another in the future, ὢ. While for GOP size 2, the two references are the two neighboring 

key frames of the WZ frame to be decoded, for longer GOP sizes, previously decoded WZ 

frames may also play the role of reference frames for the decoding of other WZ frames in the 

GOP. Notice also that the frame interpolation module must support any GOP size and, thus, 

define a suitable interpolation mechanism, i.e., the order to interpolate the WZ frames and 

their mutual dependencies (reference frames).  

2. Correlation noise model: Then, the integer DCT transform is applied to the SI frame ὣ, forming 

the decoder estimation of the DCT bands. The ὣ DCT bands are not used directly by the turbo 

decoder since they are converted into soft-input information, through a CNM that expresses 

the statistical dependency between ὢ (at the encoder) and ὣ (at the decoder). The coding 

efficiency of most DVC solutions strongly depends on the capability to model this dependency 

(or þsfoqr^i `e^kkbiÿ& fk ^k ^``ro^qb t^v8 fk qefp `^pb) fq t^p sbofcfba qe^q a Laplacian 

distribution approximates well the error ȿὢ ὣȿ distribution (as shown in Section 2.4.3). The 

Laplacian distribution parameter is computed by online estimation of the error distribution (at 

the decoder), based on a residual frame which represents the confidence (or matching success) 

of the frame interpolation operation, in practice a rough estimate of the interpolated frame 

quality [113] (check Section 2.4.3 for more details).  

3. Turbo decoder: The turbo decoder uses the Log-MAP algorithm to generate the decoded 

(almost error free) quantized symbol stream based on the received parity bits and the soft-

input information provided by the correlation model. The decoder must also determine, at the 

end of each turbo decoding run, if the target bit-plane error probability ὖ has reached an 

acceptable value or not: e.g., if  ὖ ρπ , the decoder requests for more parity bits from the 

encoder; otherwise, the bit-plane turbo decoding task is considered successful, and the 

decoding of another bit-plane may start. The bit-plane error probability ὖ is estimated based 

on the log-likelihood ratio (LLR) of the decoded bits [87] (check Section 2.4.1).  

4. Reconstruction and IDCT: The SI frame is also used in the reconstruction module, together 

with the decoded quantized symbol stream and the CNM to estimate the quantized DCT 

coefficients [9], [19] (check Section 2.4.5). Finally, the integer IDCT is applied to the 

reconstructed DCT coefficients and the decoded frame ὢ is obtained. To obtain the decoded 

video sequence, the decoded key frames and WZ frames are conveniently mixed. 

3.3  Motion Compensated Interpolation Techniques  

In distributed video coding, the choice of the techniques to generate the side information 

significantly influences the RD performance; more accurate SI through better MCFI means fewer 

errors (ὣ is more similar to ὢ), leading to a reduction in the necessary WZ bit-rate for the same 

target quality. A straightforward way to generate the SI is to apply traditional ME techniques (e.g., 

full search ME) between the available decoded past and future frames, e.g., ὢ and ὢ, and 

reconstruct ὣ using the estimated motion field. However, this approach may result in rather noisy 
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motion fields [137], [138] since ignores the true trajectories of each object/background in the scene. 

Since the frame to estimate is neither ὢ  or ὢ but a frame between them, when the estimated 

motion field is more accurate and close to the þtrueÿ motion, better SI quality may be obtained [23], 

[97], [98]. The MCFI efficiency analysis presented in Annex A, also shows that a high correlation to 

qeb þtrueÿ motion is necessary to obtain high coding efficiency. Thus, a set of techniques different 

from those used in traditional ME (thus, used in predictive video codecs) is necessary: the approach 

proposed here is to estimate a piecewise smooth motion field which is discontinuous at the 

boundaries of objects with different motions (e.g., foreground versus background), and smoothly 

varying within each object under the same motion. To obtain this motion field, four techniques are 

presented, independently from each other, in the next four subsections; each one can be 

individually combined with MC to generate a better SI frame. However, a superior RD performance 

can be achieved if all the proposed techniques are combined in an advanced SI framework as 

presented in Section 3.4 and evaluated in Section 3.6.2. 

3.3.1  Motion Estimation with Smoothness Constraints  

The main objective of this technique is to perform motion estimation between the previous decoded 

frames ὢ and ὢ , i.e., to determine for each ὢ block a motion vector which points to an arbitrary 

position in frame ὢ . A common approach to estimate this motion field is to use a block matching 

algorithm to obtain, for each Ὧ-th block in ὢ, the motion vector that minimizes the distortion Ὀ  

between ὢ and ὢ , as defined by the following unconstrained problem: 

ὺᶻ ÁÒÇÍÉÎ
ᶰ
Ὀ ὺȟὠ ὓȟὓ ὓȟὓ  ȟ (3.1) 

where ὺᶻ is the motion vector for the k-th block in ὢ minimizing the distortion Ὀ . In (3.1), ὺ 

represents a motion vector belonging to the ὠ motion vector candidate set and ὓ  is the ME search 

range in ὢ . The candidate motion vectors must be within the search range, in this case with integer 

pixel precision. In this context, one important issue in the design of the ME algorithm is the 

distortion metric used to calculate the prediction error for a given ὢ block. In the case of block 

based ME, one popular distortion metric is the mean absolute difference (MAD) for the luminance Ὧ-

th block:  

Ὀ ὺ ὓὃὈ ὺȟὺ
ρ

ὔ
ȿὢ ὼȟώ ὢ ὼ ὺȟώ ὺ ȿ

ȟ

 ȟ (3.2) 

where ὔ ὔ is the block size, ὢ Ὧ represents the Ὧ-th block of frame ὢ and ὺ ὺȟὺ  is the 

displacement for which the ὓὃὈ criterion is evaluated. However, using (3.1) and (3.2) to minimize 

the individual block distortion Ὀ  may result in a quite noisy motion vector field, especially when 

the search range is large [137]. To address this problem, the author proposes to include an 

additional penalty term of the MAD criterion in (3.2) [23], a solution to be used in the next chapters 

and presented in Section 4.5. In [23], the motion field is regularized by favoring motion vectors 
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closer to the origin while, in [139], the difference between the maximum and minimum values of the 

residual block is considered. 

An alternative to the solutions above may be defined with inspiration from the rate-distortion 

optimized motion estimation (RDO-ME) techniques, which have achieved significant RD gains in 

predictive video coding schemes. In RDO-ME, the choice of a motion vector depends both on the 

distortion (e.g., MAD) and the rate (the associated cost) to encode it [138]; thus, motion vectors with 

higher distortion values (compared to the minimum distortion) may still  be selected if the rate to 

encode them is rather low. Since motion vectors are differentially encoded, i.e., their prediction is 

formed from neighboring data, the resulting motion field is smoother. In DVC coding, a similar 

framework to RDO-ME can be used at the decoder to obtain a piecewise smooth motion field. 

However, since in DVC the ME is performed at the decoder, when the WZ bit-rate is unknown, a 

different optimization technique is needed. To track the motion trajectories as close as possible to 

the natural motion field, it is proposed to exploit the smoothness (or spatial correlation) ꜟ of the 

motion vectors in an explicit way by using the following Lagrangian cost function: 

ὐὺȟȣȟὺȟȣȟὺ Ὀ ὺȟȣȟὺȟȣȟὺ ‗ꜟ ὺȟȣȟὺȟȣȟὺ  ȟ (3.3) 

where ὺ, Ὀ ὺ  represent the motion vector and distortion of block ὢ Ὧ, respectively, and ὲ is 

the total number of blocks in a frame. To define the smoothness ꜟ of the motion field, it is necessary 

to assume that the 2D distortion surface (which represents the error Ὀ ὺȟȣȟὺ  for 

displacements in the ὼ and ώ directions) has a global minimum and increases monotonically when 

the motion vector deviates from the optimal minimum value [140]. Considering that blocks ὢ Ὦ 

and ὢ Ὧ are neighboring blocks and ὺӶ is the motion vector of block ὢ Ὦ, Ὀ ὺ increases as ὺ 

deviates from ὺӶ according to: 

Ὀ ὺ Ὀ ὺӶ ‌ὺ ὺӶ ȟ (3.4) 

where ‌ is a scaling factor. Considering that vector ὺ is one candidate vector for block ὢ Ὧ, it is 

possible to define the smoothness ꜟ  as a function expressing the similarity between any two 

neighboring blocks, by using the vector error difference ὺ ὺӶ between their corresponding 

motion vectors. Thus, if (3.4) is solved in order to ὺ ὺӶ, it comes: 

ꜟ ὺ ὺ ὺӶ ‌ Ὀ ὺ Ὀ ὺӶ Ȣ (3.5) 

Substituting (3.5) into (3.3), the Lagrangian cost function becomes: 

ὐὺ Ὀ ὺ ‗Ὀ ὺ Ὀ ὺӶ ȟ (3.6) 

where ‗ is the Lagrange multiplier which also incorporates the scaling factor ‌. The smoothness ꜟ  

(2nd term in (3.6)) should be calculated, at least, for eight neighboring block motion vectors 
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Ὗὢ Ὧ , in order to have a reliable support. Since the goal is to minimize the distortion Ὀ  subject 

to a constraint on the smoothness ꜟ, the Lagrangian solution for this problem is given by: 

ὺӶ ÁÒÇÍÉÎὈ ὺ ‗ Ὀ ὺ Ὀ ὺӶ  Ȣ (3.7) 

The cost function (3.7) can be interpreted as a neighborhood regularization function, which takes 

into account the distortion of neighboring blocks under similar motion as the current block; in a 

general way, if a motion vector can lead to a low distortion for the current block and its neighbors, 

it will be selected as the optimal motion vector ὺӶ. This leads to a smoother motion field when 

compared to the unrestricted motion field produced by (3.1) and (3.2) since motion vectors similar 

to their neighbors motion vectors are preferred (due to the inclusion of ὅ). However, (3.7) is 

difficult to optimize because of the non-causal 8-neighborhood; this means it depends on 

neighboring blocks for which ME may not have been performed yet. Therefore, the following 

iterative algorithm is proposed: 

1. First, the motion vector ὺӶ of each block ὢ Ὧ is initialized to its optimum un-regularized 

value ὺᶻ, according to (3.1) and (3.2). 

2. Then, a random block from ὢ is selected and the motion vector for that block is calculated by 

minimizing (3.7). The 8 neighborhood blocks are obtained from a σ σ window of blocks 

centered at the chosen block and unavailable blocks (outside the frame) are not considered. 

This step is repeated until all blocks in frame ὢ have been selected. The random order brings 

an advantage over a raster scan order to avoid dependencies in only two directions, since in 

the raster scan order only the up and left neighboring blocks were already computed using 

(3.7). 

3. To guarantee the algorithm convergence (i.e., a stable solution which corresponds to a global 

minimum of (3.7)), it is necessary to repeat ὧ times step 2; experimentally, it was found that 

ὧ ρπ guarantees that the motion vectors estimated do not change between consecutive 

iterations. Using this iterative approach, more accurate motion vectors are obtained since, in 

the last iteration, every block is estimated using more reliable motion vectors in the 

neighborhood (obtained in previous iterations). 

The choice of the Lagrange multiplier ‗ has an effect on the overall SI quality; if a small ‗ is chosen, 

a very rough motion field is obtained since, for ‗ π, (3.7) will be approximately equal to (3.1) and, 

thus, only the distortion of the Ὧ-th block is minimized without taking into account any neighbors 

distortion. If a large ‗ is chosen, the smoothness factor ὅ (2nd term in (3.7)) will have a high value 

and the motion field at the boundaries of objects with different motions will be inaccurate. To 

overcome the limitation of using a fixed ‗, a technique to adjust the ‗ value based on the motion 

residual is proposed. Therefore, ‗ is computed, for each frame, adaptively and proportionally to the 
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sum of the residual block errors Ὀ ὺᶻ  calculated in the first step of the iterative algorithm (using 

(3.1) and (3.2)): 

‗
ρ

‍ὔ
Ὀ ὺᶻ ȟ (3.8) 

where ὺᶻ corresponds to the motion vector calculated in step 1 of the iterative algorithm above and 

‍ provides a way to control the Lagrange multiplier ‗ to obtain the best possible performance. 

Experimentally, it was found that ‍ ρπ provides good results (on average) even for sequences 

with different motion content; ‍ ρπ expresses that the smoothness term ὅ should represent 10% 

of the average minimum distortion per block.  

The motion field obtained with this technique represents well the motion of each ὢȭ block; 

however, the frame to estimate is ὣ for which there is no data available. Thus, it is necessary to 

guarantee that each non-overlapping ὣ block has a motion vector, in order to avoid regions where 

there is no estimation or regions with multiple estimations. So, for each ὣ block, the motion vector 

that intersects each ὣ block closer to its center is selected, from all the unrestricted motion vectors 

calculated using the smoothness distortion criterion in (3.7). 

3.3.2  Bidirectional Motion Estimation with Linear Trajectories  

In the technique presented in the previous section, there was no restriction imposed on the motion 

field between the backward ὢ  and forward ὢ reference frames, when motion estimation was 

performed. For the technique proposed in this section, the objective is to incorporate an additional 

constraint  in the estimation of the motion field: all motion vectors must cross a certain point in the 

interpolated frame ὣ, usually the center of each block. By estimating the motion of each ὣ block, a 

significant advantage is obtained when compared to the method described in the previous section 

where the motion vectors of ὢ are used for each ὣ block, an inaccurate and error prone approach 

that leads to errors in the interpolated frame. 

Thus, if the temporal position of ὣ, between the two reference frames ὢ  and ὢ, and the regular 

grid associated to the centers of each ὣ block (with no data yet) is used, it is possible to achieve a 

higher correlation with the real motion trajectories, from the perspective of frame ὣ, since the 

motion field is no longer estimated for each ὢ block (as in the previous section). A similar approach 

is also employed by the direct coding mode of H.264/AVC bi-predictive slices which infers a motion 

vector [141] by assuming a linear motion model and using temporal neighboring motion vectors. 

This type of approach was also proposed in [142] to create an interpolated frame for frame rate-up 

conversion and error concealment purposes. 

Therefore, it is possible to define the bidirectional motion estimation technique, still assuming a 

linear trajectory as in the previous section, but with two motion vectors for each ὣ block with their 

origin at the block center. As illustrated in Figure 3ü2, consider that each ὣ block has two motion 
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vectors: ὺ the motion vector pointing to ὢ  and ὺ the motion vector pointing to ὢ; consider also 

that Ὠ is the distance between frames ὣ and ὢ  and Ὠ is the distance between frames ὣ and ὢ. 

The motion vector ὺ can be used to perform motion search, i.e., given two initial motion vectors ὺ 

and ὺ, a new set of motion vectors ὺ and ὺ can be calculated according to (ὥȿὦ indicates that ὥ 

must be a multiple of ὦ): 

ὺ ὺ ὺ

ὺ ὺ ὺ
Ὠ

Ὠ
  ȟὺ Ὠ ȿὨ ȟὺ ‭ ὓȟὓ ὓȟὓ  Ȣ (3.9) 

The relation ὺ Ὠ ȿὨ implies that ὺ only assumes integer values (for the ὼ and ώ components 

of the motion vectors) in both the backward ὢ  and forward ὢ frames. Usually, ὺ assumes 

different values within the search range ὓ  and (3.9) forces all candidate motion vectors ὺ and ὺ 

to: i) have their origin at the ὣ block center; ii) have a linear trajectory; and iii) be collinear (i.e., 

both lie on the same line). 

Figure 3ð2: Bidirectional motion estimation with linear trajectory.  

Using this approach, no overlapped or uncovered areas will appear in the estimated SI frame, since 

for each non-overlapped ὣ block, a motion vector can be calculated according to the following 

algorithm: 

1. For each Ὧ-th block in frame ὣ, assume that the motion vectors ὺ and ὺ are initialized to the 

collocated positions in frames ὢ  and ὢ. 

2. Compute the motion vectors ὺ and ὺ according to (3.9), for each Ὧ-th block. 

3. Perform ME using one of the methods presented in the previous section, e.g., (3.1), (3.2) or 

(3.7), with all the motion vectors obtained in the previous step. Since these algorithms rely on 

a single motion vector ὺ for each block, this motion vector can be obtained by: ὺ ὺ ὺ. 

The motion field obtained with this algorithm is more reliable than the previous one, especially if 

(3.7) is used in step 3, since the true motion for each ὣ block is estimated with the help of 

smoothness constraints and assuming a linear trajectory of the objects (or background) between the 

backward and forward reference frames. The algorithm above can also be used to refine a motion 

field already computed by initializing the vectors ὺ and ὺ in step 1 with the motion vectors to 

refine (input). 
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3.3.3  Hierarchical Motion Estimation  

In this section, a hierarchical motion estimation (HiME) technique with multiple scales is proposed 

to obtain a more robust and accurate motion field, and with enough spatial resolution to capture the 

motion detail in a sequence. In addition, two other techniques are combined in an efficient way: i) 

adaptive search range; and ii) affine motion model. The hierarchical coarse-to-fine search approach 

is able to track fast motion and to reduce the sensitivity to quantization noise; quantization noise is 

quite common in the reference (coded) frames at low bit-rates. The procedure starts with motion 

estimation based on large block sizes where a coarse (and smooth) motion estimate is calculated. In 

the next step, the motion trajectories are refined by using a smaller block size and this process may 

be repeated until a detailed enough motion field is obtained; the minimum block is a ρ ρ region 

which corresponds to a pixel (in this case, a dense motion field is obtained). Additionally, this 

technique is combined with a new adaptive search range (ASR) approach which restricts the motion 

trajectories by including information from its neighbors, to capture the true motion field and 

correct discontinuities. The ASR performs better than a fixed one since it restricts the motion vector 

trajectory to be close to the neighboring motion vectors while still leaving room to increase its 

accuracy and precision. 

In the HiME algorithm, another important issue is the relationship between the motion vectors at a 

coarse grain scale and the motion vectors used as the starting point for ME at the finer scales. 

Considering that ὔ ὔ represents the block size at scale ί, one possible solution is to perform a 

simple copy of the motion vectors from the ί ρ coarser scale to the motion vectors at the ί finer 

scale, i.e., each four ὔ ὔ blocks (for each ὔ ὔ block) will have at its center the motion 

vector calculated at the ί ρ coarser scale. However, a more reliable estimation can be obtained if 

the local motion between adjacent blocks, at the ί ρ coarser scale, is calculated and used to obtain 

the motion vectors at the ί finer scale. Therefore, the affine motion model with a triangular region 

of support was selected since it can efficiently represent the local motion of each frame and has a 

low complexity; since the motion of each triangle is independent, it is quite possible to estimate 

more complex motion content appearing in the scene, e.g., zooms and rotations. The algorithm 

proposed here combines both tools above and consists in the following steps: 

1. Set the block size to ὔ ὔ  and for each ὣ block do: 

A. Set the search range, Ὑ  and Ὑ , in the backward and forward reference frames based on 

the neighboring blocks motion vectors: 

ὼ ὔ Ὑ ὼ ὔ
ώ ὔ Ὑ ώ ὔ  ȟ 

(3.10) 

with ὼ, ὼ, ώ, ώ corresponding to the coordinates (ὼ corresponds to the horizontal 

direction and ώ to the vertical direction) in frame ὢ for which the motion vectors of the 

top, bottom, left and right neighboring blocks are available. Figure 3ü3 shows the 

coordinates ὼ, ὼ, ώ, ώ in frame ὢ and illustrates the search range selected based on 
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the neighboring motion vectors; the corresponding positions in frame ὢ  can be 

calculated using the technique presented in the previous section, i.e., with (3.9). 

B. Obtain the best motion vector ὺȟȟὺȟ  for each Ὧ-th block ὔ ὔ by minimizing the 

chosen cost function (e.g., (3.1) or (3.7)). 

Figure 3ð3: ASR calculation based on the neighboring blocks motion vectors . 

2. Set ί ί ρ, ὔ ὔ ςϳ  and, for each ὣ block, compute the motion vector at the block 

center by using an affine motion model constructed with the motion vectors calculated with 

the ὔ ὔ  blocks. Figure 3ü4 illustrates the triangularization method used; to estimate a 

motion vector for a position at a finer scale, e.g., ὺ, a triangle with the three closest motion 

vectors ὺȟὺȟὺ  is constructed. Following this, the affine motion of each triangle is 

estimated and a motion model with the corresponding parameters is obtained; this model is 

then used to predict the motion vector at the finer scale, i.e., the ὺ value. 

3. Repeat steps 1 and 2, for each ὣ block, until ὔ ὔ .  

For sequences at QCIF and CIF resolutions, as used in the experiments performed later, it was 

experimentally found that ὔ ρφρφ and ὔ τ τ are good solutions. 

Figure 3ð4: Triangularization method to construct a local affine motion model . 

The triangularization method proposed here consists in finding the motion of point ὼȟώ in the 

current frame to the corresponding point ὼȟώ in the reference frame, i.e., an unknown motion 

vector defined by two points, considering that the motion vectors ὺȟȟὺȟ  are known, where Ὧ is 

the block index at the coarser level. Assume that the affine motion model describes well the motion 

of each point: 
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ὼ
ώ

ὥ ὥ ὥ
ὥ ὥ ὥ

ὼ
ώ
ρ
 ȟ (3.11) 

where ὥȟȣȟὥ  are the six affine motion parameters; assuming further that the three vertices of 

the triangle are under the same affine motion, it is possible to calculate the corresponding 

parameters by using (3.11) to construct a six parameter affine model from the three motion vectors 

at the ί ρ coarser scale (see step 2 above). Thus, the following system of equations can be 

obtained: 

ὼ Ὄὥḳ

ụ
Ụ
Ụ
Ụ
Ụ
ợ
ὼ
ώ
ὼ
ώ
ὼ
ώỨ
ủ
ủ
ủ
ủ
Ủ
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ụ
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ủ
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ủ
ủ
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 ȟ (3.12) 

where ὼȟώ  and ὼȟώ  correspond to points in the current and reference frames from which 

the motion vectors ὺȟȟὺȟ  are defined. Solving the system (3.12) for ὥ, it comes: 

ὥ Ὄ ὼ Ȣ (3.13) 

Therefore, to obtain a motion vector for the Ὧ-th block at a finer scale, step 2 as described above 

corresponds to the following process:  

1. Construct matrix Ὄ  (as defined in (3.12)) using the three neighboring motion vectors at the 

coarser scale, with the corresponding points in both current and reference frames. 

2. Compute the Ὧ-th block affine parameters ὥȟȣȟὥ  using (3.13). 

3. Determine the motion vector at the finer scale with (3.11).  

However, to guarantee the coherence of the motion vector field (i.e., piecewise smoothness), it is 

necessary to limit the application of this method when the motion is badly behaved or when it is not 

well described by an affine model. The major problems occur at the object boundaries, when the 

neighboring motion vectors represent two different motions, e.g., the background and the object 

motion. In such cases, the triangular area of support can give important information about the 

motion model reliability; when the triangle area is too large or too small, the triangle vertices (i.e., 

motion vectors) represent very different motions and, therefore, a reliable affine motion model 

cannot be computed. Thus, if one of the conditions: 

ὃ
ὔ

τ
᷉ ὃ σ

ὔ

τ
᷉ ÄÅÔ( π ȟ (3.14) 

is verified, the affine motion model is not computed and the motion vector available at the same 

position at the coarser scale is used. In (3.14), ὃ  represents the Ὧ-th block area and ὔ ὔ ὔ  is 

the block size. When all supporting motion vectors have the same (uniform) motion, the area ὃ  

corresponds to the area of a triangle, ὃ ὔ ςϳ . Therefore, in (3.14), the limits of area ὃ  
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correspond to the cases where the motion pattern is far away from the uniform motion case, e.g., in 

object boundaries, for which the affine motion model fails. The two limits were experimentally 

found and correspond to a minimum area of πȢυ ὃ and a maximum area of ρȢυ ὃ. In (3.14), it is 

also checked if the determinant of Ὄ  is zero, since in that case Ὄ  would not be invertible (i.e., Ὄ  is 

a singular matrix) and the affine motion model cannot be computed. 

3.3.4  Spatial Motion Filtering  

The objective of this post-processing technique (no ME is performed) is to spatially filter a noisy 

jlqflk cfbia ql obar`b qeb krj_bo lc þfk`loob`qÿ jlqflk sb`qlop tebk `ljm^oba to the true motion 

field. The algorithm proposed here uses weighted vector median filters [22], [143], extensively 

adopted in the literature for noise removal in multichannel images, since all the components (or 

channels) of the noisy image have to be taken into consideration. The weighted median vector filter 

improves the motion field spatial coherence by looking, for each ὣ block, for candidate motion 

vectors at neighboring blocks which can represent better the motion trajectory. This filter is also 

adjustable by a set of weights controlling the filter strength (or the spatial homogeneity of the 

resulting motion field) depending on the distortion Ὀ  (see (3.2)), for each candidate motion vector. 

The proposed spatial motion filtering algorithm is both effective at the image boundary, where 

abrupt changes in the direction of the motion vectors occur, as well as in homogeneous regions 

(with similar motion) where the outliers are effectively removed. The weighted median vector filter 

proposed is defined as: 

ὺ ÁÒÇÍÉÎ ύ ὺ ὺ ȟ ὺȟὺ‭ײὟὣὯײ ȟὣὯ ȟ (3.15) 

where ὺ and ὺ assume the motion vectors values of block ὣὯ and the corresponding ό nearest 

neighboring blocks motion vectors ὟὣὯ ; these motion vectors must be already available, e.g., by 

using one of the ME methods presented in the previous sections. The weights ύȟȣȟύ  correspond 

to a set of adaptively varying weights and ὺ represents the motion vector output of the weighted 

vector median filter which minimizes the sum of the distances to the other ό ρ vectors, in terms 

of a ὒ-norm (e.g., ὒ ς). The weights depend on the distortion Ὀ , a measure of the prediction 

error confidence, and are calculated by: 

ύ
Ὀ ὺ

Ὀ ὺ
 ȟ (3.16) 

where ὺ represents the current vector of block ὣὯ, which will be spatially filtered with (3.15). 

The distortion Ὀ ὺ  or Ὀ ὺ  represent the matching success for the Ὧ-th block for which the 

motion vectors ὺ or ὺ are pointing in the reference frame ὢ and the corresponding block in the 

reference frame ὢ , as in (3.2). The weights have lower values when the distortion for each 

(candidate) ὺ vector is higher, i.e., when there is a higher prediction error, and the weights have 



S IDE IN FORM ATION CREATION  WITH  FRAME  INTERP OLAT ION  TE CHN IQUES 

65  

higher values when the prediction error for each (candidate) ὺ vector is lower. Therefore, the 

decision to substitute the previously estimated motion vector with a neighboring vector is made by 

evaluating both the distortion Ὀ  and the motion field spatial properties. 

3.4  Side Information Creation Framework  

To exploit their potential, the proposed techniques must be integrated in an advanced SI creation 

framework, which is part of a distributed video codec like the one presented in Section 3.2. In 

Section 3.3, a set of novel MCFI techniques was independently proposed, all of them with the same 

main target: to compute or refine the motion field between reference frames in such a way that the 

quality of the interpolated SI frame in between is improved. Although the techniques proposed 

before may be used independently, most benefit should result when they are combined in an 

adequate way. A careful combination of the techniques in a novel SI creation framework, as 

proposed in Figure 3ü5, is beneficial since the final SI frame will have an increased quality when 

compared to the usage of each single technique.  

Figure 3ð5: Proposed side information creation framework . 

The proposed SI creation framework (shown in Figure 3ü5) consists in the following modules: 

1. Motion estimation with smoothness constraints (ME-SC): The input of this module 

corresponds to two decoded reference frames ὢ  and ὢ and the output is a coarse smooth 

motion field, capturing the true motion between ὢ  and ὢ, and forcing that all motion 

vectors cross the center of each ὣ block. In this first step (ί ρ), unrestricted ME, i.e., 

without using any knowledge about the temporal position of ὣ, is performed using the 

smoothness distortion approach as defined in (3.7). In this algorithm, a large block size 

(ρφρφ) and a search range ὓ σς are used.  

2. Adaptive search range (ASR): The next module calculates the search range for each ὣ block 

adaptively, according to (3.10). It receives as input the motion vectors calculated by the ME-SC 

module (for ί ρ) or AMM (for ί ρ) and outputs the search range for each ὣ block and the 

motion vectors received. 

3. Bidirectional motion estimation (BiME): With the motion vectors and the search range (in 

most cases, confined to a small displacement) obtained from the ASR module, the bidirectional 

ME algorithm is performed next, assuming a linear trajectory as defined in (3.9). The two 
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decoded reference frames ὢ  and ὢ are also used in the BiME process. Although, the 

generation of candidate motion vectors is different, the BiME module also uses the distortion 

smoothness approach (as the ME-SC module) as matching criterion. The output of this module 

corresponds to a refined motion field. 

4. Spatial motion filtering (SMF): The BiME motion vectors are filtered with the spatial motion 

filtering algorithm as defined in (3.15) and (3.16). This module corrects some of the motion 

estimation errors of the BiME algorithm and outputs a filtered motion field, that is then used 

by the affine motion model to predict a set of motion vectors at a finer scale.  

5. Affine motion model (AMM): If the motion field is not detailed enough, i.e., ὔ ὔ , the 

motion vectors at the finer scale are calculated using an affine motion model ((3.11) to (3.13)) 

based on the motion vectors at the coarse scale (obtained from the SMF module). Then, ί is 

incremented and steps 2 to 4 defined above are repeated as shown in Figure 3ü5. Three 

iterations with ὔ ρφȟψȟτ are performed with ὔ τ. The output of this module 

corresponds to a motion field at a finer scale. 

6. Motion compensation (MC): Finally, when ὔ ὔ , the final motion field is obtained from 

the SMF module and the SI frame can be constructed by MC. 

For all the techniques proposed, the motion vector precision is always integer-pel; it is expected 

that a fractional-pel precision (especially half-pel) could further increase the RD performance, 

although not significantly [100], [144]. 

3.5  Adaptive GOP Size Control Mechanism  

Besides the proposed frame interpolation framework described in the previous section, the DVC 

codec described in Section 3.2 comprises a novel encoder analysis technique, the AGS control. The 

AGS technique targets the dynamic and adaptive control of the GOP size depending on the video 

characteristics, i.e., the selection of the þbestÿ GOP size in terms of RD performance. For the DVC 

codec considered here, this implies developing an intelligent way to control the insertion of key 

frames to separate the WZ coded frames. The main AGS target is to enhance the DVC RD 

performance, notably regarding more rigid and non-content adaptive approaches, by dynamically 

adjusting the GOP size. In predictive video coding, a related problem exists: to find the best GOP size 

and frame coding arrangement in terms of the dynamic allocation of I, P and B frames to obtain an 

improved RD performance. This type of techniques was first proposed in 1997, by Lee and Dickinson, 

where the GOP size and the positioning of I and P frames are calculated with a Langrangian 

multiplier technique [145]. In [146], Lan et al. calculate the picture type adaptively by performing 

motion analysis and deriving statistics that are then used to adapt the GOP structure to the scene 

content. More recently, this type of approach was also applied for H.264/AVC [147] and H.264/SVC 

(scalable video coding) [148], [149] standard video codecs. Normally, the algorithms performing this 

task make use of the motion information, typically available at the predictive encoder, to perform 

complex motion analysis, to detect scene changes and to position the various types of frames inside 
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the GOP. For example, Lan et al. proposed in [146] the use of motion information obtained from the 

block-matching algorithm, such as the magnitude of the motion vectors and the residual error 

between the original and predicted (motion compensated frame), to perform the frame type (I, P or 

B) decision. Natário and Pereira proposed an adaptive GOP size technique [149] for H.264/SVC, that 

evaluates the PSNR of each coded frame at each decomposition level of the motion compensated 

temporal filtering hierarchical structure, increasing significantly the encoder complexity. In 

distributed video coding, it is hard to implement this type of techniques, especially because detailed 

motion information, i.e., the motion vectors, the residual and the WZ decoded frames are not 

available at the encoder. Thus, to avoid increasing the complexity of the encoder, it is necessary to 

develop efficient and low complexity techniques that are able to decide on the GOP size by 

measuring the activity along the video sequence, but without requiring the computationally 

expensive ME process. So, this section proposes a novel content adaptive scheme which, depending 

on the sequence characteristics, notably the amount of temporal redundancy, is able to dynamically 

adapt the temporal coding structure through the control of the GOP size, to exploit the video 

statistics more efficiently and achieve an improved RD performance. Since the encoder can choose a 

GOP of any size, the encoder and decoder also need to know the frame interpolation structure 

mechanism that defines the frame coding order and the reference frames to use. Besides, the MCFI 

framework previously described in Section 3.4, must be adapted to interpolate a frame in any 

temporal position between the two reference frames. 

3.5.1  Motion Activity Metrics  

Since the encoder complexity must be kept low, the simple but powerful metrics proposed to 

evaluate the activity along the video sequence make use of low level features, also commonly used 

for video parsing and indexing [150] of large video databases. Thus, it is proposed here to combine 

the following four metrics:  

× Difference of histograms (DH): 

ὈὌὭȟὮ
ρ

Ὀ
Ὤὰ Ὤὰ Ȣ (3.17) 

× Histogram of difference (HD):  

ὌὈὭȟὮ
ρ

Ὀ
Ὤ ὰ

ϳ

Ὤ ὰ

ϳ

 Ȣ (3.18) 

× Block histogram difference (BHD): 

ὄὌὈὭȟὮ Ὤὦȟὰ Ὤὦȟὰ

ϳ

Ȣ (3.19) 

× Block variance difference (BVD): 
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ὄὠὈὭȟὮ „ ὦȟὰ „ ὦȟὰ

ϳ  

Ȣ (3.20) 

In (3.17)-(3.20), Ὥ, Ὦ represent the frame index, Ὤ is the histogram operator with ὒ levels (i.e., non-

overlapping intervals that accumulate the luminance values), Ὀ Ὀ and ὔ ὔ are the frame and 

block size, respectively, and „  is the variance. In (3.17) and (3.18), Ὤὰ corresponds to the global 

histogram for the histogram level ὰ where, for (3.19) and (3.20), Ὤὦȟὰ corresponds to the local 

histogram for block ὦ and level ὰ. For the HD metric, ‌ is the threshold expressing the closeness to 

the histogram zero level (origin) and Ὤ  corresponds to the (residual) histogram of ὢ ὢ. Based 

on experiments, the best performance is achieved for ὒ σς for DH, ὒ φτ for HD, ὒ ψ for BHD, 

ὔ ψ ψ and ‌ ρφ.  

The first two metrics work at the frame level and detect changes in the global motion, e.g., zooming, 

panning and scene changes. The HD metric is quite effective since, when significant changes occur 

(e.g., due to high motion) between frames, more pixels are distributed away from Ὤ ‌, leading to 

high HD values. The BHD and BVD metrics are more sensitive to local motion and overcome some of 

the limitations of the frame level metrics, e.g., object motion in static background. Figure 3ü6 

illustrates the behavior of each metric by measuring the motion activity for the Foreman sequence 

QCIF@15 Hz and by applying the normalization step described in the next section.  

Figure 3ð6: Variation of the four proposed (normalized) metrics for the Foreman 

sequence QCIF@15 Hz.  

3.5.2  A Hierarchical Clustering Based on Motion Activity  

As mentioned before, the encoder must perform the GOP size selection depending on the motion 

activity in the sequence. Intuitively, when the amount of motion is high, the correlation is low and 

smaller GOP sizes must be chosen. When the amount of motion is low, the correlation is higher (and 
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thus more efficiently exploited by the decoder), and longer GOP sizes must be chosen. This strategy 

avoids the penalty of inserting an Intra coded frame when it is not needed, which normally results 

in a significant compression efficiency reduction when compared to a well interpolated WZ frame. 

To perform the GOP size decision, a new hierarchical clustering algorithm to temporally segment 

the sequence is proposed. For a given maximum GOP size of Ὣ frames: 

1. Set the number of clusters ὧ Ὣ ρ calculate the four metrics above for adjacent frames 

Ὥ ρ and Ὥ and construct the ὧ τ array, with Ὥ ρ: 

ὃȟ

ụ
Ụ
Ụ
Ụ
ợ

ὈὌπȟρȟὌὈπȟρȟὄὌὈπȟρȟὄὠὈπȟρ
Ễ

ὈὌὭ ρȟὭȟὌὈὭ ρȟὭȟὄὌὈὭ ρȟὭȟὄὠὈὭ ρȟὭ
Ễ

ὈὌὧ ρȟὧȟὌὈὧ ρȟὧȟὄὌὈὧ ρȟὧȟὄὠὈὧ ρȟὧỨ
ủ
ủ
ủ
Ủ

 Ȣ (3.21) 

2. To jointly process the four metrics, it is necessary to bring them to a common scale by 

normalizing the array ὃȟ according to: 

ὃȟ
ὧὃȟ
В ὃȟ

 Ȣ (3.22) 

3. Accumulate the motion according to: 

ὄȟ ὃ ȟ ὃȟ ȟρ Ὥ ὧ᷈  π Ὦ τ Ȣ (3.23) 

Equation (3.23) adds adjacent lines of the matrix ὃȟ to create a new and smaller (with minus 

one row) ὄȟ matrix. 

4. Find the index Ὧ of the minimum accumulated motion value: 

Ὧ ÁÒÇÍÉÎᴁὄᴁȟ     π Ὥ ὧ ρ ȟ (3.24) 

where ὄ represents the rows of matrix ὄȟ. 

5. Cluster the motion of the corresponding frames according to: 

ὃ
ὃ ȟ Ὥ Ὧ
ὄȟ Ὥ Ὧ

 ȟ  Ὧ Ὥ ὧ ρ ȟ (3.25) 

where ὃ represents the rows of matrix ὃȟ. The resulting ὃ matrix shrinks one row. 

6. Set ὧ ὧ ρ. 

7. Go back to step 3 until the following stopping criterion is satisfied: 

ᴁὄᴁ •᷉ὧ ρ Ȣ (3.26) 

The clusters obtained in step 5 define the GOPs, i.e., the frames which delimit the GOP are encoded 

as key frames (with H.264/AVC Intra) and the frames in between are encoded as WZ frames. In each 

iteration of the algorithm (steps 3-7), frames with similar motion content are grouped by 

constructing the GOPs which accumulate less motion (and thus are better correlated) to form 

clusters of frames separated by key frames. This algorithm is hierarchical in the sense that the result 
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of the current iteration, e.g., a cluster, can be used in the next iteration to form a þbiggerÿ cluster. 

The threshold • serves to control the maximum amount of temporal correlation and should be 

adjusted according to the efficiency of the frame interpolation algorithm available at the decoder. 

The maximum GOP size Ὣ is constrained by memory, delay and random access requirements, since it 

is necessary to store a maximum of Ὣ frames at the encoder to perform the GOP size decision. Since 

the efficiency of the MCFI framework, available at the decoder, is higher when the motion activity is 

low and the MCFI accuracy is low when the motion activity is high, it is proposed to use the 

following model for the correlation control parameter: 

• ‗
–

”
 ×ÉÔÈ ”

В ὃȟ

ὧ
 ȟ (3.27) 

where ‗ and – are two constants empirically determined and ” corresponds to the average motion 

in a sequence. Equation (3.27) leads to higher thresholds when the amount of motion is lower and 

lower thresholds when the amount of motion is higher. The parameter ‗ and – control the shape of 

this function; based on experiments, ‗ τ and – σ ρπ.  

Figure 3ü7 illustrates the hierarchical nature of the AGS algorithm with an example of the clustering 

procedure for eight consecutive frames. As observed in the first step, the correlation between 

adjacent frames is calculated; in this example, only the metric (3.17) is used. The next step is to 

hierarchically group the correlation values (and therefore frames) where the minimum amount of 

motion is found, i.e., frames 5-7 which exhibit the minimum value 1.74; this is repeated for all 

frames/clusters until the amount of motion is less than the threshold •. In this example, three GOPs 

are defined: GOP0: 0-4 frames, GOP1: 4-6 frames and GOP2: 6-8 frames; the key frames are marked by 

an intermittent line border. 

Figure 3ð7: Illustration of the AGS control technique . 
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3.5.3  Motion Interpolation with Arbitrary  GOP Size Support  

The MCFI framework proposed in Section 3.4 can be applied without change for GOP size 2, where 

the frame ὣ to interpolate is in the (temporal) middle of the two reference frames, ὢ  and ὢ. 

However, when the GOP size increases, the following questions arise: i) what is the WZ frames 

encoding order inside the GOP? ii) which reference frames does the decoder choose as references for 

the MCFI process? iii) how does the MCFI framework generate the SI when the reference frames (ὢ  

and ὢ) are not equidistant from ὣȩ The objective of this section is to propose techniques able to 

solve these problems. 

To answer the first two questions, it is necessary to define the frame interpolation structure that is 

used at the decoder to generate the side information based on two previously decoded frames, i.e., 

the backward ὢ  and forward ὢ references. For a GOP size of 2, ὢ  and ὢ are the previous and the 

next temporally adjacent Intra decoded frames. For other GOP sizes, the proposed frame 

interpolation structure definition algorithm is based on the solution proposed by Aaron et al. in 

[136]; however, [136] only works for GOP sizes which are powers of 2 and, thus, it is necessary an 

algorithm that works for any GOP size. When AGS is used, the following algorithm defines the frame 

interpolation order at the encoder and decoder for each GOP:  

1. Select the longest temporal distance Ὠ found between any two already decoded frames ὢ  

and ὢ of the GOP. In case multiple distances with the same value are found, select the 

reference frames with the lowest frame index ὦ. 

2. Interpolate the frame ὣ at (approximately) half the temporal distance Ὠ according to: 

Ὥ
ὦ Ὢ

ς
 ȟ (3.28) 

where ὭȟὦȟὪ correspond to the frame indices of ὣȟὢȟὢ and ỗȢỘ corresponds to the round 

towards zero (or truncate) operator. 

3. Decode frame ὢ. 

4. Go to step 1 until all WZ frames of the GOP are decoded. 

Figure 3ü8 illustrates the proposed algorithm for a GOP size of 5; the numbers indicate the decoding 

order.  

Figure 3ð8: Frame interpolation structure.  
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Similar frame interpolation structures are used for longer GOP sizes. Naturally, the encoder also 

needs to know the decoding order to properly encode and transmit the WZ frames in the same 

order; it is always assumed that the Intra frames delimiting the GOP are the first to be sent to the 

decoder. Interestingly, the encoder does not need to know which reference frames are used by the 

decoder, quite different from the usual practice in predictive video codecs. In order to support GOPs 

of arbitrary size, the decoder must be able to interpolate frames when reference frames have 

different temporal spacing in relation to the interpolated frame. Figure 3ü9 illustrates this scenario 

where the time interval (or distance) Ὠ between the reference frame ὢ  and the side information ὣ 

is different to the time interval (or distance) Ὠ between ὣ and the reference frame ὢ. Notice that 

the motion vectors can point to any part of the reference frames. 

Figure 3ð9: Frame  interpolation using the reference frames ╧╫ and ╧█ with different 

temporal spacing ▀╫ ▀█  from the side information ╨░. 

To perform frame interpolation when Ὠ Ὠ with the MCFI framework previously proposed in 

Section 3.4, it is just necessary to change the MC process. So, it is proposed to perform linear 

interpolation weighted by the corresponding time differences to the reference frames. Therefore, 

the MC is weighted by the corresponding time differences as: 

ὣὼȟώ
Ὠὢ ὼ ὺȟȟώ ὺȟ Ὠὢ ὼ ὺȟȟώ ὺȟ

Ὠ Ὠ
 ȟ (3.29) 

The vectors ὺȟȟὺȟ  and ὺȟȟὺȟ  correspond to the forward ὺ and backward ὺ motion 

vectors defined in Section 3.3.2. 

3.6  Performance Evaluation  

To evaluate the performance of the proposed advanced SI creation framework and the AGS 

technique, it is essential to define first the test conditions used. After, the experimental results are 

presented and discussed. 
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3.6.1  Test Conditions  

The DISCOVER DVC codec evaluation [39], [83] provides a detailed, clear and complete set of test 

conditions that are now widely used in the literature; thus, the test conditions used for the RD 

performance evaluation of the techniques proposed in this chapter are similar to the conditions 

defined for the DISCOVER DVC codec. By using common and widely available test conditions is 

possible to understand of DVC weaknesses and strengths and evaluate the advances made. The video 

test material and the most relevant test conditions are described in the following: 

× Sequences: The Foreman, Hall Monitor, Coastguard and Soccer sequences were chosen for the 

RD performance evaluation, since they represent different types of content with different 

types of motion, from low to fast motion. 

× Frames for each sequence: All frames of each sequence are coded; this means 299 frames for 

Foreman, 329 frames for Hall Monitor, 299 frames for Coastguard, and 299 frames for Soccer 

(always referring to 30 Hz). While only the luminance component is taken into account, all 

coded frames (both key frames and WZ frames) are considered in the RD results. 

× Spatial and temporal resolution: To have more representative results, two combinations of 

spatial and temporal resolutions are used, QCIF@15 Hz and CIF@30 Hz, depending on the video 

content. 

× GOP size: For the evaluation of the DVC codec with the novel MCFI framework, the GOP size is 

kept fixed and equal to 2 for all sequences. Naturally, for the evaluation of the DVC codec with 

adaptive GOP size, the GOP size is dynamically computed according to the algorithm proposed 

in Section 3.5. 

× Key frame coding: The key frames are always encoded with H.264/AVC Intra in the Main 

profile [2] since this is among the best performing Intra coding schemes available; the 

H.264/AVC reference software JM9.6 [151] with RD optimization on and all Intra modes 

enabled has been used. 

To perform the experiments, eight RD points (ὗ) were defined by combining quantization matrices 

for the WZ frames with quantization parameters (ὗὖ) for the H.264/AVC Intra key frames. The 

quantization matrices define for which DCT bands parity bits are generated and the number of bit-

planes DVC encoded for each DCT band; the amount of errors that will be corrected depends on the 

quantization matrix chosen and, thus, the target decoded quality (after reconstruction). The 

adopted WZ quantization matrices (in vector format and scanned in zigzag order) are shown in 

Table 3ü1; for the bands for which no parity bits are sent, the corresponding SI bands are used at the 

decoder.  

The corresponding quantization parameters for the key frames are fixed for the whole sequence and 

are shown in Table 3ü2 for each RD point ὗ. They were found by adjusting the average key frames 

PSNR quality (i.e., changing the H.264/AVC Intra ὗὖ) until it is similar to the WZ frames average 

decoded quality. This process assures that the overall decoded video quality is rather constant, on 

average, for the full set of frames (WZ and key frames) and no annoying flickering artifacts occur. 
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However, for high motion sequences, the MCFI process fails more often which leads to lower WZ 

decoded frames quality, since for some bands/bit-planes some errors are left to correct. Thus, to 

guarantee a similar decoded quality along time, it is necessary to lower the key frames quality, 

which causes more quantization noise and more motion interpolation errors in the SI, lowering 

even more the overall quality. Therefore, it is important to note that better average RD performance 

can be achieved (especially when comparing to other codecs) by having key frames with more 

quality at the cost of a less uniform overall video quality (which is not desirable). 

Table 3ð1: Number of WZ bit -planes per DCT band  for each RD point ╠░ 

 Number of WZ bit-planes per DCT band in zigzag scan order (A=AC) 

RD Points ╓╒ ═  ═  ═  ═  ═  ═  ═  ═  ═  ═  ═  ═  ═  ═  ═  

╠   4 3 3 0 0 0 0 0 0 0 0 0 0 0 0 0 

╠   5 3 3 0 0 0 0 0 0 0 0 0 0 0 0 0 

╠   5 3 3 2 2 2 2 0 0 0 0 0 0 0 0 0 

╠   5 4 4 3 3 3 2 2 2 2 0 0 0 0 0 0 

╠   5 4 4 3 3 3 2 2 2 2 2 2 2 0 0 0 

╠   6 4 4 3 3 3 3 3 3 3 2 2 2 2 2 0 

╠   6 5 5 4 4 4 3 3 3 3 2 2 2 2 2 0 

╠   7 6 6 5 5 5 4 4 4 4 3 3 3 2 2 0 

Table 3ð2: H.264/AVC Intra  quantization parameter for each RD point ╠░. 

Sequence Resolutions ╠  ╠  ╠  ╠  ╠  ╠  ╠  ╠  

Coastguard QCIF@15 Hz 39 38 38 35 34 33 31 27 

Coastguard CIF@30 Hz 35 34 34 33 32 31 30 25 

Hall Monitor QCIF@15 Hz 37 36 35 33 32 31 29 25 

Hall Monitor CIF@30 Hz 34 33 32 31 31 29 28 26 

Foreman QCIF@15 Hz 42 40 39 36 35 33 31 26 

Foreman CIF@30 Hz 38 36 36 34 33 31 30 26 

Soccer QCIF@15 Hz 45 44 42 38 38 35 31 26 

Soccer CIF@30 Hz 43 41 40 38 36 33 30 25 

The MCFI framework described in Section 3.4 is evaluated in the context of the DVC codec described 

in Section 3.2 with a fixed GOP size. This DVC codec is labeled as DVC-MCFI and its RD performance 

is compared against: 

1. H.264/AVC Intra: The proposed DVC codec is compared against the best conventional Intra 

coding scheme, where no temporal correlation is exploited. However, it is important to note 

that H.264/AVC Intra exploits quite efficiently the spatial correlation (with several τ τ and 
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ψ ψ Intra coding modes) at the cost of a higher encoding complexity when compared to DVC 

coding [54]. An encoding complexity comparison is presented in Section 7.7.1. 

2. H.264/AVC zero-motion: The Inter frame predictive codec chosen for comparison, H.264/AVC 

zero-motion, has an encoding complexity similar to a H.264/AVC Intra codec and, therefore, 

much lower than a full Inter codec, although still rather high when compared to DVC coding 

[54] (see Section 7.7.1). The H.264/AVC zero-motion encoder corresponds to a H.264/AVC Inter 

(bi-predictive) encoder with a motion search range of zero, i.e., using only for prediction the 

collocated block in the previous and/or future reference frames. The so-called zero-motion 

mode achieves better performance than Intra coding because it can partly exploit the temporal 

redundancy by using a differential pulse coded modulation (DPCM) temporal scheme; 

however, it requires far less complexity than full motion compensated Inter coding because no 

motion search is performed. In this case, Intra/Inter mode decision is still allowed, a missing 

feature in the DVC-MCFI codec. 

3. DVC codecs integrating two state-of-the-art side information estimators [100]: In this case, the 

same DVC codec is used (Section 3.2) and only the SI creation module is changed. In the 

following, two SI estimators from the literature will be used: 

A. In the first SI estimator, SE-1 [100], for each Ὧ-th SI block ὣὯ the side information 

estimator uses the collocated block in the previous decoded frame ὢ Ὧ and performs 

ME looking for the best block (full search) in frame ὢ . After all motion vectors are 

calculated, it is performed MC to construct the SI frame ὣ using ὢ  as the reference 

frame. 

B. For the second SI estimator, SE-B [100], a bidirectional multi-reference (with 2 references) 

scheme is used: for each block in the SI frame, the side information estimator uses the 

collocated block in the previous frame and performs forward ME obtaining a motion field 

ὓὠ; then it performs backward ME using the collocated block in the forward frame, thus 

obtaining the motion field ὓὠ. Using both motion fields, it is possible to perform MC 

(assuming linear motion) to obtain two references which are averaged to create the final 

SI frame. This SI estimator was evaluated in [100] and achieved the highest performance. 

Notice that the two DVC codecs described in 3) are only used for the purpose of the MCFI framework 

coding efficiency evaluation (in the next section). For the coding evaluation of the AGS technique, 

three DVC codecs are compared:  

1. DVC-AGS: Corresponds to the DVC codec described in Section 3.2 with the AGS technique 

proposed in Section 3.5.  

2. DVC-Fixed GOP: Corresponds to the DVC-AGS codec but with a fixed GOP size operation; this 

codec also corresponds to the DVC-MCFI described above.  

3. H.264/AVC Intra: Corresponds to a pure Intra frame codec as described above, i.e., the 

H.264/AVC Intra codec. 
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The H.264/AVC zero-motion video codec is not included in this evaluation since no adaptive GOP 

size technique is known for this Inter video codec. Both DVC-AGS and DVC-Fixed GOP use the MCFI 

framework described in Section 3.4 for SI generation; this means that DVC-Fixed GOP and DVC-MCFI 

have the same RD performance. For the AGS technique RD performance evaluation, the same four 

QCIF sequences are considered, but this time all sequences were encoded at QCIF@15 Hz. This allows 

to assess the DVC-AGS performance for different content but with the same temporal sampling 

(frame rate). 

3.6.2  MCFI Framework: RD Performance and Analysis  

To evaluate the coding efficiency of the proposed SI creation framework, several experiments have 

been performed. First, the contribution of each MCFI framework module identified in Figure 3ü5 is 

evaluated in a cumulative way. The evaluated modules/algorithms must improve the quality of the 

motion field; with this purpose, ASR has been merged with BiME in terms of results, since ASR must 

be used in combination with a motion estimation technique to increase effectiveness. 

Table 3ü3 shows the average PSNR results (in dB) for the SI quality computed over the whole 

sequences for the RD point ὗ  (see Table 3ü1) and for different block sizes: ρφρφ, ψ ψ and τ τ; 

the same behavior is observed for the other ὗ. Each column shows the results obtained by using the 

MC module for SI creation with the motion field estimated by the ὲ-th algorithm using all previous 

ρȣὲ ρ algorithm steps (see Table 3ü3 for this numbering).  

Table 3ð3: SI PSNR quality for each step of the SI creation framework (RD point ╠ ). 

Sequence Resolutions  
╝□   ╝□   ╝□   

1ME-SC 2BiME+ASR 3SMF 4BiME+ASR 5SMF 6BiME+ ASR 7SMF 

Coastguard QCFI@15 Hz 30.25 30.5 30.39 31.09 31.11 31.46 31.66 

Hall Monitor QCIF@15 Hz 35.46 35.48 35.22 35.74 35.41 35.83 35.81 

Foreman CIF@30 Hz 32.01 32.12 32.31 32.62 32.6 32.45 32.66 

Soccer CIF@30 Hz 25.59 25.78 26.45 26.57 26.64 26.44 26.59 

The hierarchical coarse-to-fine approach provides effective gains (e.g., compare the SMF column for 

ρφρφ with the SMF column for τ τ blocks in Table 3ü3) since a more reliable estimation 

between the defined block sizes (ρφρφ, ψ ψ and τ τ) is obtained; this is essential to obtain a 

good interpolation, especially at low spatial resolutions, such as QCIF. The BiME+ASR solution is also 

quite effective for all sequences and spatial resolutions. On the other hand, the spatial motion 

filtering algorithm (module SMF) is not effective for the Coastguard (for ρφρφ) and Hall Monitor 

(all block sizes) QCIF sequences but it reveals to be effective for CIF resolutions. For QCIF resolutions, 

the SMF filter is too strong; in this case, the motion contours are not preserved, especially when the 

object area under the same motion is comparable to the block size. A future improvement could be 

to switch off the filter for strong edges, allowing to reduce some undesirable artifacts. The RD 
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performance of the DVC-MCFI video codec is presented in Figure 3ü10 to Figure 3ü13, for the eight 

identified RD points, according to the defined test conditions.  

 

Figure 3ð10 : DVC-MCFI codec RD performance for the Coastguard sequence.  

 

Figure 3ð11 : DVC-MCFI codec RD performance for the Hall Monitor sequence.  
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Figure 3ð12 : DVC- MCFI codec RD performance for the Foreman sequence.  

Figure 3ð13 : DVC-MCFI codec RD performance for the Soccer sequence.  

The following conclusions can be drawn: 

× DVC-MCFI codec versus H.264/AVC Intra coding: When comparing to H.264/AVC Intra, it is 

observed that, for the majority of the sequences (except for Soccer), the DVC-MCFI codec has a 

better RD performance with gains up to 1ü3 dB. Note that the H.264/AVC Intra codec includes 

several spatial prediction modes (and CABAC entropy coding) which contribute to the high RD 

performance. For the Soccer sequence, the complex and erratic motion leads to a significant 

amount of errors in the SI frame which causes a lower RD performance. However, the Soccer 
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pbnrbk`b obmobpbkqp ^ sfabl _ol^a`^pqfkd p`bk^ofl %þlkb ql j^kvÿ& clo tef`e qeb co^jb 

interpolation based DVC codec does not bring many advantages. On the other hand, for video 

surveillance sequences (such as Hall Monitor), one of the most promising application scenarios 

clo AS@ `lab`p %þj^kv ql cbtÿ&) qeb OA mbocloj^k`b lc qeb AS@-MCFI codec is much better 

when compared to H.264/AVC Intra. 

× DVC-MCFI codec versus H.264/AVC zero-motion: In this case, the DVC-MCFI codec is compared 

to a low complexity predictive Inter encoder (at least regarding the full H.264/AVC Inter 

codec) which is still able to exploit some temporal correlation. The proposed DVC-MCFI codec 

is only competitive for the Coastguard sequence, at low/medium bit-rates, where some 

marginal gains are observed; in such case, the proposed SI creation framework exploits rather 

efficiently the temporal correlation. However, for the Hall Monitor and Foreman sequences, a 

RD loss is observed, especially for higher bit-rates, where the H.264/AVC SKIP macroblock 

mode (no information other than the mode is coded) is especially effective for these low and 

medium motion sequences. The DVC-MCFI codec has the worst relative performance for the 

high motion Soccer sequence; an interesting observation is that the H.264/AVC zero-motion 

curve is very close to the H.264/AVC Intra curve for this sequence since the temporal 

correlation is quite low and the H.264/AVC zero-motion codec selects the Intra mode for the 

majority of the blocks.  

× DVC-MCFI codec versus DVC codec with state-of-the-art SI estimators: When compared to 

recent DVC coding solutions already published in the literature [100], it is possible to conclude 

that the proposed SI framework has better performance for all sequences. When compared to 

the single reference extrapolation side estimator SE-1, the proposed SI framework has gains up 

to 2 dB (for the Foreman sequence); in comparison to the multi-reference interpolation SI 

estimator, SE-B, the gains are up to 0.9 dB (for the Foreman and Soccer sequences). The SI 

estimator SE-B performs motion estimation in both backward and forward directions creating 

two references (full search ME is performed twice), a feature that is not included in the 

proposed SI creation framework, mainly due to the added complexity. Since for both 

estimators, SE-1 and SE-B, only the distortion between references (adjacent or past) frames is 

minimized, an efficiency loss is expected when compared to the proposed SI creation 

framework where a more piecewise smooth motion field is estimated and, therefore, higher 

quality SI is obtained. 

Figure 3ü14 and Figure 3ü15 show the quality of the SI frame by frame; this quality depends 

exclusively on the accuracy of the proposed SI framework and on the quality of the key frames. In 

this case, the Coastguard QCIF@15 Hz and Foreman CIF@30 Hz sequences were selected; the QP for 

the key frames was 35 (ὗ) and 26 (ὗ), respectively. As expected, the proposed MCFI framework 

creates SI with better quality when compared to the SE-1 and SE-B SI estimators. For the Coastguard 

sequence, the maximum PSNR gain can go up to 7.8 dB when compared to SE-1 and 4.2 dB when 

compared to SE-B; for the Foreman sequence, the maximum PSNR gains are even higher, i.e., about 8 

dB compared to SE-1 and 7.8 dB compared to SE-B. It is also possible to observe that, for these video 
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sequences, the MCFI framework generates side information with rather unstable quality due to the 

motion complexity of some parts of each sequence, such as the tilt-up around frames 70ü75 of the 

Coastguard sequence and the pan-right/tilt -down in frames 175ü225 of the Foreman sequence. In 

these cases, the higher amount of errors will be corrected at the cost of more parity bits, to achieve 

a smoother decoded quality.  

Figure 3ð14 : Side information quality temporal evolution for the Coastguard sequence.  

Figure 3ð15 : Side information quality temporal evolution for the Foreman sequence.  

Moreover, Figure 3ü14 and Figure 3ü15 also show the MCP quality obtained by H.264/AVC standard 

B frame coding mode, when a IBI GOP structure is used; in this case, the Intra frames have the same 
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quality as above (QP = 35 for Coastguard and QP = 28 for Foreman). To perform this experiment, all 

H.264/AVC MC encoder techniques have been used and the high complexity RD optimization was 

also enabled to obtain the best possible B-type prediction. Although an effort was made to perform a 

fair comparison, there is an important advantage for the H.264/AVC MCP codec since bit-rate was 

spent to recreate this prediction at the decoder, associated to the transmission of the motion 

vectors and coding modes information; with DVC coding, the side information is obtained without 

spending any rate. Moreover, much complexity was added to obtain a H.264/AVC MCP frame at the 

encoder, which is not a desirable feature in DVC coding. However, the MCP PSNR represents here 

the ideal target for the proposed SI framework since it is difficult to create better SI at the decoder, 

especially considering that no original frames can be used. The comparison is quite encouraging for 

a large part of the Coastguard sequence, since similar quality was achieved for both competing 

solutions; an average gap (over the whole sequence) of 0.5 dB is observed when comparing the MCFI 

SI quality with the MCP quality, frame by frame. For the Foreman sequence, the H.264/AVC MCP 

quality is consistently better with an average gap of 4.1 dB; however, for some frames, a similar 

quality was achieved. The high MCP quality can be explained considering the high bit-rate spent in 

motion vectors and mode information (2556 bits/frame for Foreman compared to 375 bit/frame for 

Coastguard) which significantly helps in the creation of a good quality prediction. This suggests that 

additional auxiliary information may have to be transmitted by the encoder, such as hash bits [95], 

to help the decoder creating better SI frames for the more difficult video periods. Besides the RD 

performance, also the encoder complexity is a `or`f^i jbqof`) klq^_iv clo þj^kv ql lkbÿ ^ka abbp-

space application scenarios. According to [54] and the Section 7.7 evaluation, where similar DVC 

encoders are evaluated, the encoding complexity of the H.264/AVC Intra and H.264/AVC zero-

motion coding solutions are above the DVC codec encoding complexity. Thus, for applications 

scenarios where the encoding complexity must be as low as possible, the RD performance results 

here presented indicate that DVC coding starts to be a viable practical solution, especially due to the 

advanced motion interpolation framework proposed. In fact, it has been shown that the proposed 

DVC codec is able to outperform H.264/AVC Intra, and sometimes also H.264/AVC zero-motion, in 

terms of RD performance. 

3.6.3  Adaptive GOP Size Control: RD Performance and Analysis  

Figure 3ü17 to Figure 3ü20 illustrate the DVC-AGS codec for the eight RD points, according to the 

test conditions defined in Section 3.6.1. The RD performance of the DVC-AGS codec is compared 

against a fixed GOP size of 2 (DVC-Fixed GOP), as well as to H.264/AVC Intra. Both DVC-Fixed GOP 

and DVC-AGS codecs use the MCFI framework proposed in Section 3.4 and so the DVC-Fixed GOP 

codec has the same RD performance as the DVC-MCFI codec evaluated in the previous section. Table 

3ü4 shows the number of Intra and WZ frames in relation to the total number of frames (in %) and 

the average GOP size. Figure 3ü16 illustrates the GOP size histogram for all sequences; GOP size 1 

corresponds to no WZ frames between the Intra frames, i.e., pure Intra operation. The following 

conclusions may be taken: 
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× Foreman and Soccer sequences: The AGS control brings significant improvements for the 

Foreman and Soccer sequences with gains up to 1.7 dB and 1.9 dB, respectively (see Figure 3ü19 

and Figure 3ü20 for the RD results). As expected for this type of content, the DVC-AGS codec 

encodes more Intra frames in comparison to the DVC-Fixed GOP codec (see Table 3ü4) since 

the temporal correlation for these sequences is low (Soccer) or medium-low (Foreman). 

Therefore, since the RD performance of a majority of WZ frames is worse than the H.264/AVC 

Intra RD performance for these sequences, the overall coding efficiency improves quite 

significantly.  

× Coastguard sequence: As shown in Figure 3ü17 for the Coastguard sequence, the AGS technique 

brings no RD improvement for higher bit-rates whereas for lower bit-rates a minor coding loss 

up to 0.2 dB can be observed. Since the motion is almost constant over the Coastguard 

sequence, an average GOP size of 1.75 (see Table 3ü4) can be observed. The GOP size of 3 (see 

Figure 3ü16) contributes significantly to the DVC-AGS minor coding losses in RD performance 

(between 0 and 0.2 dB) when compared to the DVC-Fixed GOP codec. The SI quality produced 

by the MCFI interpolation framework decreases for this GOP size, mainly due to lack of 

accuracy in the motion estimation/compensation process. 

× Hall Monitor sequence: For the low motion Hall Monitor sequence, the AGS control selects a 

higher average GOP size, which means that a higher percentage of frames are WZ encoded 

when compared to other sequences. This can be observed in Table 3ü4 where an average GOP 

size of 3.56 is found for Hall Monitor and, in Figure 3ü16 where GOP sizes of 4 and 5 are the 

most often selected GOP sizes. In terms of RD performance, improvements up to 1.2 dB are 

observed for this case, which was quite expected for this type of content since WZ frames are 

more efficiently coded than Intra frames. 

× DVC-AGS versus H.264/AVC Intra: When the performance of the DVC-AGS codec is compared 

to the H.264/AVC Intra codec, quite encouraging results are obtained for the Foreman and Hall 

Monitor sequences. For the Hall Monitor sequence, the DVC-AGS codec RD performance is 

always above H.264/AVC Intra since improvements up to 3.8 dB and 2.7 dB are observed for 

low bit-rates and high bit-rates, respectively. For the Foreman sequence, the usage of the AGS 

technique brings the previous DVC-MCFI codec performance (with the MCFI framework and 

fixed GOP size) above the H.264/AVC Intra codec performance for low and medium bit-rates; 

gains up to 0.8 dB for the lower bit-rates can be observed where for the high bit-rates (last RD 

point ὗ  a minor coding loss of 0.1 dB is obtained (for the last RD point ὗ). 

Table 3ð4: Distribution of Intra v ersus  WZ frames and average GOP size for all test 

sequences . 

Sequence Intra frames (%) WZ frames (%) Average GOP size 

Coastguard 57.7% 42.3% 1.75 

Hall Monitor 28.5% 71.5% 3.56 

Foreman 66.4% 33.6% 1.52 

Soccer 75.2% 24.8% 1.34 
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Figure 3ð16 : GOP size  histogram for the Coastguard, Hall Monitor , Foreman and Soccer 

sequences . 

 

Figure 3ð17 : DVC-AGS codec RD performance for the Coastguard sequence.  
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Figure 3ð18 : DVC-AGS codec RD performance for the Hall Monitor sequence.  

 

Figure 3ð19 : DVC-AGS codec RD performance for the Foreman sequence.  
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Figure 3ð20 : DVC-AGS codec RD performance for the Soccer sequence.  

3.7  Final Remarks  

The main contribution of this chapter consists in an advanced side information creation framework 

and the evaluation of its RD performance in the context of a transform domain turbo based DVC 

codec with feedback channel. The proposed MCFI based DVC codec obtains encouraging RD 

performance results when compared to the low encoding complexity H.264/AVC Intra coding 

scheme; moreover, it also achieves higher compression efficiency than other state-of-the-art SI 

estimators where up to 0.9 dB improvements in RD performance are observed when compared to 

the best known SI estimator available in the literature [100]. The major novelty regards both the 

individual techniques, notably the motion estimation with smoothness constraints and hierarchical 

affine motion modeling, as well as the overall proposed side information creation framework.  

Another novel contribution in this chapter is the content AGS control algorithm for distributed 

video coding. By adjusting the GOP size according to the amount of motion present in the sequence, 

it is possible to exploit more efficiently the temporal correlation at the DVC decoder. The AGS 

control brings benefits, especially when the motion is high and complex, where it is difficult to 

obtain good SI quality with a frame interpolation based DVC codec. According to the results 

obtained, the AGS technique leads to consistent RD performance gains up to 1.9 dB. In conclusion, it 

is important to highlight that the DVC-AGS codec proposed in this chapter has a rather competitive 

performance for application scenarios where encoding complexity is a critical requirement, such as 

video surveillance, as shown for the Hall Monitor or Coastguard sequences. For all the sequences 

under evaluation, except the high motion Soccer sequence, the DVC-AGS codec (which includes the 

MCFI framework) has a better performance when compared to H.264/AVC Intra while having a 

lower encoding complexity.  
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Further coding efficiency improvements may be obtained by introducing a block based Intra mode 

and adequate Intra/WZ mode decision algorithms for the WZ frames to achieve an improved SI 

estimation for the regions where the motion interpolation fails more often, i.e., complex motion 

trajectories, illumination changes, and when the quantization noise in the key frames is too severe. 

A solution along these lines will be proposed in Chapter 5.  

An hash-based motion estimation approach may also be a promising alternative for some of these 

cases, since the encoder may convey to the decoder some auxiliary information (typically, a low rate 

signature) about the more critical blocks in the original frame to help the ME process in the 

selection/creation of the best side information. A method to generate side information with the 

help of hash signatures is proposed in the next chapter. 



 

 

Chapter 4   

Side Information Estimation with Encoder 

Hash-based Hints  

4.1  Introduction  

The techniques to create the side information ὣ, an estimate of the current WZ frame, proposed in 

the previous chapter follow the so-called guess approach since ὣ is created based only on two 

reference (decoded) frames already available at the DVC decoder. The side information is used by 

the turbo decoder and the reconstruction process, and thus the impact of the SI quality is twofold: 

in the WZ rate spent to successfully decode the frame (i.e., how many times the turbo decoder 

requests for parity bits) and the decoded WZ frame quality (since the reconstruction function also 

takes into account the ὣ frame). So, the SI quality is critical to obtain a high-performance DVC 

codec, since higher ὣ quality means better correlation between ὣ and ὢ which leads to an 

improved RD performance. In the previous chapter, the ὣ frame is estimated with a MCFI 

framework that performs two main tasks: i) tracking the motion trajectories between two (past and 

future) reference frames, ὢ  and ὢ; and ii) interpolating the in between ὣ frame using the 

estimated motion vectors. Following the MCFI approach, assumptions about the type of motion in 

the sequence were made, e.g., smoothness of the motion vector field, in order to improve the quality 

of the interpolated frame. However, MCFI has several drawbacks, notably the difficulty to 

interpolate frames when high and badly behaved motion occurs, when the reference frames are 

temporally far from each other (long GOP sizes), and when severe quantization noise affects the 

reference frames. In these cases, a significant decrease in the SI quality occurs, which leads to an 

overall RD efficiency reduction. 

As presented in Section 2.4.2, four different classes of SI creation techniques are available in the 

literature. Besides the guess approach adopted in the previous chapter, the hint approach refers to SI 
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creation with some auxiliary/helper information about the current frame previously transmitted by 

the encoder and used by the decoder to aid in the motion estimation process. In this approach, the 

encoder transmits a signature or hash Ὄ Ὧ for WZ frame blocks with index Ὧ, where Ὄ Ὧ 

ὢὯכ   and כ is a function transforming the Ὧ-th block of the original WZ frame ὢ into the hash 

Ὄ Ὧ. This technique is called hash-based motion estimation (HME) and it was initially  proposed by 

Aaron et al. in [95] inspired by the CRC code bits used in the PRISM video codec for joint motion 

estimation and decoding [58]. Later, Aaron and Girod proposed high pass filters in the DCT domain 

as the transform function to generate the hash information [103] and Tseng and Ortega proposed to 

send the DC coefficient of each block along with a CRC-12 code bits [80]. 

In this chapter, the hash function כ selects a subset of the DCT coefficients in the WZ frame, both 

spatially, i.e., determines for which blocks the hash is sent, and in frequency, i.e., determines which 

DCT bands are selected to create the hash (for the selected blocks). The selection criterion attempts 

to maximize the SI quality (thus reducing the parity bits to be sent) while minimizing the rate spent 

on the hash bits. Therefore, the major contributions of this chapter (sorted by relevance), which 

departs from previous related work published in the literature [80], [95], [103] are:  

× Adaptive DCT band selection (Section 4.3.3): Adaptive selection of DCT bands provides a good 

approach for the hash transformation function, since some DCT bands have a higher 

discriminative power than others to select the best candidate blocks necessary to create the 

side information. For each frame, this technique selects which DCT bands are used as hash in 

order to maximize the SI quality while maintaining the hash rate as low as possible. 

× Bidirectional HME (Section 4.4.2): In previous hash-based SI estimators [80], [95], [103], an 

extrapolation approach has been followed; at the decoder, the hash information was used to 

pbib`q colj qeb mobsflrp ab`laba co^jb %TW lo hbv co^jb& qeb þ_bpqÿ `^kafa^qb _il`h ql _b 

used as SI. In this chapter, an interpolation approach is followed, where it is chosen for each ὣ 

block, according to the hash information sent, one candidate block from the backward or 

forward frames, or a linear combination of blocks from both references. Unlike predictive 

video coding schemes, this is accomplished without sending any coding mode information.  

× Block SI creation mode selection ý MCFI and HME (Section 4.3.1): Since there are strengths in 

both the MCFI and the HME approaches, it is possible to combine them in an intelligent way by 

selecting (at the encoder) for each block the best SI creation mode. The proposed block SI 

mode selection algorithm keeps the encoding complexity low and creates a map with all block 

SI modes which is further encoded and transmitted to the decoder.  

Finally, this chapter also describes in detail the DCT based HME technique, namely the matching 

criterion (Section 4.4.1) used to select from the candidate blocks the most similar one. In addition, it 

is also proposed (in Section 4.4.2) the reuse in the HME technique, of the motion vectors calculated 

in the MCFI technique, to further enhance the SI quality. The MCFI technique and the binary map 

coding necessary to enable this hint approach are described in Section 4.5 and Section 4.3.2, 

respectively. The experimental results evaluating the proposed novel techniques are presented in 
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Section 4.6; RD improvements up to 1.2 dB are obtained in comparison to the MCFI guess approach 

proposed in Section 4.5. 

4.2  Hash-based Distributed Video Codec Architecture  

The hash-based DVC solution proposed in this chapter enhances the DVC architecture (with no hash 

data) described in the previous chapter, in Section 3.2. However, an older version of the MCFI 

framework described in Section 4.5 is used, instead of the more recent and efficient (in the RD sense) 

MCFI framework proposed in the previous chapter. Figure 4ü1 illustrates the new overall coding 

architecture. The shaded dotted modules correspond to new blocks that were added to perform 

HME for some (or all) SI blocks. 

 

Figure 4ð1: Architecture of the hash -based DVC codec . 

As before, the coding process starts with the classification of the video frames into key frames ὑ 

and WZ frames ὢ. The key frames are the first frames sent from the encoder to the decoder for each 

GOP and are encoded using the H.264/AVC Intra coding scheme. In summary, the DVC encoder 

works as follows: 

1. Integer DCT transform and uniform quantizer: At the encoder, each WZ frame is first coded 

with the H.264/AVC τ τ integer DCT transform followed by the rearrangement of the DCT 

coefficients of the entire frame ὢ in DCT bands; each DCT band is uniformly quantized and 

bit-planes are formed and sent to the turbo encoder. 

2. Block SI creation mode selection and binary map encoder: In the SI block creation mode 

selection, a simple classifier detects the regions where significant motion has occurred based 

on the backward (original) frame ὢ  and selects the blocks for which the DCT hash should be 

computed and sent to the decoder (see Section 4.3.1). Since it is also necessary to signal to the 

decoder for which blocks the hash is sent, a binary map signaling the corresponding positions 

is encoded using run length encoding (RLE) and entropy coding (see Section 4.3.2). 
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3. Adaptive DCT band selection and hash encoder: Then, for the chosen blocks, DCT bands are 

constructed and the DCT coefficients quantized. Some of the bands are adaptively selected to 

construct the hash (see Section 4.3.3), encoded and sent before the WZ bit-stream to help the 

SI creation process at the decoder. To reduce the hash bit-rate, a temporal prediction 

technique performs DPCM coding of the hash with respect to the previous hash sent to the 

decoder. Although, there is low correlation between temporal co-located blocks, since the 

selected blocks correspond to high motion regions, the DPCM coding scheme still provides 

(minor) coding efficiency gains. Then, for all the residual DCT hash coefficients, the selected 

DCT bands are scanned and the number of zero coefficients until the next non-zero coefficient 

(i.e., run length) is successively calculated; then, these run lengths are entropy coded as well as 

the non-zero coefficient values. Since residual coding is performed, the DVC encoder is no 

longer an Intra frame encoder but a hybrid predictive-distributed DVC encoder; however, 

these operations have a low burden in the overall DVC encoder complexity. 

4. Turbo encoder: The turbo coding procedure for the DCT coefficients band starts with the MSB 

and generates the corresponding parity bits which are stored in the buffer and transmitted in 

small amounts upon decoder request.  

Steps 2-3 correspond to the new encoder operations necessary to construct the DCT hash while the 

remaining steps are the same as in [23] and in the previous chapter. The new modules added at the 

encoder do not increase significantly the DVC encoder complexity when compared to the 

H.264/AVC Intra key frame encoder. In summary, the DVC decoder works as follows: 

1. Binary map and hash decoders: At the decoder, the first step is to obtain the binary map with 

the decisions made at the encoder by performing entropy/RLE decoding. Next, the hash bits 

are entropy decoded to obtain a selection of the quantized DCT coefficients (some DCT bands 

of some blocks) needed by the HME module (step 3). 

2. Motion compensated frame interpolation: Then, the MCFI module creates Ὓ, an estimate of 

the ὢ frame, based on two references, one temporally in the past ὢ  and another in the future 

ὢ. The MCFI framework used in the hash-based DVC codec is described in Section 4.5; this 

MCFI framework is also compared the previous chapter MCFI framework in Section 4.5. 

3. DCT hash-based motion estimation: If a DCT hash is available for some WZ blocks to guide the 

ME process, bidirectional HME is performed for each one (see Section 4.4.2). This module 

receives the decoded binary map to specify for which blocks a DCT hash was sent, the decoded 

DCT hash information, the backward ὢ  and forward ὢ decoded reference frames, the Ὓ 

frame and the motion vectors computed by the MCFI framework. For the blocks which have 

DCT hash information available, the Ὓ frame quality is enhanced by performing ME with the 

reference frames ὢ  and ὢ using the proposed matching criterion (see Section 4.4.1); for the 

remaining blocks, the MCFI estimate is kept unchanged. 

4. DCT coefficients multiplexer: The integer DCT is applied to the enhanced Ὓ frame obtained in 

the previous step and the final side information ὣ frame is created by joining the hash bands 
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sent by the encoder (for the WZ blocks with hash data) with the remaining (improved) DCT 

bands of the enhanced Ὓ frame. The usage of the DCT hash bands in ὣ, enables to reduce the 

bit-rate needed to correct the errors (in this case only quantization errors can occur) in the 

coefficients for which a DCT hash has been received. 

5. Correlation noise modeling: Then, the SI is converted into soft-input probabilities using the 

Laplacian correlation model, as described in Section 2.4.3. The Laplacian distribution 

parameters (one for each band) are computed offline for the whole sequence using original 

data and then are kept fixed (for all frames) during the DVC decoding process [113].  

6. Turbo decoder and reconstruction: With the computed soft-input probabilities, the iterative 

turbo decoder can now use the received parity bits to correct the errors in ὣ and generate the 

(almost error free) decoded quantized symbol stream ήȭ. The side information ὣ is also used in 

the reconstruction module [19], together with ήȭ, to obtain the decoded DCT bands; finally, 

IDCT is applied to generate the WZ decoded frame ὢ. 

Basically, steps 1 and 3-4 correspond to the new decoder operations that were added to improve the 

SI quality provided by the MCFI framework described in Section 4.5. Thus, it is expected that RD 

improvements are obtained despite the additional rate necessary to transmit the additional DCT 

hash information. 

4.3  At the Encoder: DCT Hash Creation  

The key idea in HME is to create the side information with some auxiliary information sent from the 

encoder for the WZ frame regions with low temporal correlation. To accomplish this, it is necessary 

to find a transform function כ which produces a signature or a hash, for each Ὧ-th block Ὄ Ὧ, that 

maximizes the SI quality with the lowest possible rate. In practice, the rate increase due to the hash 

transmission has to be smaller than the turbo coding rate savings associated to the SI quality 

increase. The desired properties for the transform function כ are:  

× Energy compaction: The function כ should generate a hash Ὄ Ὧ which can be compacted and 

represented with the minimum amount of bits.  

× Robustness: If block ὢὯ is similar in the mean squared error sense to block ὢ ὰ, i.e., if 

MSE(ὢὯ ὢ ὰ π, then כὢὯ ὢכ ὰ  must hold. 

× Collision avoidance: The hash כὢὯ  should be uncorrelated with כὢ ὰ  if ὢὯ is 

different from ὢ ὰ, i.e., if (-3%ὢὯ ὢ ὰ π.  

The first property simply states that the hash bits should be a compact representation of a block; in 

practice, the hash signatures are equivalent to the motion vectors used in predictive video coding 

and should occupy a similar rate for a certain SI quality. The last two properties enable the use of 

the hash Ὄ Ὧ in a full search block based ME process where one SI block is created by selecting it 

from a high number of candidates blocks obtained from the reference frame ὢȢ A final constraint 

should be placed on the complexity of the transform function כ which should be as low as possible 
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in order to keep low complexity encoding. The integer DCT transform shares some of these 

properties since most of the signal information is concentrated in a few low-frequency components, 

has good robustness in the presence of noise and also low complexity. The other major advantage 

regards the fact that these coefficients can be reused in the side information transformed frame in 

order to further enhance its quality. 

4.3.1  Block SI Creation Mode Selection  

As described in the DVC codec walkthrough (see Section 4.2), hash bits are only sent for some of the 

WZ frame blocks to enable the HME process at the decoder. This type of approach allows significant 

savings in the hash rate (leading to a more efficient DVC codec) since it is only necessary to transmit 

hash information for a small number of WZ blocks, this means those badly estimated with the MCFI 

SI creation approach; for most video sequences, those blocks are typically characterized by motion 

vectors with large displacements. However, other WZ blocks have motion vectors equal to zero 

(background areas) or with small magnitudes that can be efficiently estimated by MCFI; for those 

WZ blocks, it is not necessary to send any hash information to improve the MCFI estimation. The 

combination of the MCFI and HME SI approaches can bring major benefits, since higher SI quality 

can be achieved by sending hash information only for the appropriate WZ blocks, bringing a much 

needed spatial (and temporal) adaptation of the SI creation process to the video content. 

However, the encoder has the additional burden to select the blocks in the WZ frame for which hash 

information is sent. Ideally, the encoder should generate, for each WZ block, the side information 

using both approaches and select the solution that minimizes some RD criterion; however, due to 

complexity constraints, this type of approach cannot be used. Thus, the following technique is 

proposed: 

1. Compute the SAD at the search origin between the current frame ὢ and the backward frame 

ὢ  available at the encoder according to:  

ὛὃὈ Ὧ ȿὢ ὼȟώ ὢ ὼȟώȿ ȟ

ȟ

 (4.1) 

where ὢὯ corresponds to the Ὧ-th block in frame ὢ. Note that to compute ὛὃὈ  an 

additional buffer (as shown in Figure 4ü1) is necessary at the encoder to store the backward 

frame ὢ . 

2. The SI creation mode selection is performed for each ψ ψ WZ block ὢὯ, the block size used 

to obtain reliable HME at the decoder; if ὛὃὈ Ὧ †, the encoder sends a DCT hash for all 

four τ τ blocks of the corresponding ψ ψ block. An adequate threshold † has been found 

experimentally. 

3. Then a binary map ὓ  is created; each entry in the map indicates whether the side information 

of each ψ ψ Ὧ-th block should be created with MCFI, i.e., ὓ Ὧ  π, or with HME, i.e., 

ὓ Ὧ  ρ, according to: 
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ὓ Ὧ
ρ ὛὃὈ Ὧ †

π ὛὃὈ Ὧ †
 Ȣ (4.2) 

The metric in (4.1) tries to express the amount of motion for a block in a simple way: a large ὛὃὈ  

indicates a large change between the current and backward reference frames and thus a high 

probability that the block has a large motion.  

Figure 4ü2 to Figure 4ü4 show some representative WZ frames (left) and the corresponding block SI 

creation mode selection (right) for three QCIF sequences encoded at 30 Hz, GOP size 2. In Figure 4ü2, 

Figure 4ü3, Figure 4ü4, hash information is sent for the blocks marked in black. 

Figure 4ð2: Block SI creation mode selection for the Coastguard sequence (frame #66).  

Figure 4ð3: Block SI creation mode selection for the Hall Monitor sequence (frame #30).  

Figure 4ð4: Block SI creation mode decisions for the Soccer sequence (frame #114).  

To illustrate the efficiency of the proposed block SI creation mode selection criterion, the overall RD 

performance of the hash-based DVC codec RD performance (see Section 4.2) is evaluated by 

comparing three cases:  
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× MCFI DVC Codec: SI creation with the MCFI technique for all WZ blocks, i.e., ὓ Ὧ π for all 

WZ blocks. 

× HME DVC Codec: SI creation with the HME technique for all WZ blocks, i.e., ὓ Ὧ ρ for all 

WZ blocks. The DCT hash is created with the DC band+2AC bands. 

× HME/MCFI DVC codec: SI creation with HME and MCFI techniques with the proposed block SI 

creation mode selection algorithm, i.e., with ὓ  created according to (4.2). 

As observed in Figure 4ü5 for the Foreman QCIF@30Hz sequence with GOP size 4, the MCFI DVC 

codec has higher coding efficiency when compared to the HME DVC codec at low bit-rates since the 

hash bit-rate is significant in these cases; for higher bit-rates, the HME DVC codec has a slight 

advantage since the hash bits provide an improved SI quality.  

Figure 4ð5: RD performance for MCFI, HME and combination of HME/MCFI . 

The best performing DVC solution is the combination of both approaches (HME/MCFI DVC codec) as 

proposed, which can bring PSNR improvements up to 1.2 dB when compared to the MCFI approach. 

So, the proposed block SI creation mode selection algorithm is an efficient approach since it mainly 

transmits hash information only for blocks where the HME SI creation mode can obtain better RD 

performance than the MCFI SI creation mode. Notice that previous work in the literature uses the 

collocated block of the previous frame as side information when hash information is not sent [95], 

[103], i.e., MCFI is not used for any block. 

4.3.2  Binary Mode Map Coding  

Since the coding mode decision to transmit the DCT hash is performed at the encoder for each WZ 

block, it is necessary to transmit all the coding mode decisions from the encoder to the decoder. 

Since a strong spatial correlation between the coding modes of neighboring blocks is observed, a 

RLE algorithm identifies runs of blocks assigned to the same coding mode in raster scan order and 
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entropy encodes the symbol (run) using universal variable length codeword (UVLC) codes, adapted 

to the statistics of the symbols (obtained from a large set of training sequences and test conditions). 

For QCIF sequences at 15 fps, 396 binary decisions (one for each ψ ψ block) need to be represented 

for each WZ frame, adding up to approximately 3 kbit/s, if transmitted without compression. By 

using the proposed tools, it is possible to efficiently encode the binary map and reduce the rate cost 

to 0.3-1.8 kbit/s, depending on the map. Larger gains are achieved for sequences at 30 fps and for 

larger spatial resolutions, e.g., CIF sequences. 

4.3.3  Adaptive DCT Band Selection  

The DCT hash approach proposed in this chapter is similar to [95], [103] in the sense that a subset of 

the original DCT coefficients is sent to the decoder to guide the HME process. To minimize the hash 

rate, coefficients must be quantized and only a set of consecutive DCT bands is transmitted to the 

decoder, corresponding to: כ  ὗὈὅὝίȟὩ Ȣ , where ί and Ὡ identify the starting and ending 

DCT hash bands. The usage of this proposed DCT hash implies solving critical issues such as which 

frequencies (or bands ί to Ὡ) should be sent to achieve a reliable estimation of the SI frame and 

which quality (or quantization step) should be used to encode the selected DCT coefficients. 

Low Frequency DCT Hash  

Regarding the DCT hash creation, several options were identified to select the best DCT hash in the 

RD sense, notably the use of the DC band or alternatively some of the AC bands. In the literature, the 

use of AC bands has been suggested in [103] ([95] omits which bands were used); however, this has 

several disadvantages. For the DCT hash to be strong enough to discriminate among a high number 

of candidate blocks, it is necessary to quantize the high frequency coefficients with a small step size 

(when compared to low frequency ones), i.e., to obtain the same rate, the quantization tables must 

give more weight to the high frequency coefficients at the cost of the lower frequency coefficients. 

However, this introduces noticeable artefacts since the quantization tables would not reflect the 

human visual perception system characteristics, and errors in the low frequencies would be easily 

perceived. It is also difficult to obtain good SI quality for small block sizes transforms (e.g., τ τ) 

which pack most of the energy in the low frequency coefficients, since the robustness and collision 

avoidance properties are difficult to hold for a low energy high frequency hash and many candidate 

blocks. Additionally, when the reference frames have significant quantization noise, as for low bit-

rates, the AC bands have many zero coefficients or capture much of the quantization noise; this 

leads to low quality SI. Taking into account these observations, it is proposed here to use a low 

frequency hash, where the DC coefficient is combined with some of the next AC bands in zigzag 

scanning order (i.e., ί  π is adopted). 

Adaptive DCT Band Selection Algorithm  

Therefore, the DCT hash function proposed here can be interpreted as a low pass filter 

representation of the selected blocks with a certain cut-off frequency ‗, which is closely related to 

the number of bands sent. However, an important issue remains: the computation of the þoptimalÿ 
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number of bands, or the cut-off frequency of the low pass filter which should depend essentially on 

the frequency characteristics of each WZ frame and the necessary SI quality for a given RD point. 

With this purpose, an adaptive method is proposed here, which selects for each frame the optimal 

number of bands Ὡ according to the energy distribution of each DCT band and the quantization 

parameter ὗὖ used to quantize the DCT hash bands: 

1. Quantize all DCT hash coefficients with the same QP as for the key frames (ὗὖ), thus assuring 

a rather constant quality between the WZ and the Intra key frames, i.e., ὗὖ  ὗὖ. 

2. Include the DC coefficient in the DCT hash; since the DCT block size is small, this coefficient is 

very important to distinguish each candidate block in a robust way, especially at low bit-rates 

where the hash bit-rate must be kept small. 

3. For medium to high bit-rates, it is necessary to include some AC bands in the hash to achieve 

ME with higher accuracy. To decide, for each frame, how many AC bands must compose the 

DCT hash, it is proposed to maximize:  

ÁÒÇÍÁØ Ὁὦ  ȟ (4.3) ‏

where Ὁὦ is the energy of each DCT band ὦ πȣρυ in zigzag scanning order computed as: 

Ὁὦ ὢ ὰ  ȟ (4.4) 

where ὔ, ὔ  represent the number of blocks per row and column for which the DCT hash is 

sent and ὢ  corresponds to the DCT quantized coefficients of the ὦ band. The parameter ‏ 

in (4.3) represents the amount of energy necessary to maximize the SI quality with the lowest 

possible rate. 

Since the calculation of the parameter ‏ is important for the overall coding efficiency, it is proposed 

here to compute it using a simple RD model, where the rate is represented by the energy of each 

band Ὁὦ and the distortion is measured by ‌ὗὖ in a similar way to the RD models traditionally 

used in predictive video coding. The following model for ‏ was chosen: 

‏ ὗὖ‌ ‍ Ὁὦ Ȣ (4.5) 

In (4.5), (ὗὖ‌ ɀ ‍) is always Ò 1 and represents the fraction of the total energy В Ὁὦ that 

should be allocated given ὗὖ, the parameter that represents the hash quality (in the MSE sense). 

The parameters ‌ and ‍ are kept constant during the whole decoding process and were found by 

linear regression with the optimal ‏ found experimentally by intensive evaluation, i.e., by choosing 

the parameter ‏ that maximizes the coding efficiency. 
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Adaptive versus Fixed DCT Band Selection  

To illustrate the efficiency of the DCT band selection algorithm, the overall hash-based DVC codec 

RD performance (see Section 4.2) is evaluated by comparing two cases:  

× Fixed DCT band selection: As proposed in previous work [95], [103], the DCT hash is created 

using a fixed amount of DCT bands: i) DC band; ii) DC + 2AC bands; and iii)  DC + 4 AC bands. 

× Adaptive DCT band selection algorithm: The DCT hash is created with the proposed adaptive 

DCT band selection algorithm previously proposed. 

Figure 4ü6 shows the impact of each DCT band selection solution described above, in the hash-based 

DVC codec RD performance for Foreman QCIF@30Hz; the HME technique was used to create SI for 

all WZ blocks. For both cases, both WZ and hash bit-rates are considered for all WZ frames. The GOP 

size 4 structure corresponds to ὍὡὡὡὍ, where ὡ  is sent after Ὅ and Ὅ and uses as references 

in the hash-based SI creation process the key frames Ὅ and Ὅ. Then, frames ὡ  and ὡ  are sent 

next and use as references the neighboring Intra or WZ frames. 

As shown, the best RD performance for the Foreman sequence is achieved by sending DC+2AC bands, 

while the proposed adaptive DCT band selection algorithm performs close to this solution. Since for 

other sequences the þoptimalÿ number of bands is not guaranteed to be the same as found for the 

Foreman sequence (DC+2AC), the adaptive DCT band selection algorithm provides an efficient 

solution for the problem of band selection in the DCT hash creation technique. 

Figure 4ð6: RD performance for adaptive versus fixed DCT band selection.  

4.4  At the Decoder: DCT Hash -based Motion Estimation  

As described in Section 4.2, the decoder creates the side information by improving the MCFI 

estimate for the blocks that have DCT hash information available. To define the HME process, it is 
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necessary to define solutions for two fundamental issues: i) the matching criterion that measures 

the similarity between two blocks (see Section 4.4.1); and ii) the candidate blocks which are 

normally obtained (or derived) from one (P mode) or two (B mode) neighboring reference frames 

(see Section 4.4.2).  

4.4.1  Hash Matching Criterion  

The most important part of the HME algorithm corresponds to the design of the necessary matching 

criterion, where two approaches are possible:  

1. Pixel domain matching criterion: The most straightforward criterion is to perform inverse 

quantization of the DCT hash coefficients to obtain a coarsely reconstructed frame to guide the 

motion estimation; in this case, the SAD criteri on between the reconstructed and candidate 

blocks should be minimized.  

2. Hash domain matching criterion: Another possible criterion is to calculate the DCT hash for 

each candidate block and compare it with the DCT hash received; in this case, ME is performed 

in the DCT hash domain, where the SAD between the hash received and the hash of each 

candidate block is calculated; the candidate block with the minimum SAD is used to construct 

the side information.  

If this last criterion is employed, it is necessary to apply the function כ for each candidate block at 

the decoder which adds complexity to the ME procedure. However, it leads to higher SI quality (i.e., 

better coding efficiency) when compared to the pixel domain criterion and can be complexity 

optimized by performing ME directly in the DCT domain [152], i.e., using the DCT hash for the WZ 

block and the DCT coefficients available from the previous decoding of the reference frame(s).  

The solution here proposed adopts on the hash domain matching criterion approach thus requiring 

the inverse quantization (IQ) of the DCT hash Ὄ Ὧ received from the encoder and the DCT 

transformation of all candidate blocks. In this context, the motion vector can be found by 

minimizing: 

ÁÒÇÍÉÎὍὗὌ Ὧ ὈὅὝȟ ὤ Ὧ  ȟ (4.6) 

where ὤ Ὧ represents all possible ά candidate blocks for the Ὧ-th block in frame ὣ, ȿȢȿ is the SAD 

metric and ὈὅὝȟ  corresponds to a modified integer DCT transform that retains only the first Ὡ 

bands. The amount of selected bands Ὡ was established at the encoder for each Ὥ-th frame and 

transmitted to the decoder; Ὡ is kept constant for all SI blocks of the Ὥ-th frame. With this new 

approach, it is possible to avoid the quantization of all candidate blocks, thus saving some 

complexity at the decoder. It can also improve the SI quality since the SAD metric works with 

reconstructed DCT coefficients which allows better precision when compared to the usage of 

quantized bins (in the candidate and reference blocks). To completely define the HME process, it is 

also necessary to establish the block size; while larger block sizes can bring more robust matching, 

they will not account for complex motion, which is more accurately tracked with small block sizes. 
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Therefore, it is proposed here to perform ME with ψ ψ block sizes, which is a good trade-off 

between robustness (i.e., more reliable block estimations) and accurate motion representation. 

Thus, the matching criterion establishes the similarity between the DCT hash, a compact 

representation of the WZ block at the encoder, and a set of candidate blocks obtained at the decoder 

ὤ  (next section describes how ὤ  is derived). The overall HME process with the proposed 

matching criterion is described in the following. For each block ὣὯ that verifies ὓ Ὧ ρ, i.e., 

with an available DCT hash: 

1. Compute the following matching criterion for all candidate blocks ὤ : 

ɝ Ὧ ὍὗὌ ὼ τὥȟώ τὦ ὈὅὝȟ ὤ ὼ τὥȟώ τὦ  

ȟ

ȟ (4.7) 

where ɝ Ὧ represents the similarity between ὣὯ and all candidate blocks ὤ , ὥ and ὦ are 

the indexes of each τ τ DCT block inside the ψ ψ blocks under matching and ὼ and ώ the 

coefficient coordinates for each DCT block of size τ τ, ὣὰ, for which hash information was 

sent. Thus, (4.7) established that all DCT hashes of the τ τ blocks inside each ψ ψ block are 

considered. 

2. Compute the minimum value of ɝ  ql cfka qeb þ_bpqÿ _il`h `^kafa^qb with index Ὦ: 

Ὦ ÁÒÇάὭὲɝ Ὧ  Ȣ (4.8) 

3. The final side information for ὣὯ in the DCT transform domain is defined as: 

ὣὯ Ὄ Ὧ ȟἅ ὤ Ὧ ȟ
 ȟ (4.9) 

where Ȣ ȟ  correspond to bands πȟὩ, Ȣ ȟ  correspond to the remaining DCT bands and 

ἅ corresponds to a union operator, that concatenates all coefficients of each τ τ block. 

Steps 1-2 in the HME procedure are illustrated in Figure 4ü7 for a DCT hash with 3 bands (DC+2AC 

bands); as shown, τ σ DCT hash coefficients are considered in the matching criterion. Since in step 

3, DCT coefficients (obtained from the hash information sent from the encoder) corrupted only with 

quantization errors are used, some motion estimation errors are corrected and (slightly) better RD 

performance can be achieved. 

4.4.2  Candidate Block Creation with Bidirectional Modes  

Previous approaches in the literature [58], [95], [103] use the hash bits in an extrapolation 

framework where candidate blocks are only obtained within a search region of the previously 

decoded reference frame. However, it is expected that, if the DCT hash is strong enough, i.e., with 

good robustness and collision avoidance, the construction of candidate blocks from two reference 

frames in an interpolation framework (where two reference frames are available) can further 

enhance the RD performance.  
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Figure 4ð7: Hash -based motion estimation with  blocks . 

One possibility is to add HME modes, as in predictive video coding, especially the most efficient one, 

the B-mode, where a block can be predicted from the past and/or future reference frames. However, 

the HME modes are not defined by the encoder, and, thus, no transmission overhead occurs and the 

encoding complexity is the same. Therefore, it is proposed here to use the following interpolation 

modes for the decoder creation of each Ὧ-th ψ ψ SI block: 

× Mode P: Within the search range, obtain the ψ ψ SI candidate blocks in the backward and 

forward reference frames; include all these blocks in the set ὤ Ὧ, i.e., in the SI candidate 

blocks for the block ὣὯ. This mode is similar to the P coding modes available in predictive 

video coding.  

× Mode B1: Find the best blocks ὣὦ and ὣὪ according to (4.7)-(4.8) for each reference frame 

available at the decoder ὢ  and ὢ, and compute the linear combination (average) of blocks 

ὣὦ and ὣὪ; include this interpolated SI block in the set of candidate blocks ὤ Ὧ. This 

mode is similar to the B coding modes available in predictive video coding. 

× Mode B2: If MCFI has been performed, use the motion vector already available and include in 

the set of SI candidate blocks ὤ Ὧ the linear combination of the blocks in ὢ , ὢ to which 

the motion vector is pointing; to account for slight displacement errors in MCFI include also in 

ὤ Ὧ some neighboring blocks within a small search range assuming linear motion. This 

mode allows the combination of the MCFI and the HME procedures. 

In the HME procedure (explained in the previous section) all blocks included in ὤ  through the 

various SI creation modes above are considered in the matching criterion (4.7) and contribute to the 
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search for the best SI block. The modes B1 and B2 contribute significantly for the improvement of 

the SI quality, especially in occluded areas. It is also important to note that, if the hash is strong 

enough, the inclusion of the mode B2 guarantees that the block obtained with HME is always a 

better estimation when compared to the block obtained with the MCFI technique. The MCFI block 

estimate is always taken into account as a SI candidate block and it is selected if it corresponds to 

the best candidate block, according to the hash information sent by the encoder. 

To illustrate the efficiency of the three modes, especially the novel B1 and B2 bidirectional modes 

(considering that [95], [103] only proposed an extrapolation P mode), the following quality metrics 

are evaluated:  

× ╟╢╝╡╟: Side information quality obtained with the P mode only, i.e., only SI candidate blocks 

from the backward or forward reference frames.  

× ╟╢╝╡║: Side information quality using also the B1 and B2 modes, thus including linear 

combinations of blocks in both reference frames. 

To assess the coding efficiency of all P and B modes, it is necessary to avoid the influence of other 

techniques, such as the adaptive DCT band selection and MCFI SI creation; thus, a DCT hash with 

DC+2ACs bands was used for all WZ frames and all blocks are HME interpolated. The QP used to 

quantize the H.264/AVC Intra key frames is 23 and the WZ frames are quantized according to the 

last quantization matrix in Section 3.6.1 (highest quality); however, similar results were obtained for 

other quantization points. The GOP size for all sequences is 4. As observed in Table 4ü1, the SI 

quality increases significantly with the addition of the new B modes, especially for the Coastguard 

and Foreman sequences.  

Table 4ð1: Improvements achi eved with bidirectional hash -based interpolation.  

Sequence Rate [kbit/s] ╟╢╝╡╟ [dB] ╟╢╝╡║ [dB]  %P %B 

Foreman 322.43 33.63 35.43 42 58 

Coastguard 322.45 31.73 34.08 33 67 

Soccer 378.58 30.86 31.51 42 58 

Hall Monitor 148.48 37.50 37.89 74 26 

The rate shown includes only the DCT hash rate since no WZ coding is performed; this rate is always 

the same since what changes here is the number of candidate blocks at the decoder. It is also shown 

how often the P mode (%P) is selected against both B1 and B2 modes (%B): the B modes are selected 

very often which justifies the PSNR increase in the SI quality. 

4.5  At the Decoder: Motion Compensated Frame Interpolation  

In the hash-based DVC decoder, the guess SI creation approach, originally proposed by the author in 

[23], is used for the MCFI SI creation blocks. The MCFI framework in [23] is not as efficient as the one 
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presented in the previous chapter, and the major difference lies in the first step where motion 

estimation with a regularization criterion is performed instead of using the smoothness constrained 

motion estimation technique presented in Section 3.3.1. 

Naturally, the MCFI framework proposed here still creates SI based only on two reference frames, ὢ  

and ὢ, temporally in the past and future (in relation to the WZ frame ὢ), respectively. Then, both 

reference frames are low pass filtered and used as references in a full search ME algorithm, but with 

the following modified matching criterion: 

ὺȟὺ ÁÒÇÍÉÎ
ȟ ᶰ

Ὑὼȟώ
ρ

ὔ
ὢ ὼȟώ ὢ ὼ ὺȟώ ὺ

ȟ

 ȟ (4.10) 

where the block size is ὔ ὔ, ὢ Ὧ represents the Ὧ-th block of frame ὢ, ὺȟὺ  represents a 

motion vector belonging to the ὠ motion vector candidate set and Ὑὼȟώ is the regularization 

term. The criterion in (4.10) is based on the popular MAD criterion as defined in (3.2); the only 

difference between (4.10) and (3.1)-(3.2) is the regularization term Ὑὼȟώ in (4.10) that is calculated 

according to: 

Ὑὼȟώ ρ ‖ ὺ ὺ ȟ (4.11) 

where ‖ is a smoothness constant that controls the penalty introduced when the motion vectors go 

to extreme positions in the search range (experimental results suggest that ‖ πȢπυ is a good 

choice). The regularization of motion vector field through (4.11) favors motion vectors closer to the 

origin and enables to increase the ME search range, thus allowing to efficiently interpolate 

sequences with high motion or when long GOP sizes are selected.  

Then, the BiME algorithm presented in Section 3.3.2 is applied in order to obtain a refined motion 

field for each ὢ block. A hierarchical approach similar to Section 3.3.3 is also used but with just two 

different block sizes (ρφρφ and ψ ψ) and without the affine motion model; in this case, a simple 

motion copy between block sizes is used. Despite the limitations, this hierarchical approach can still 

track fast motion, is capable to handle long GOP sizes in the first step (ρφρφ block size) and can 

achieve finer detail by using smaller block sizes (ψ ψ block size) in the second step. Similarly to 

Section 3.3.3, an (adaptive) search range is also adaptively computed for each WZ block taking into 

account the motion vectors of the neighboring blocks (in the top, bottom, right and left blocks). 

Next, as in the previous chapter, weighted vector median filters are used to obtain a smoother 

motion field (see Section 3.3.4 for the algorithmic description) and the final MCFI interpolated frame 

is constructed by using a bidirectional MC technique (see Section 3.5.3). 
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4.6  Performance Evaluation  

This section evaluates the performance of the novel technical contributions made in this chapter, 

with the hash-based DVC codec described in Section 4.2. The test conditions used are presented in 

detail in the next section. 

4.6.1  Test Conditions  

The test conditions used for these experiments are similar to those defined in Section 3.6.1; thus, 

they are not repeated here. However, the eight RD points (ὗ) were established with new 

quantization parameters (ὗὖ) for the H.264/AVC Intra key frames, shown in Table 4ü2, and the 

quantization matrices for the WZ frames already defined in Section 3.6.1. With these new 

quantization steps, the key frames decoded quality is still similar to the WZ frames decoded quality 

(using the MCFI for SI creation) in average for the whole sequence. The Foreman, Hall Monitor, 

Coastguard and Soccer sequences were coded at 15Hz with GOP size 2 (all frames), using the 

H.264/AVC Intra Main profile to encode the key frames. As a reminder, all the DVC codecs in this 

chapter use the MCFI framework described in Section 4.5, the reconstruction technique in [9] and 

the offline correlation model at sequence level [113], i.e., one Laplacian parameter for each band 

which is kept fixed during the decoding of all WZ frames. 

Table 4ð2: H.264/AVC Intra quantization parameter for each RD point Ἕἱ. 

Sequence Resolutions ╠  ╠  ╠  ╠  ╠  ╠  ╠  ╠  

Coastguard QCIF@15 Hz 38 37 37 34 33 31 29 25 

Hall Monitor QCIF@15 Hz 37 36 36 33 33 31 29 24 

Foreman QCIF@15 Hz 40 39 38 34 33 31 29 24 

Soccer QCIF@15 Hz 44 43 40 35 35 32 29 23 

The hash-based DVC codec (see Section 4.2) is evaluated by comparing its overall RD performance to 

other predictive video coders, such as H.264/AVC Intra and H.264/AVC zero-motion (both described 

in Section 3.6.1) and the corresponding MCFI based DVC codec in [23], which is equivalent to the 

hash-based DVC codec but only with MCFI SI creation for all blocks, i.e., mode ὓ ὰȟά π for all 

WZ blocks in all frames. In the hash-based DVC codec, all the techniques proposed in Section 4.3 to 

Section 4.5 are used; in the block SI creation mode selection, the threshold † is equal to 15. 

4.6.2  RD Performance  

Figure 4ü8 to Figure 4ü11 illustrate the DVC codec performance for the eight RD points, according to 

the test conditions defined in the previous section. The RD performance of the HME/MCFI DVC 

codec is compared against the MCFI DVC codec, H.264/AVC Intra and H.264/AVC zero-motion. The 

following conclusions may be taken: 
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× HME/MCFI DVC codec versus MCFI DVC codec: The proposed HME/MCFI SI creation approach 

can bring RD performance improvements for the Foreman, Soccer and Hall Monitor sequences 

with gains up to 1.2 dB. As expected, the maximum RD performance gains occur for the Soccer 

sequence where the MCFI framework performs rather poorly (as shown in Section 3.6.2) and 

thus the DCT coefficients sent by the encoder provide valuable help in the SI creation process. 

However, this type of approach also provides RD performance benefits for the Foreman 

(medium-low motion) and Hall Monitor (low motion) sequences with gains up to 0.9 dB and 0.3 

dB, respectively. For these sequences, the number of blocks selected by the hash enabled DVC 

encoder is lower when compared to the high motion Soccer sequence, yet benefits are still 

observed in terms of coding efficiency. As shown in Figure 4ü8, the HME/MCFI SI creation 

technique brings RD performance losses for the Coastguard sequence when compared to the 

usage of just the MCFI technique. In this case, the DVC encoder transmits hash information for 

several WZ blocks according to the selection criterion in (4.1) due to the panning motion 

observed for a significant part of the Coastguard sequence. However, MCFI already provides a 

good SI estimation for these WZ blocks and, thus, the hash information (DCT low frequency 

coefficients) does not provide additional gains. Additionally, since the Coastguard is a highly 

textured sequence, the cost of Intra coding the DCT low frequency coefficients is high and, 

thus, losses in coding efficiency occur when compared with the MCFI (only) SI creation DVC 

codec. 

× RD point influence on the HME/MCFI DVC codec RD performance: For all video sequences, the 

HME/MCFI SI creation solution provides more significant RD performance gains for the high 

bit-rates when compared to the low and medium bit-rates, e.g., for the two lowest RD points 

(ὗ ρ and ὗ ς) there are no benefits associated to the transmission of DCT hash 

information. For these lower bit-rates, the adaptive DCT band selection technique only 

transmits the DC coefficient since the number of WZ coded coefficients is low and, typically, 

there is good correlation between the MCFI SI and the WZ original frame for these low 

frequency bands. For high bit-rates, the SI quality obtained with the HME/MCFI combination is 

significantly better than the MCFI SI quality and, thus, WZ bit-rate can be saved, since a high 

number of bands/bit -planes are distributed coded. 

× HME/MCFI DVC codec versus H.264/AVC Intra/zero-motion: The RD performance of the 

HME/MCFI DVC codec outperforms the H.264/AVC Intra codec for the Hall Monitor and 

Coastguard (only medium and low bit-rates) sequences. In general, the HME/MCFI DVC codec 

does not provide any coding efficiency benefits regarding the H.264/AVC zero-motion codec 

for all sequences under test. The main reason for these coding efficiency gaps is twofold: i) the 

MCFI SI creation technique described in Section 4.5 has a lower efficiency when compared to 

the technique proposed in Chapter 3; ii) the H.264/AVC Intra codec RD performance exploits 

quite efficiently the spatial correlation with several Intra coding modes (τ τ and ρφρφ) 

and includes an efficient adaptive entropy coder (CABAC). 
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Figure 4ð8: Hash -based DVC codec RD performance for the Coastguard sequence.  

 

Figure 4ð9: Hash -based DVC codec RD performance for the Hall Monitor sequence.  

 



S IDE IN FORM ATION ESTIMAT ION WITH  EN CODER HAS H-BASED  H INTS 

 106 

Figure 4ð10 : Hash -based DVC codec RD performance for the Foreman sequence.  

Figure 4ð11 : Hash -based DVC codec RD performance for the Soccer sequence.  

4.7  Final Remarks  

In this chapter, a hash-based DVC codec is proposed, which includes: i) a simple encoder mechanism 

to select for which blocks the DCT hash is sent; ii) an encoder technique to determine the amount of 

low frequency bands to include in the DCT hash to efficiently guide the motion estimation 

procedure at the decoder (adaptive DCT band selection); iii) a HME SI creation technique to choose 

between past and/or future reference frames for frame interpolation (B-mode) using the decoded 
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DCT hash information. This last capability is not possible with the MCFI SI creation techniques since 

it is difficult to find a criterion able to select the best interpolation or extrapolation mode. Other 

important characteristics include the coding of the DCT hash with a DPCM mode and the 

combination of MCFI with HME.  

When all the proposed techniques were integrated in a DVC codec, RD performance gains up to 1.2 

dB were obtained when compared to the same DVC codec just using the MCFI SI creation solution. 

Most of the RD performance gains are observed for complex motion video sequences, such as the 

Soccer sequence, which exhibited the lowest RD performance when the MCFI SI creation technique 

was used. With the introduction of the hash-based motion estimation, most of the additional 

computational burden lies at the decoder (associated to the matching criterion). The additional 

encoding complexity due to the SI creation mode selection, the DCT band selection and the 

hash/map encoders is still lower when compared to the H.264/AVC Intra encoder (which has many 

spatial prediction modes and adaptive arithmetic encoders).  





 

 

Chapter 5   

Side Information Enhancement with 

Adaptive Intra Mode Decision  

5.1  Introduction  

As described in previous chapters, the distributed video codecs generate some side information at 

the decoder by using motion estimation and compensation techniques. Usually, this means that all 

frames are Intra (independently) encoded and that most of the codec complexity lies at the decoder, 

leading to video codecs which have two inherent characteristics which may be important to address 

the needs of some relevant emerging applications: lower encoding complexity and inbuilt 

robustness to channel losses.  

In the previous two chapters, the SI was generated by using the so-called guess and hint approaches. 

In Chapter 3 a MCFI framework following the guess approach was proposed; in MCFI, motion 

trajectories are found between adjacent reference frames with ME techniques and the SI is created 

by motion compensation. One of the major disadvantages of the guess approach is the lack of 

uniformity in the temporal and spatial correlation between the SI and the source data for 

distributed coded frames. In fact, it is possible to observe that motion compensated errors are rather 

significant for some SI frame regions while being much smaller for other regions; covered and 

uncovered regions, illumination changes and camera noise are responsible for the lower quality of 

some SI regions. After, Chapter 4 has proposed a SI creation hint approach where some low 

frequency DCT coefficients (the DCT hash) are encoded, transmitted to the decoder, and then used 

to generate the SI for some (more difficult) WZ frame blocks [26]. Although the guess and hint 

approaches can be independently used, it is believed that a combination of both approaches can 

bring better performance than using only one, since each approach can provide benefits for a 

certain type of source correlation. Thus, Chapter 4 has proposed to combine the MCFI framework 

with hash-based motion estimation at the block level, leading to improvements in coding efficiency. 
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In this chapter, a combined hint and guess SI creation solution is again proposed, this time by Intra 

encoding some blocks of the current distributed coded frame, bringing additional hint data to the 

decoder. In the proposed architecture, Intra encoded data is sent for the periodically Intra coded 

frames (key frames) and for some blocks of the WZ frames. These Intra blocks in the WZ frames have 

a lower quality compared to the already decoded frames (key and WZ frames), and are used by the 

decoder to generate better SI for regions where the guess SI creation approach fails. By sending 

some lower quality Intra blocks for the WZ frames, it is expected to generate SI with higher quality 

for these blocks, notably closer to the quality of the predictions produced by the MC techniques 

used in recent predictive video codecs, e.g., H.264/AVC Inter. Side information with improved 

quality means that the encoder should need to send fewer rate to the decoder and a RD 

improvement is usually obtained. However, in the hint approach, a penalty is paid regarding the 

usual distributed video coding approach, since some blocks are Intra encoded in the WZ frames; 

thus, it is necessary to be conservative and only encode and transmit Intra blocks if they really help 

to generate better SI, thus leading to significant WZ rate savings (considering the same target 

quality) . Since the Intra blocks in the WZ frames are encoded with lower quality, a low bit-rate 

penalty is expected when compared to the periodically inserted Intra frames. However, several 

challenges need to be tackled with the newly proposed solution:  

× How to select at the encoder the blocks in the WZ frames to be Intra coded without having 

available the SI produced at the decoder by the guess and hint and guess solutions?  

× How to improve, at the decoder, the quality of the received Intra coded blocks in order to 

generate SI with improved quality?  

The answer to these questions is a difficult task and the first step is provided in this chapter, which 

proposes a new DVC coding solution that further enhances the DVC RD performance. Thus, this 

chapter makes several major technical contributions, notably: 

× Two low complexity encoder mode decision algorithms described in Section 5.3.1 and Section 

5.3.2, which are able to select the WZ frame blocks which should be low quality Intra coded. 

These blocks are also WZ coded and belong to the so called Intra/WZ coding mode; the 

remaining blocks are only WZ coded (WZ mode). 

× A motion compensated quality enhancement (MCQE) technique described in Section 5.4.2 to 

generate SI for the blocks which were low quality Intra encoded (Intra/WZ mode). For the WZ 

mode blocks, a frame interpolation technique is used to generate the side information. 

Thus, WZ frame block is always coded using a distributed coding approach with the major difference 

lying on the way the side information is generated, by MCQE (Intra/WZ mode) or MCFI (WZ mode). 

The proposed Intra/WZ DVC codec is evaluated in terms of RD performance and in terms of the SI 

and WZ decoded quality, according to the defined test conditions. The evaluation shows RD 

performance gains up to 2 dB, especially for high motion video sequences and long GOP sizes, and a 

more constant WZ decoded quality. 
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The next sections describe the proposed Intra/WZ DVC architecture and techniques: in Section 5.2, 

the architecture of the Intra/WZ DVC codec is presented and briefly described. Section 5.3 presents 

in detail the two encoder Intra/WZ mode decision techniques and the techniques used to code the 

Intra blocks while Section 5.4 presents the MCQE technique used for side information generation, at 

the decoder, when the Intra/WZ coding mode is selected. Finally, Section 5.5 evaluates and analyses 

the RD performance of the novel Intra/WZ mode DVC codec while Section 5.6 presents the 

conclusions and relevant future work. 

5.2  Intra/WZ Mode DVC Codec Architecture  

The video codec adopted in this chapter is a transform domain DVC codec with feedback channel 

and turbo codes in the Slepian-Wolf codec, following the architecture proposed in [20]. However, 

most of the techniques used in the various modules have been redesigned as described in [23], [40]. 

Figure 5ü1 illustrates the architecture of the novel distributed video codec with the block-based 

Intra/WZ and WZ coding modes supported for the WZ frames.  

 

Figure 5ð1: Distributed video codec architecture with Intra/WZ coding mode.  

The Intra/WZ DVC encoder includes a forward integer DCT transform, a uniform quantizer, a turbo 

encoder and a mode decision algorithm and works as follows: 

1. GOP definition: First, a GOP is defined as the set of frames between two key frames plus the 

first key frame in this set. Typically, the key frames are periodically inserted, defining the GOP 

size which means each GOP has always one key frame and the remaining WZ frames. For each 

WZ frame ὢ, the encoder defines two frames, ὢ  (temporally in the past) and ὢ (temporally 

in the future), which are used as references in the encoder mode decision process and in the SI 

generation process. The frames ὢ  and ὢ can be key frames or WZ frames, depending on the 
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GOP size [23], and must be available at the decoder before decoding ὢ. The key frames are 

encoded using the H.264/AVC Intra coding scheme [2] while WZ frames are encoded using a 

DVC approach as explained in the following. 

2. WZ frame encoder mode decision: The encoding process of a WZ frame starts by dividing it 

into non-overlapping ψ ψ blocks. Then, a binary decision is made at the encoder regarding 

the coding mode to be used for each block in a WZ frame: WZ or Intra/WZ coding modes. The 

mode decision is based on ὢ and the two adjacent reference frames (ὢ  and ὢ) and creates 

the so-called binary decision map, ὓ) tfqe þ-ÿ lo þ.ÿ abmbkafkd lk qeb pbib`qba `lafkd jlab, WZ 

or Intra/WZ, respectively. In this chapter, two encoder mode decision algorithms are 

presented in detail in Section 5.3.1 and in Section 5.3.2. 

3. Binary decision map coding: The binary decision map is then efficiently coded using a RLE 

algorithm and UVLC codes and sent to the decoder; this process is the same as Section 4.3.2. 

4. Intra block coding: The Intra coded blocks (to be coded with the Intra/WZ coding mode) have 

lower quality when compared to the key frames and are encoded with the efficient H.264/AVC 

Intra mode techniques [2]: τ τ DC Intra prediction mode, τ τ integer DCT transform, 

uniform quantizer and the context-adaptive variable-length codes (CAVLC). Although these 

techniques do not correspond to the highest efficiency H.264/AVC Intra coding combination 

(e.g., not all Intra prediction modes and CABAC are used), they are chosen to limit the encoder 

complexity without significant compression efficiency penalty. This process is described in 

detail in Section 5.3.3.  

5. WZ residual creation: Compared to the previous chapters, the WZ frame ὢ is not directly WZ 

coded; to obtain coding efficiency improvements a (not temporal) residual frame is created 

and WZ coded. So, all reconstructed Intra blocks are subtracted from the corresponding 

original blocks in the WZ frame ὢ. For the other WZ blocks, no Intra coding is performed; 

instead the residual between ὢ and 128 (central luminance value) is coded using a DVC 

approach; this guarantees that the residual distribution is centered around zero. So, a residual 

frame ὢ  is obtained with a lower energy when compared to the frame ὢ; after the integer 

DCT and quantization, the coefficients have a higher number of zeros and most of their energy 

is compacted into a lower number of coefficients, thus improving the overall RD performance, 

especially when a high number of Intra/WZ blocks are selected for encoding. 

6. WZ residual quantization: The WZ residual frame ὢ  is encoded in a distributed way; for each 

WZ block, the H.264/AVC τ τ integer DCT transform is applied and the coefficients are 

grouped to create the DCT coefficients bands. Each DCT band is uniformly quantized with a 

symmetric quantization interval around zero. Since now the WZ data to be coded is a residue, 

the DC coefficient has positive and negative values and their distribution is centered at the 

origin. While the same uniform quantizer as in the DVC codecs of previous chapters is used for 

the AC bands, a dead-zone uniform quantizer is now used for the DC bands. However, since the 

dead-zone (zero bin) double size width of AC bands previously used was not found useful for 
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the DC residual coefficients band due to their distribution, all the DC coefficient bins 

(including the zero bin) have the same width. 

7. Slepian-Wolf encoder: After quantization, bit-planes are formed and sent to the Slepian-Wolf 

encoder, in this case a turbo encoder that generates the corresponding parity sequences. The 

parity bits are stored in a buffer, punctured and transmitted in small amounts upon decoder 

request via the feedback channel. The encoder also calculates an 8 bit CRC hash for each bit-

plane and sends it to the decoder; this will help the decoder to detect any remaining residual 

errors left by the request stopping criterion based on a confidence measure computed at the 

turbo decoder. 

The Intra/WZ DVC decoder includes now two alternative SI creation techniques, one for each WZ 

coding mode (Intra/WZ and WZ), the typical turbo decoder, the reconstruction and inverse integer 

DCT modules, and works as follows: 

1. Intra block and decision map decoding: At the decoder, the Intra blocks in the WZ frames are 

decoded using the H.264/AVC techniques [2]; the binary decision map is also decoded to know 

which blocks have been Intra/WZ or WZ coded. 

2. Side information creation: The MCFI module generates the SI estimate of ὢ using the 

advanced frame interpolation framework described in Section 4.5 (also proposed in [23]), 

based on the two frame references, ὢ and ὢ. While for GOP size 2, the two references are the 

two neighboring key frames of the WZ frame to be decoded, for longer GOP sizes, previously 

decoded WZ frames also play the role of reference frames. After, using the MCFI interpolation 

together with the binary decision map and the Intra decoded blocks, the MCQE module 

described in Section 5.4.2 improves the quality of the SI frame to be provided to the turbo 

decoder and reconstruction modules. Since, lower quality decoded data is available for the 

Intra/WZ blocks, this information can be used to drive the ME/MC process, obtaining at the 

end a more reliable estimate compared to the estimate provided by the MCFI module alone. 

3. WZ residual estimation: To obtain at the decoder the residual frame ὣ , all decoded Intra 

blocks (Intra/WZ coding mode) are subtracted from the corresponding blocks in the enhanced 

SI frame generated by the MCQE module. For the WZ blocks, for which no Intra coded blocks 

were received, the estimation is obtained by MCFI alone; in this case, 128 is subtracted from 

the MCFI generated blocks (WZ coding mode) in a similar way to the encoder. 

4. WZ residual decoding: Then, the H.264/AVC τ τ integer DCT transform is applied to ὣ , 

creating the decoder estimation of the DCT bands, i.e., the SI in the transform domain. Using a 

Laplacian correlation model, these DCT bands are converted into soft-input probabilities for 

each bit (belonging to a specific bit-plane) and then used by the turbo decoder to recover each 

bit-plane of each DCT band. The Laplacian distribution parameters are computed online for 

each DCT coefficient [113] based on the residual between the two motion compensated 

reference frames used to create the MCFI SI (see Section 2.4.3). The turbo decoder iterates over 

the side information with the received parity bits and when a confidence measure [87] 
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estimates a low bit-plane error probability (typically, less than ρπ) it computes a CRC hash 

(using the same CRC code as the encoder) to check if there is a match with the CRC sent by the 

encoder. In case of CRC mismatch, more parity bits are requested; otherwise, the next bit-

plane decoding will start. This last technique is an improvement over the previous DVC codecs 

presented in Chapter 3 and Chapter 4, and guarantees a vanishing small error probability for 

each decoded bit-plane. 

5. Decoded frame creation: The ὣ  DCT bands are used by the reconstruction module [118] to 

obtain, with a certain target quality, the blocks resulting from the subtraction of the Intra 

blocks (or 128) from ὢ given the SI DCT coefficients. The IDCT is then applied to the 

reconstructed DCT coefficients and the decoded WZ frame is obtained by adding the IDCT 

output to the corresponding Intra blocks (in case no Intra block data has been received, 128 is 

added). To obtain the decoded video sequence, the decoded key frames and WZ frames are 

conveniently mixed. 

Compared to a DVC codec with MCFI, e.g., the one presented in Chapter 3, several enhancements 

were made, but the main novelties lie in the coding mode decision at the encoder side and the MCQE 

SI generation at the decoder side. In this context, a detailed description and analysis of these two 

techniques is presented in the following sections. 

5.3  At the Encoder: Mode Decision and C oding  

The block-based WZ versus Intra/WZ coding mode decision process performed at the encoder for 

the WZ frames is presented in this section. Since a low encoding complexity scenario is targeted, the 

encoder computational capabilities are limited and, thus, the expensive ME operation to recreate 

the MCFI blocks generated at the decoder cannot be replicated at the encoder. In this context, the 

main challenge to obtain a more efficient DVC codec, still with low encoding complexity, is the 

design of an encoder mechanism able to select which blocks in the WZ frames should be Intra coded; 

this selection should be made without having available the MCFI SI and the decoded Intra coded 

blocks. In this section, two low complexity coding mode decision algorithms are proposed to select 

the most critical blocks (in terms of SI quality) in the WZ frame and help the decoder with some 

reliable data for these blocks. Thus, the following two Intra/WZ DVC codecs are proposed, each one 

with a different coding mode decision algorithm: 

× Intra/WZ DVC codec with activity-based mode decision (DVC-AMD): This solution corresponds 

to the Intra/WZ DVC codec described in Section 5.2, with the MCQE/MCFI framework 

described in Section 5.4 and the activity-based mode decision (AMD) technique described in 

Section 5.3.1. The AMD criterion is based on simple activity metrics, notably similar to those 

used in the adaptive GOP size control solution proposed in Section 3.5 and in the hash mode 

decision criterion proposed in Section 4.3.1. With this technique, coding mode decision 
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essentially depends on the SAD between each WZ block and the co-located blocks in the 

reference frames. 

× Intra/WZ DVC Codec with model-based mode decision (DVC-MMD): This solution corresponds 

to the DVC-AMD codec described above, but with the model-based mode decision (MMD) 

technique described in Section 5.3.2. For each block, a novel coding mode decision algorithm 

estimates the encoding rate for the Intra/WZ based and the (pure) WZ coding modes to 

determine the best coding mode while maintaining a low encoder complexity. This approach 

departs from the AMD approach since the bit-rate spent for each coding mode is estimated to 

find the best mode for each block. 

In both algorithms, residuals are calculated between the WZ frame ὢ and the reference frames ὢ  

and ὢ. Nevertheless, the proposed Intra/WZ DVC codecs still follow the distributed video coding 

principles as both DVC-AMD and DVC-MMD codecs are Intra frame encoders and the temporal 

correlation is still fully exploited at the decoder (no predictive coding is performed at the encoder). 

The performance evaluation of the DVC-AMD and DVC-MMD codecs will show that: 

× Both the activity and model-based mode decision algorithms are able to efficiently determine 

the WZ blocks which is worthwhile to Intra code. 

× The proposed Intra/WZ coding mode is beneficial since it leads to significant overall WZ rate 

savings considering the same target quality.  

The next two sections present each coding mode decision algorithm. In Section 5.3.3, the techniques 

used to encode the Intra blocks in the WZ frames are also described. 

5.3.1  Activity -based Coding Mode Decision  

To decide whether a block in the WZ frame is to be encoded with the Intra/WZ or the WZ coding 

modes, the corresponding reference frames ὢ , ὢ used for motion interpolation at the decoder are 

stored in a encoder buffer to help in the mode decision process. The SAD metric is employed as a 

measure of the temporal coherence between the Ὧ-th block ὢὯ and the co-located blocks in both 

reference frames: 

ὛὃὈ Ὧ ȿὢ ὼȟώ ὢ ὼȟώȿ

ȟᶰ

 ȟ 

ὛὃὈ Ὧ ὢ ὼȟώ ὢ ὼȟώ

ȟᶰ

 ȟ 

(5.1) 

where ὛὃὈ Ὧ and ὛὃὈ Ὧ represent two SADs for block ὢὯ, one for each co-located block in 

frames ὢ  and ὢ. Then, the two block coding modes ὓ Ὧ and ὓ Ὧ can be determined based on 

a single threshold † according to: 
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ὓ Ὧ
ρ ÉÆ  ὛὃὈ Ὧ †

π ÉÆ  ὛὃὈ Ὧ †
 ȟ 

ὓ Ὧ
ρ ÉÆ  ὛὃὈ Ὧ †

π ÉÆ  ὛὃὈ Ὧ †
 Ȣ 

(5.2) 

The criterion in (5.2) establishes that when the zero-motion temporal correlation measured by 

ὛὃὈ  or ὛὃὈ  is high, then it is likely that the correlation between the source and the MCFI 

interpolation is weak; therefore, Intra/WZ coding should be performed, i.e., ὓ Ὧ ρ or 

ὓ Ὧ ρ, respectively. When ὛὃὈ  or ὛὃὈ  is low, the MCFI estimation should have better 

quality and the block should be classified as (pure) WZ, i.e., ὓ Ὧ π or ὓ Ὧ π, respectively. 

This type of decision works well when the amount of global motion in the video sequence is low, 

thus capturing efficiently high motion objects that are difficult to interpolate well with the MCFI 

framework alone. However, when there is global motion in the scene, several blocks can be wrongly 

classified as Intra/WZ since, in this case, the MCFI (decoder side) can be efficient but both SAD 

metrics above are likely over the threshold (encoder side). To mitigate this effect, a global motion 

estimate is computed according to the following simple metric: 

Ὃ
ρ

וּ וּ
ὛὃὈ ὰ

flɴ

ὛὃὈ Ὧ

flɴ

 ȟ (5.3) 

where fl  corresponds to the ὢ blocks which satisfy ὓ Ὧ π when (5.2) is calculated, i.e., the 

set of ὢ blocks for which ὛὃὈ  is lower than the threshold † and ּו  stands for the number of 

blocks in Ὅ; similar definitions apply to fl and ּו . Thus, (5.3) represents the SAD average value for 

all blocks that are classified as WZ blocks using ὓ Ὧ π and ὓ Ὧ π.  

The global motion estimative for a given frame can only be performed after the coding mode 

decision is made (since only WZ mode blocks are used) and, thus, it is only used in the coding mode 

decision process of the next WZ frame to be encoded. Therefore, the final criterion for encoding a 

block ὢὯ as Intra/WZ versus WZ is given by: 

ὓ Ὧ ρ ὛὃὈ Ὧ Ὃ † ᷉ ὛὃὈ Ὧ Ὃ †

π  ÏÔÈÅÒ×ÉÓÅ
  Ȣ (5.4) 

Thus, a block ὢὯ is encoded as regular WZ block when ὓ Ὧ π and encoded with the novel 

Intra/WZ mode when ὓ Ὧ ρ. The final criterion in (5.4) improves the criterion in (5.2) since it 

subtracts from the SAD residual, ὛὃὈ Ὧ or ὛὃὈ Ὧ, the global motion estimate Ὃ . This means 

that the Intra/WZ coding mode is most often selected for object motion where most of the 

occlusions, covered and uncovered regions occur (which are difficult to estimate with the MCFI 

technique).  

In summary, the encoding process of a complete WZ frame ὢ proceeds as follows: 
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1. For all blocks in the frame, evaluate (5.4) to classify each Ὧ-th block ὢὯ as WZ or Intra/WZ, 

thus defining the coding mode binary decision map. For the first WZ frame, set Ὃ π. 

2. Encode the binary decision map with RLE+UVLC (as described in Section 4.3.2) and the Intra 

blocks with the H.264/AVC Intra coding techniques (as described in Section 5.3.3) using the 

quantization parameter ὗὖ. 

3. Create a frame Ὅ with the Intra reconstructed blocks at their respective location. Compute the 

residual frame ὢ  by subtracting Ὅ from ὢ for the blocks classified as Intra/WZ; for the 

remaining blocks, subtract 128 from ὢ. 

4. Apply the H.264/AVC τ τ integer DCT transform to the whole residual frame ὢ  and 

concatenate the resulting coefficients in bands. The bands are sent to the uniform quantizer in 

zigzag scan order (DC band first) and a set of bit-planes is constructed for each band. Then, the 

turbo encoder is run for each bit-plane and the parity bits are stored in a buffer; the parity bits 

are sent to the decoder upon request. 

The parameters with a major impact in the overall performance of the proposed coding scheme are 

the threshold †, which affects the number of Intra/WZ encoded blocks (depends on the motion 

content) and the quantization parameter ὗὖ, which defines the bit-rate/quality of the Intra blocks 

in the WZ frames.  

If the Intra/WZ DVC encoder uses low values for † and ὗὖ, a significant amount of blocks will be 

classified as Intra/WZ and the Intra bit-rate is high (since each Intra block has rather good quality), 

when compared to the overall rate; thus, the RD performance will decrease and Intra block usage 

overestimation occurs. If the Intra/WZ DVC encoder uses high values for † and ὗὖ, a low amount of 

blocks will be classified as Intra/WZ and the bit-rate/quality of each block is low; thus, the quality of 

the side information is mainly established by the MCFI interpolation, i.e., only a few MCFI blocks are 

improved and Intra block usage underestimation occurs. Thus, the selection of the þoptimalÿ values 

for † and ὗὖ is critical, result from an important trade-off, strongly defining the RD performance of 

the proposed Intra/WZ DVC codecs. In this sense, the þoptimalÿ † and ὗὖ values maximize the SI 

quality, while minimizing the hash bit-rate. A good threshold † can be found when a high 

percentage of the selected Intra/WZ blocks have low quality MCFI estimation at the decoder, since 

in this case the SI quality is improved with the novel MCQE technique. In addition, the SI quality 

improvements must lead to savings in the WZ bit-rate greater than the Intra blocks bit-rate; 

otherwise, a loss in coding efficiency may be observed. Then, a good ὗὖ can be found when the 

quality of these Intra blocks is low (in order to save bit-rate) but still can help to generate more 

reliable SI, i.e., SI blocks with quality greater than the corresponding Intra blocks quality and the 

alternative, always available, MCFI SI estimation.  

Several experiments have been performed using video sequences with different types of motion 

content to assess the proposed techniques; it was found that a good compromise corresponds to a 

threshold † ςςὔ  where ὔ ὔ corresponds to the block size (in this case ὔ ψ) and ςς is the 
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empirically found average difference per pixel in a block. Regarding the ὗὖ parameter for the Intra 

blocks in WZ frames, it was found that ὗὖ  ὗὖ  ς is a good choice where ὗὖ  is the 

quantization parameter used for the key frames. This will reduce the Intra block bit-rate by 24% on 

average, (compared to Intra blocks coded with ὗὖ) since an increment of QP by 1 typically results 

in a reduction of bit-rate of approximately 12% [1]. The quality loss of the Intra blocks in WZ frames 

when compared to the Intra blocks coded with ὗὖ  can be recovered at the decoder with the MCQE 

(see Section 5.4.2). 

5.3.2  Model -based Coding Mode Decision  

Another possible approach to select the WZ frame coding modes relies on the usage of rate-

distortion techniques, i.e., on the estimation of the bit-rate/distortion resulting from using the 

Intra/WZ and WZ coding modes for a given DCT coefficients block. To perfectly estimate the rate 

and distortion using the model-based coding mode decision approach, it would be necessary to have 

the SI generated at the encoder for each coding mode (Intra/WZ and WZ). However, since the 

encoder computational capabilities are limited, the MCFI/MCQE framework cannot be replicated at 

the encoder to recreate the SI; therefore, an efficient but low complexity coding mode decision 

criterion is needed. The criterion proposed in this section exploits two rate models, both working at 

the block level: the first model estimates the Intra/WZ coding mode bit-rate, Ὑ , while the second 

model estimates the WZ coding mode bit-rate, Ὑ ; then, the coding mode with the minimum rate 

is chosen. It is here assumed that the distortion/quality achieved for both coding modes is similar 

since parity bits are sent for the same bands/bit-planes (at the entire WZ frame level) and the 

reconstruction function is the same. 

Intra/WZ Coding Mode Rate Estimation  

For the Intra/WZ coding mode rate, Ὑ , two contributions can be identified: the Intra bit-rate, Ὑ, 

and the WZ bit-rate, Ὑ . However, it can be assumed that ὙḻὙ  since the MCQE SI quality is 

typically much higher than the MCFI SI quality and only the residual between the Intra blocks and 

the corresponding WZ block is encoded (and less energy implies less rate). Thus, assuming Ὑ ḙ

Ὑ, it is only proposed a rate model for Ὑ which receives as input the un-quantized frame DCT 

coefficients and predicts the rate spent by each Intra block.  

To limit the encoding complexity, the rate model proposed here avoids the complete Intra coding 

process for the WZ frame blocks. In [153], a popular RD model has been proposed: the so-called ” 

domain RD model where ” is the fraction of zeros among the DCT quantized coefficients in a block. 

It has been shown that the bit-rate and ” exhibit the linear relationship Ὑ —ρ ”, where — is 

the model parameter. Although this model works well to estimate the quantization parameter at 

frame level [153], it fails when applied to small block sizes such as the τ τ blocks used by the 

H.264/AVC integer DCT transform. Therefore, a new rate model is proposed here which extends the 

” domain frame level model in [153] by including the DC coefficient value and the quantization step 

size ῳ for each Ὧ-th block: 
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Ὑ —ρ ” ‖
Ὀὅ

ῳ
 ȟ (5.5) 

where — and ‖ are the model parameters and ῳ can be expressed as a function of the quantization 

parameter ὗὖ in the following way [1]: 

ῳ ς  Ȣ (5.6) 

In (5.5), ὈὅȾῳ is a measure of the energy of the quantized transform coefficients. The inclusion of 

the DC coefficient adds another block feature (besides ”) to the rate model of (5.5) which is simple to 

compute and leads to a more accurate bit-rate estimation for each H.264/AVC Intra coded block. The 

parameters — and ‖ can be estimated using a linear regression model with previous Intra encoded 

blocks data, since it is known how much bit-rate was spent and the corresponding ρ ” and 

ὈὅȾῳ values. This process enables the adaptation of the rate model parameters to the spatial 

(more or less textured) and temporal (more or less motion) video sequence characteristics. Thus, 

considering ὲ past encoded blocks, • Ὀὅῳϳ , ‪ ρ ” and Ὑ  the bit-rate spent by 

encoding the Ὧ-th block ὢὯ with H.264/AVC Intra tools, it comes: 

— 
В • В ‪Ὑ В ‪• В Ὑ•

В • В ‪ В ‪•
 ȟ (5.7) 

‖
В ‪ В Ὑ• В ‪• В ‪Ὑ

В • В ‪ В ‪•
 Ȣ (5.8) 

Although (5.7) and (5.8) may look rather complex, in fact only sums and multiplications are 

performed and most results can be reused more than once; so, little extra complexity is introduced 

by this regression method.  

WZ Coding Mode Rate Estimation  

To perform the coding mode decision, a model to estimate the WZ rate spent for each block in the 

WZ frames for which the MCFI SI approach is used at the decoder has been developed. Consider a 

τ τ residual block ﬞ Ὧ ὢὯɀὣὯ in the pixel domain with ὢὯ corresponding to the Ὧ-th 

block in the original frame ὢ and ὣὯ the corresponding block in the SI frame ὣ. Then, a τ τ 

integer DCT transform is applied to each block of the residual frame ﬞ , obtaining ד

ꜟﬞꜟἆ꜡, where ꜟ  is the H.264/AVC forward transform, ꜡ is the post scaling factor matrix and 

ἆ is the point to point multiplication. When the SAD criterion is used to measure the distortion Ὀ 

and the Laplacian distribution model [113] describes the statistical correlation between ὢ and ὣ DCT 

coefficients, the source RD function can be defined as [154]: 

ὙὈ
ÌÎ
ρ

‌Ὀ
π Ὀ ρ

‌

π Ὀ ρ
‌

 ȟ (5.9) 
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where ‌ is the Laplacian distribution parameter. Assuming a uniform distribution over the 

quantizer bins, the distortion Ὀ for the ὦ band can be written as: 

Ὀ ό ὺ
ρ

ῳ
Ὠό

א
ῳ

τ
 ȟ (5.10) 

where ό and ό  are the limits of the quantizer bin ή, א  is the number of quantizer bins and ῳ  

is the corresponding quantization step. The Laplacian distribution parameter ‌όȟὺ can be 

estimated for each DCT coefficient όȟὺ as: 

‌όȟὺ
ς

„ όȟὺ
 ȟ (5.11) 

where „ όȟὺ is the variance of the residual DCT coefficient which can be written as in [155]: 

„ όȟὺ fi όȟὺ„ όȟὺ ȟ (5.12) 

fi όȟὺ ꜟדꜟ
ȟ
ꜟדꜟ

ȟ
꜡ όȟὺ ȟ (5.13) 

where „  is the variance of the residual block ﬞ Ὧ in the pixel domain, ד  corresponds to the 

correlation matrix (as defined in [155]) and fi is a matrix which defines the linear relationship 

between „ όȟὺ and „ όȟὺ. Moreover, it has been shown in [155] that „ όȟὺ ЍςὓὃὈ; thus, 

substituting (5.12) in (5.13) it comes: 

‌όȟὺ
ρ

fi όȟὺὓὃὈ
 ȟ (5.14) 

where ὓὃὈ  represents the MAD between the SI estimate at the encoder ὣὯ and the source ὢὯ 

for the Ὧ-th block: 

ὓὃὈ
ρ

ὔ
ὢ ὼȟώ ὣὼȟώ ȟ

ȟᶰ

 (5.15) 

where ὔ ὔ corresponds to the block size. Using (5.10) to estimate the distortion, (5.14) to estimate 

the ‌ Laplacian distribution parameter and the rate model in (5.9), the novel WZ rate model comes: 

Ὑ όȟὺ
ÌÎ‎

τfi όȟὺὓὃὈ

ῳ
π ῳ τ‎fi όȟὺὓὃὈ

π ῳ τ‎fi όȟὺὓὃὈ

 Ȣ (5.16) 

In (5.16), the model parameter ‎ is included to compensate for any mismatch in the assumptions 

made in the construction of the rate model. To estimate the rate Ὑ  spent by a block using the WZ 

mode, it is only necessary to calculate: 
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Ὑ Ὑ όȟὺȢ

ȟ ɴא

 (5.17) 

In (5.17), the bit-rate of all WZ encoded DCT coefficients όȟὺ for each Ὧ-th block is summed. The 

quantization matrix א defines for which bands WZ bits are sent, thus defining the DCT coefficients 

that are taken into consideration in (5.17). It also defines the number of levels (or bit-planes) for 

each DCT coefficient band (see Table 3ü1) and, thus, א  is used to compute the corresponding ῳ  in 

(5.16) with (5.6). To obtain ὓὃὈ , it is necessary to create, at the encoder, an estimate of the SI ὣ 

frame available at the decoder (for all blocks) but with lower complexity. In this case, the FMCFI 

method described in [133] is used, which has a very low complexity, roughly corresponding to a 3ü4 

times increase in complexity when compared to the average of the two collocated blocks in the 

backward and forward reference frames. Since the encoder FMCFI is not efficient as the decoder 

MCFI, the encoder estimated SI ὣ has lower quality when compared to the decoder SI ὣ; therefore, 

it is natural that some rate overestimation may occur. The model parameter ‎ is used to compensate 

for the encoder SI estimation lack of accuracy; it was experimentally found that ‎ ςυϳ leads to 

good results. 

Rate Estimation  Accuracy  

The MMD performance depends mainly on the accuracy of the WZ and Intra bit-rate estimation. To 

illustrate the performance of the proposed Intra and WZ rate models, Figure 5ü2 and Figure 5ü3 

show, respectively, the frame level bit-rate evolution for the Foreman sequence, QCIF@15 Hz, with 

GOP size 2. In Figure 5ü2, all blocks are encoded as Intra whereas in Figure 5ü3 all blocks are encoded 

in a distributed way (WZ coding mode). The charts in Figure 5ü2 and Figure 5ü3 include two pair of 

curves associated to the RD points with the lowest and highest average bit-rate; check [51] for the 

WZ quantization matrices. For each RD point, two curves are plotted:  

1. Actual bit-rate spent to encode the Intra (Figure 5ü2) or WZ frames (Figure 5ü3). 

2. Estimated bit-rate for all the blocks in the Intra or WZ frames, with the corresponding Intra 

(Figure 5ü2) or WZ (Figure 5ü3) rate models. 

As shown in Figure 5ü2 and Figure 5ü3, the Intra rate model can estimate very accurately the Intra 

bit-rate for the low and high bit-rate regimes. As expected, the WZ bit-rate model has a higher error 

when compared to the Intra rate model due to several factors, e.g., low complexity SI estimation at 

the encoder, Laplacian model failure, etc. However, the estimated WZ bit-rate can still follow rather 

accurately the changes in the actual WZ bit-rate, although with some rate underestimation at the 

encoder; this leads to a rather conservative Intra block selection, i.e., only when the Intra/WZ mode 

effectively provides improvements. 



S IDE IN FORM ATION ENHAN CEMENT  WITH  ADA PTIVE  INTRA  M ODE DE CIS ION 

 122 

Figure 5ð2: Intra bit -rate (spent and estimated) temporal evolution.  

Figure 5ð3: WZ bit -rate (spent and estimated) temporal evolution.  

Coding Mode Decision Algorithm  

In conclusion, the algorithm to estimate the Intra/WZ coding mode bit-rate cost is the following: 

1. For the first WZ frame, perform H.264/AVC Intra coding for all WZ frame blocks, collect the 

corresponding parameters • , ‪  and Ὑ  and compute the parameters — and ‖ using (5.7) and 

(5.8). Thus, for the first WZ frame, the Intra bit-rate Ὑ  for all blocks is accurately known; for 

the next WZ frames, the bit-rate Ὑ  is estimated with (5.5) and (5.6).  
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2. To obtain the encoder SI estimate ὣ, perform the FMCFI method described in [133]. Next, 

compute ὓὃὈ  according to (5.15) using ὣ and ὢ and then estimate the WZ bit-rate Ὑ  

with (5.16) and (5.17). 

3. The most advantageous coding mode is selected with the following decision criterion: 

ὓ Ὧ
ρ Ὑ Ὑ

π  Ὑ Ὑ
 Ȣ (5.18) 

The ὓ Ὧ value establishes the block coding mode: when ὓ Ὧ ρ, the block ὢὯ is 

encoded with the novel Intra/WZ mode; otherwise, ὓ Ὧ π and ὢὯ is encoded with the 

(pure) WZ mode. 

4. Similarly to the previously presented mode decision criterion (see Section 5.3.1), the binary 

decision map and Intra blocks are encoded and transmitted to the decoder; then, the residual 

frame ὢ  is created, the τ τ integer DCT transform is applied, the bands quantized, the bit-

planes extracted and the parity bits generated. 

When the number of Intra/WZ coded blocks in one or more previous WZ frames is larger than a 

threshold parameter Љ, the parameters — and ‖ are recalculated using (5.7) and (5.8). The threshold 

Љ was found experimentally and corresponds to 50% of the total number of blocks in a frame, e.g., in 

QCIF resolution this corresponds to 1584/2 = 792 blocks. This avoids the continuous updating of the 

model parameters after coding each WZ frame since in some cases there is not enough data to 

obtain reliable parameters with the linear regression in (5.7) and (5.8). This updating strategy forces 

the encoder to store the rate Ὑ  and the parameters • , ‪  for the past Љ Intra/WZ coded blocks, 

independently of the number of past frames that these blocks belong. 

5.3.3  Intra Block Coding  

The H.264/AVC Intra codec is one of the most efficient Intra codecs available today, even more than 

JPEG 2000 for many conditions [156]; thus, it is the natural choice to encode the Intra blocks in WZ 

frames. The first step in H.264/AVC Intra block coding is to select the best Intra prediction mode. 

This step is essential in the H.264/AVC standard [2] to obtain good Intra coding RD performance at 

the cost of higher complexity. Intra prediction must be always performed since the entropy coding 

engine (CAVLC or CABAC) is adapted to residual statistical data distributions and not sample values. 

In the current situation, not all blocks around the selected Intra/WZ blocks are Intra coded (some 

are WZ coded); thus, for each τ τ block, the spatial prediction values (obtained from the 

neighboring τ τ blocks) are constrained to the ψ ψ Intra blocks selected by the coding mode 

decision algorithm, since the side information (available at the decoder) is not available at the 

encoder. In order to limit the encoding complexity, it is proposed here to always use the same 

prediction mode ý the τ τ DC Intra prediction mode ý since this is the most often selected 

prediction mode when a sequence is encoded with H.264/AVC Intra [157]. The τ τ DC Intra 

prediction mode averages the prediction values (if available) in the top row ὃȣὈ  and left column 
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Ὅȣὑ  of the τ τ neighboring top and left blocks, respectively (see Figure 5ü4). If the top row or 

the left column is not available, the corresponding prediction values are not used; in case no 

prediction values are available, the value 128 is used as predictor. 

Figur e 5ð4: H.264/AVC Intra mode spatial prediction: DC mode.  

Next, the Intra blocks are encoded with the following H.264/AVC Baseline profile tools [2]: 

H.264/AVC τ τ integer DCT transform, uniform quantizer and CAVLC as the entropy coding 

engine; the resulting bit-stream is fully compliant with the H.264/AVC Baseline profile. When the 

block based Intra/WZ coding mode is used, a bit-stream format capable to accommodate the 

entropy coded data resulting from the Intra coding (variable size codewords) and the parity stream 

data generated by the turbo encoder is necessary. Therefore, precise syntax and semantics are 

necessary to synchronize the encoder and decoder operations. The proposed bit-stream format is 

shown in Figure 5ü5 and includes three headers:  

× Sequence header: The sequence header defines the decoding parameters which are kept 

constant along the sequence, e.g., the spatial resolution. 

× Frame header: The frame header marks the beginning of the coded frame data. After, the 

RLE+UVLC coded binary mode decision map and all Intra coded blocks are sent, according to 

the syntax defined by H.264/AVC (if the Intra/WZ mode is used).  

× Band header: The band header marks the beginning of each DCT coefficient band and contains 

the dynamic range [40] of each band; after each band header, the parity bit-stream is sent. 

Naturally, the bit-stream format illustrated in Figure 5ü5 contains the WZ parity data that has been 

requested by the decoder (through the feedback channel) for each DCT band bit-plane decoding 

process. The number of bit-planes for each DCT band is given by the quantization matrix א and the 

number of chunks (i.e., parity data sent after each request) of each bit-plane is determined by the 

decoder which requests more chunks whenever unsuccessfully decoding occurs (i.e., when the 

reconstructed bit-plane created by the Slepian-Wolf decoder still have errors). 
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Figure 5ð5: Bit -stream format for the forward channel (encoder to decoder 

transmission) wi th Intra/WZ block based support . 

5.4  At the Decoder: Improved Side Information Creation  

With the proposed Intra/WZ DVC codec architecture (see Figure 5ü1), the decoder must create SI 

not only for those blocks for which no hint information is available (WZ coding mode), but also for 

the Intra/WZ coded blocks in WZ frames. For blocks in the WZ coding mode, the efficient MCFI 

solution described in Section 4.5 is used which contributes significantly for the high RD 

performance of a MCFI based DVC codec and it is rather difficult to outperform, especially for small 

GOP sizes and low/medium motion content. 

5.4.1  Overall WZ Decoder Walkth rough  

The Intra/WZ blocks must have their SI quality enhanced and must be an efficient alternative to the 

MCFI blind or no-hint estimation alternative. Thus, the technique used to generate SI for the 

Intra/WZ coding mode can significantly influence the DVC codec RD performance; in this case, it is 

proposed to improve the SI quality of the received Intra block by exploiting the temporal 

redundancies with the already decoded frames (which have higher quality). More accurate SI 

generated through the MCQE process should mean fewer errors, i.e., SI and source become more 

correlated. As a consequence, the decoder needs to request less parity bits from the encoder and the 

WZ bit-rate is lowered for the same target quality; moreover, the WZ bit-rate reduction should 

overcome the additional bit-rate cost of sending the selected Intra coded blocks. The WZ frame 

decoding procedure can be described as: 

1. Receive and decode the mode decision map, ὓ , and the Intra decoded blocks, Ὅ.  

2. Create the estimation Ὓ of the current frame (for all blocks) with the MCFI framework 

described in Section 4.5 using the decoded reference frames ὢ  and ὢ. The Ὓ blocks, 
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classified at the encoder in the WZ coding mode are used without change in the final SI frame 

ὣ. 

3. For all blocks marked as Intra/WZ in the map ὓ , create the SI estimation ὣ with the MCQE 

technique using as input the reference frames ὢ  and ὢ, the decoded blocks Ὅ and the MCFI 

Ὓ estimation; a detailed description of the proposed MCQE technique is given in Section 5.4.2. 

4. Compute the residual frame ὣ  by subtracting Ὅ from ὣ for the blocks classified as Intra/WZ; 

for the remaining WZ blocks, subtract 128 from ὣ. Since DCT bands are WZ encoded, a τ τ 

integer DCT transform is applied to ὣ . 

5. For each block, independently of the coding mode, and for each bit-plane of each DCT band, 

correct the side information ὣ  starting from the MSB and the lowest frequency band (DC) to 

obtain the residual source decoded bins with a vanishing error probability. The turbo decoder 

will request more parity bits until the error probability estimated by a confidence criterion 

[87] is below a predefined threshold (ρπ) and no residual errors are found in the CRC hash 

comparison. 

6. With the residual decoded bins, ὣ  and the CNM parameters (estimated according to [113]), an 

optimal MSE estimate [118] is determined for the decoded DCT coefficients in the 

reconstruction module. Then, the integer IDCT transform is applied to obtain the 

reconstructed residual values ὢᶻ. Finally, the decoded frame ὢ can be obtained by ὢ

ÃÌÉÐὢᶻ ὖ  for the Intra/WZ mode blocks with ὢ ÃÌÉÐὢᶻ ρςψ for the remaining ones 

(WZ mode blocks); the clip operator constraints the output to the πȟςυυ range. 

Since a major novelty of this chapter is the proposed MCQE SI creation technique (step 3 above), this 

technique is described in detail in the next section. 

5.4.2  Motion Compensated Quality Enhancement  

When high motion or strong illumination changes occur, the MCFI technique typically fails, leading 

to a poor SI quality. In the SI creation framework proposed in this chapter, some low quality Intra 

coded data, Ὅ, is sent by the encoder for the source blocks for which the encoder estimates the MCFI 

(decoder) algorithm may have failed (according to the AMD or MMD criteria). The idea of the 

proposed framework is to improve the SI quality by enhancing the received low quality Intra coded 

blocks Ὅ through a novel MCQE module. 

To improve the Intra decoded block Ὅ quality, it is first necessary to formulate the motion 

estimation problem at hand. Consider that a low quality version of a certain block Ὅὰ is available 

and the temporally adjacent decoded frames, ὢ  and ὢ have higher quality when compared to the 

Ὅ quality of the Intra received blocks. The MCQE algorithm must adaptively select proper block 

candidates from the enhanced reference frames and/or the Intra Ὅὰ block and combine them to 

obtain an improved quality block ὣὰ. The most straightforward way is to simply use the 

Ὅὰ reconstructed block as ὣὰ; however, since both reference frames should have higher quality 
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than Ὅὰ, they can also be used to generate better SI. Whenever there is strong temporal 

correlation in the video sequence, information from the neighboring frames can help to improve 

the quality of the Intra blocks Ὅ since neighboring frames have a high similarity between them; 

when the temporal correlation is low, the Intra decoded data Ὅ can be a valid alternative to replace 

the corresponding data in the initial  MCFI side information. 

The MCQE technique proposed here is inspired by the motion compensated temporal filtering 

(MCTF) schemes, an averaging process applied across video frames, already proposed for DCT video 

denoising [158] and scalable wavelet video coding schemes [159]. A MCTF low pass filter separates 

the quantization noise from the relevant content over time, which is desirable for the MCQE 

process. MCTF also shares some similarities with the MCFI technique since MCTF filtering is applied 

along the motion trajectories (with adequate ME techniques) in order to obtain an invertible motion 

field. 

MCQE Architecture  

Figure 5ü6 illustrates the proposed MCQE algorithm architecture; MCQE creates a set of blocks in 

frame Ὕ with higher quality when compared to the corresponding Intra blocks in frame Ὅ using the 

decoded frames ὢ , ὢ and the received Intra blocks (shown in Figure 5ü6 as textured blocks). 

Figure 5ð6: MCQE algorithm architecture.  

The MCQE algorithm works as follows: 

1. For each Intra ὰ-th block in frame Ὅ, bidirectional motion estimation (BiME) is performed to 

find a pair of symmetric motion vectors, one pointing towards ὢ  and the other pointing 

towards ὢ, to represent the block Ὅὰ motion. Since the BiME algorithm was described in 

Section 3.3.2 it is not repeated here; the only difference lies in the initialization of the motion 

vectors which is (0,0) in this case, i.e., the collocated blocks in the backward and forward 

reference frames. 

2. When there is high temporal correlation, the symmetric motion vectors and the reference 

frames, ὢ , ὢ, are used to obtain two motion compensated versions of the same ὰ block, 

ὢ ὰ and ὢ ὰ, respectively. Then, a new Ὕὰ block is obtained by averaging the two 
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motion compensated blocks and the Intra decoded block Ὅὰ as in MCTF filtering schemes 

[158], [159]. The amount of temporal correlation is measured by a candidate block checking 

procedure which guarantees that each possible Ὕ block has higher quality than the received Ὅ 

data sent from the encoder. The BiME with candidate block checking algorithm is formalized 

in the section þὝ block estimationÿ _biilt. 

3. For some low quality Intra blocks, the BiME algorithm is not able to find high temporal 

correlation with the candidate blocks in the ὢ  and ὢ frames, i.e., the candidate block 

checking procedure eliminates all candidate blocks. This case usually happens when there is 

not enough high frequency content to properly discriminate a good candidate from ὢ  and ὢ. 

So, the number of blocks in Ὕ can be less than the number of blocks in Ὅ and these remaining 

Ὅ blocks (signaled in the block map) are combined with the corresponding MCFI estimated Ὓ 

blocks using a weighted average algorithm. Since for some blocks, the MCFI Ὓ estimation 

provides better quality than the corresponding Ὅ block (the opposite is also true), the weights 

are proportional to an estimate of each block quality. The output of this step is the Ὗ set of 

blocks and this algorithm is formalized in the section þὟ block estimationÿ _biilt+ 

In the last step, the side information ὣ can be created by multiplexing all Intra/WZ mode estimated 

blocks, this means all blocks in Ὕ and Ὗ, with all WZ coding mode blocks, i.e., some blocks from the 

initially estimated frame Ὓ. 

╣░ Blocks Estimation  

The Ὕ blocks are estimated by exploiting the temporal correlation among the video sequence 

frames, as mentioned above. In the following, the way Ὕ blocks are obtained will be described. 

Consider that a pair of symmetric motion vectors ὺȟὺ ȟ ὺȟὺ  is estimated for each block 

Ὅὰ with a BiME algorithm (see Section 3.3.2) and used together with the ὢ  and ὢ frames, to 

obtain two motion compensated versions of the same Ὅὰ block, ὢ ὰ and ὢ ὰ, respectively, 

according to:  

ὢ ὼȟώ ὢ ὼ ὺȟώ ὺ ɝὢ ὼȟώ ȟ 

ὢ ὼȟώ ὢ ὼ ὺȟώ ὺ ɝὢ ὼȟώ ȟ 
(5.19) 

where ɝὢ  and ɝὢ correspond to the residual errors in the ME process, i.e., indicate how different 

ὢ  and ὢ  are from Ὅ. Once the motion compensated blocks in the forward and backward 

reference frames are found, they are used together with the corresponding Intra decoded block to 

obtain the corresponding block Ὕὰ according to: 

Ὕὼȟώ
ρ

σ
ὢ ὼȟώ ὢ ὼȟώ Ὅὼȟώ  Ȣ (5.20) 

The error Ὑ between the SI estimation Ὕ and the original frame ὢ can be defined as: 
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Ὑ ὼȟώ Ὕὼȟώ ὢ ὼȟώ Ȣ (5.21) 

Substituting (5.20) in (5.21), Ὑ becomes: 

Ὑ ὼȟώ
ρ

σ
ὢ ὼȟώ ὢ ὼȟώ ὢ ὼȟώ ὢ ὼȟώ Ὅὼȟώ ὢ ὼȟώ  Ȣ (5.22) 

From (5.22), it is possible to conclude that the Ὕ estimation error mainly depends on the 

quantization errors of the Intra blocks in Ὅ and the two motion compensated versions of the Ὅὰ 

block, ὢ ὰ and ὢ ὰ.  

Assuming that the quantization error for a uniform quantizer with step size ‰ is approximately 

uniformly distributed in ‰ςϳȟ‰ςϳ  and has a variance of ‰ ρςϳ , it is possible to obtain an 

estimation of the quality of each block in the presence of quantization noise (the case considered 

here) through the quantization error variance; considering that ὢ is a quantized version of ὢ, it is 

possible to write the quantization error variance as in: 

„ Ὁ ὢ ὼȟώ ὢὼȟώ
‰

ρς
 Ȣ (5.23) 

This coarse estimation of the block quality is valid if it is assumed that the quantization noise is 

uniform and independent for all pixels of each possible candidate block. Although more complex 

quality assessment metrics may be employed, a coarse block quality estimation can be obtained with 

this quantization error variance; this was already used in the past for quality enhancement of 

motion JPEG sequences [160]. 

Since the MCQE technique objective is to improve the quality of the Ὅ (Intra) decoded blocks, it is 

necessary to guarantee that the MSE between Ὕ and ὢ for each block is lower than the MSE 

between the corresponding Ὅ and ὢ block. Assuming zero mean Ὑ error, the MSE is equal to the 

variance „  of the error and, therefore, the Ὕ blocks should satisfy: 

„
‰

ρς
 Ȣ (5.24) 

In (5.24), ‰ is the quantization step size used for the Ὅ block and the blocks size is ὔ ὔ. 

Considering (5.21), the variance of the error of any block Ὕὰ is given by: 

„ Ὁ Ὕὼȟώ ὢ ὼȟώ ὉὙ ὼȟώ  Ȣ (5.25) 

Replacing (5.22) in (5.25), the error variance becomes: 
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„
ρ

ω
Ὁ ὢ ὼȟώ ὢ ὼȟώ

ρ

ω
Ὁ ὢ ὼȟώ ὢ ὼȟώ

ρ

ω
Ὁ Ὅὼȟώ ὢ ὼȟώ  Ȣ 

(5.26) 

Taking into account (5.19) and (5.23), each term in (5.26) may be computed according to (5.27) where 

‰  is the quantization step size used for the key frames; it is assumed here that a similar quality is 

used for the decoded WZ frames and the decoded key frames (corresponding to the same step size). 

Considering that every term of (5.26) can be computed with the help of (5.19) and (5.23), it comes: 

Ὁ ὢ ὼȟώ ὢ ὼȟώ
ה

ρς
Ὁɝὢ ὼȟώ  ȟ 

(5.27) Ὁ ὢ ὼȟώ ὢ ὼȟώ
ה

ρς
Ὁɝὢ ὼȟώ  ȟ  

Ὁ Ὅὼȟώ ὢ ὼȟώ
ɮ

ρς
 Ȣ 

Substituting (5.27) in (5.26), the error variance can be written as: 

„
ς

ω

ɮ

ρς

ρ

ω

ɮ

ρς

ρ

ω
Ὁɝὢ ὼȟώ Ὁɝὢ ὼȟώ  Ȣ  (5.28) 

Finally, replacing (5.28) in (5.24), the following condition (i.e., the candidate block checking 

procedure) can be obtained: 

ὛὛὈ ὛὛὈ ‗ ȟ (5.29) 

with: 

ὛὛὈ Ὁɝὢ  ȟ 

(5.30) ὛὛὈ Ὁɝὢ  ȟ  

‗ ψ
ɮ

ρς
ς
ɮ

ρς
 Ȣ 

In conclusion, candidate blocks obtained by the BiME algorithm that satisfy (5.29) are used to 

estimate Ὕ since a reliable estimation was found; when there is more than one candidate block 

fulfill ing (5.29), the one with the minimum ὛὛὈ ὛὛὈ  value is selected. The Ὅ blocks which do 

not have any candidate blocks that satisfy (5.29) are combined with the corresponding MCFI 

estimated Ὓ blocks through a weighted average to obtain Ὗ, as it will be explained in the next 

section. 
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╤░ Blocks Estimation  

At this stage, it is presented a novel SI estimation mechanism for those blocks for which the 

previous algorithm has not found any good candidate from ὢ  and ὢ, i.e., (5.29) was never satisfied 

for any candidate block. Since it was not possible to achieve a reliable match in the reference frames 

with the Intra decoded data Ὅ due to the lack of temporal correlation or insufficient Ὅ quality, it is 

proposed to use the MCFI estimation Ὓ that creates a SI estimation just using the reference decoded 

frames. Thus, it is proposed here to weight Ὓ and Ὅ according to a quality estimate computed at the 

decoder (where original blocks are not available); a similar approach was used in the estimation of 

the Ὕ blocks but with fixed weights equal to ρσϳ  (average). In this context, two relevant situations 

may occur: 

× The MCFI algorithm finds for a certain block in ὢ a similar (low SAD value) block in ὢ , which 

typically leads to a block in Ὓ with higher quality when compared to Ὅ. 

× The MCFI algorithm fails to find two similar blocks between ὢ and ὢ  using as starting point a 

ὢ block, which typically leads to a block in Ὓ with lower quality when compared to Ὅ.  

Therefore, it is proposed here to use the same quality metric defined in (5.23) to assess the Intra and 

MCFI blocks quality; in this last case, the SSD of the residual error in the MCFI matching process is 

used. Taking into account these observations, the estimation Ὗ can be obtained from: 

Ὗ ὼȟώ ύὍὼȟώ ρ ύὛὼȟώ ȟ (5.31) 

with ύ representing the weight (that should be proportional to the quality) of the Intra decoded 

block; the higher the Intra decoded block quality, the higher the weight of Ὅ in the corresponding 

Ὗ estimation. According to (5.24), the quality of each Ὅ block can be accessed using: 

„
ɮ

ρς
 Ȣ (5.32) 

The MCFI algorithm (see Section 4.5) computes symmetric motion vectors όȟό ȟ όȟό  

which describe the possible motion trajectories between the ὢ and ὢ  frames. Thus, it is possible to 

compute the variance of the matching error ὤ between these two frames after MC from: 

„ Ὁ ὢ ὼ όȟώ ό ὢ ὼ όȟώ ό  Ȣ (5.33) 

The Ὓ estimation quality can be coarsely modeled by the variance of the matching error, i.e., 

„ „ ; this is a valid assumption that was also made in the online estimation of the correlation 

noise distribution parameter with good results [113]. Finally, the weight ύ can be obtained as: 

ύ
„

„ „
 Ȣ (5.34) 
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With this approach, the contributions of Ὓ and Ὅ in the Ὗ blocks are weighted by the quality 

estimation of each block from a MSE point of view.  

╨░ Side Information Creation  

The final step of the proposed MCQE algorithm is to multiplex in the final SI frame ὣ the blocks 

from the Ὓ, Ὗ and Ὕ frames. If a ὣ block was classified at the encoder as a WZ block (with one of 

the available coding mode decision techniques proposed in Section 5.3.1 and Section 5.3.2), the 

corresponding block in Ὓ is copied to ὣ. Otherwise, the ὣ block is an Intra/WZ block and two 

situations can occur: i) if (5.29) is satisfied, the ὣ block is copied from Ὕ (created from (5.20)); and ii) 

if (5.29) is not satisfied, the ὣ block is copied from Ὗ (created from (5.31)). 

5.5  Performance Evaluation  

This section evaluates the RD performance of the proposed MCQE SI creation framework, and the 

AMD and MMD criteria in the context of the proposed Intra/WZ DVC codec illustrated in Figure 5ü1. 

Moreover, the quality evolution of the SI and WZ decoded frames is also shown to better understand 

the strengths and weaknesses of the proposed algorithms.  

As in previous chapters, the test conditions used in this chapter are similar to the DISCOVER video 

codec [39] test conditions [83]. It is important to note that the RD tradeoff for WZ frames is 

controlled by the τ τ quantization matrix א where each entry indicates the number of 

quantization levels used for each DCT band (zero for the DCT bands for which no WZ bits are sent to 

the decoder). The eight quantization matrices (i.e., the eight RD points) considered here for the 

Intra/WZ DVC codec RD performance evaluation were defined in Section 3.6.1 [39]; RD point ὗ 

corresponds to the lowest decoded quality (also lowest bit-rate) and RD point ὗ  corresponds to the 

highest decoded quality (also highest bit-rate). The following changes were made when compared to 

the test conditions used in the previous chapters: 

1. Test sequences: Hall Monitor, Foreman and Soccer sequences; these sequences represent a 

content variety which is important to obtain enough representative and meaningful results. 

2. Spatial and temporal resolution: Always QCIF@15 Hz. 

3. GOP sizes: For the first time, fixed GOP sizes of 2, 4 and 8 are used; higher improvements are 

expected for longer GOP sizes since (typically) correspond to poorer RD performance for most 

the available DVC codecs. 

4. Key frame coding: H.264/AVC Intra Main profile with the quantization parameters ὗὖ 

according to the DISCOVER test conditions [83]. 

First, the DVC-AMD and DVC-MMD codecs are evaluated separately to assess the RD performance of 

each proposed DVC codec with respect to the usual standard based predictive video codecs: 

H.264/AVC Intra and H.264/AVC zero-motion (these two H.264/AVC codec benchmarks are 

described in Section 3.6.1). The RD performances of the DVC-AMD and DVC-MMD codecs are 

(independently) presented in Section 5.5.1 and Section 5.5.2, respectively; at the end of Section 5.5.2, 
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the two proposed DVC codecs are compared in terms of RD performance and complexity increase. 

After, Section 5.5.3 and Section 5.5.4 evaluate the SI and WZ quality evolution, respectively, for the 

DVC-AMD codec. This temporal WZ and SI quality evolution is only shown for the DVC-AMD codec 

since the overall RD performance results of the DVC-AMD codec are similar to the DVC-MMD codec 

and no major temporal variation differences (in terms of SI and WZ quality) between these two DVC 

codecs were found. 

5.5.1  DVC-AMD RD Performance  

In this section, the RD performance of the proposed DVC-AMD codec is compared with the RD 

performance of the background DVC-MCFI codec which encodes every block using the WZ coding 

mode, i.e., a simplified DVC-AMD codec with MCFI SI creation for all WZ blocks. The DVC-AMD RD 

performance codec is also compared against the standard H.264/AVC Intra and H.264/AVC zero-

motion video codecs since these codecs have a rather low encoding complexity (no encoder ME). 

Figure 5ü7, Figure 5ü8 and Figure 5ü9 illustrate the RD performance obtained for the Hall Monitor, 

Foreman, and Soccer test video sequences, respectively, considering a GOP size of 2.  

Figure 5ð7: DVC-AMD codec RD performance for the Hall Monitor sequence (GOP size 2).  

As it can be concluded from Figure 5ü7, Figure 5ü8 and Figure 5ü9, the proposed DVC-AMD video 

codec outperforms the DVC-MCFI codec for all sequences and RD points. As expected, the higher the 

motion content of the video sequence, the higher is the coding gain of the proposed additional 

Intra/WZ coding mode. Typically, the MCFI SI creation process fails more often for regions where 

high motion occurs; this means that poorer SI quality is generated for those regions. Thus, the 

strategy to classify and encode some low quality Intra coded blocks, transmit them to the decoder 

and use them to drive the SI creation process leads to better RD performance when compared to the 

DVC codec with just the MCFI SI creation. For GOP size 2, coding gains up to 0.86 dB are achieved 
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with the proposed AMD based Intra/WZ technique when compared to the DVC-MCFI codec, notably 

for the Soccer sequence. The proposed technique also allows to reduce the RD performance gap to 

predictive coding (H.264/AVC Intra and H.264/AVC zero-motion), especially for the complex or 

irregular motion video sequences.  

Figure 5ð8: DVC-AMD codec RD performance for the Foreman sequence (GOP size 2).  

Figure 5ð9: DVC-AMD codec RD performance for the Soccer sequence (GOP size 2).  

As the GOP size increases, the temporal spacing between the key frames also increases and, 

therefore, the MCFI SI quality tends to decrease; in fact, the RD performance for longer GOP sizes is 

one of the weakest features of the available DVC codecs, especially DVC codecs with a MCFI SI 
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approach. The RD performance for GOP sizes of 4 and 8 obtained for the Hall Monitor, Foreman, and 

Soccer test sequences is shown in Figure 5ü10 to Figure 5ü15.  

 

Figure 5ð10 : DVC-AMD codec RD performance for the Hall Monitor sequence (GOP size 

4). 

 

Figure 5ð11 : DVC-AMD codec RD performance for the Foreman sequence (GOP size 4).  
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Figure 5ð12 : DVC-AMD codec RD performance for the  Soccer sequence (GOP size 4).  

 

Figure 5ð13: DVC-AMD codec RD performance for the Hall Monitor sequence (GOP size 

8). 
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Figure 5ð14 : DVC-AMD codec RD performance for the Foreman sequence (GOP size 8 ). 

Figure 5ð15 : DVC-AMD codec RD performance for the Soccer sequence (GOP size 8).  

As it can be seen in Figure 5ü7 to Figure 5ü15, the RD gains increase with the GOP size for all the test 

sequences; coding gains up to 1.43 dB and 2 dB are achieved for the Soccer sequence for GOP sizes of 

4 and 8, respectively. Since the MCFI SI quality tends to decrease with the GOP size, the exploitation 

of the Intra coded data received for some regions (typically regions where the MCFI algorithm will 

likely fail) allows to improve the final SI quality. Better SI quality means that fewer errors exist 

between the source data and the SI and, thus, fewer WZ rate will be needed to achieve a target 

decoded quality, improving the overall RD performance.  
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By enhancing the SI quality due to the Intra block coding in the Intra/WZ mode, even at the cost of a 

bit-rate increase, the RD performance gaps to H.264/AVC Intra and H.264/AVC zero-motion are 

reduced; this is particularly evident for the Foreman and Soccer video sequences, which are 

characterized by medium and high motion content, respectively. For the Hall Monitor sequence at 

GOP size 4, the proposed AMD based Intra/WZ coding mode enables the RD curve to be always above 

the H.264/AVC zero-motion RD curve. It is important to note that the RD gains obtained are even 

more relevant since they are obtained for the cases where the available DVC codecs with MCFI SI 

creation usually perform more poorly, i.e., high motion content video sequences and longer GOP 

sizes.  

5.5.2  DVC-MMD RD Performance  

Similar to the previous section, the proposed DVC-MMD codec and DVC-MCFI codec RD 

performances are compared; for benchmarking, the H.264/AVC Intra and H.264/AVC zero-motion 

RD curves are also presented. As shown in Figure 5ü16 to Figure 5ü24, the DVC-MMD codec 

outperforms the DVC-MCFI codec for all GOP sizes, sequences and RD points. As expected, the higher 

the motion content, the higher is the RD performance gain. As the GOP size increases, the MCFI SI 

quality tends to decrease and, thus, the Intra/WZ mode becomes more effective, obtaining higher 

compression gains. Thus, the best performance is obtained for the Soccer sequence, GOP size 8, 

where up to 2 dB gains in RD performance can be observed. The DVC-MMD codec also outperforms 

H.264/AVC Intra for Hall Monitor and Foreman at lower bit-rates.  

When the DVC-AMD codec RD performance is compared with the DVC-MMD codec RD performance, 

it is possible to conclude that no significant differences occur; no plots are shown since it is difficult 

to distinguish between the DVC-AMD and DVC-MMD RD curves. This means that the simple activity-

based coding mode decision proposed in Section 5.3.1 is enough to perform efficient coding mode 

decision with the proposed architecture. Since the DVC-MMD is more complex due to the usage of 

the FMCFI approach, the MMD technique has a major disadvantage for very encoding complexity 

constrained scenarios. The lack of enhanced RD performance by the DVC-MMD codec when 

compared to the DVC-AMD codec is mainly due to the estimation approach followed: the WZ bit-rate 

is estimated at the block level while it is spent at the frame level (for each band/bit-plane). Thus, the 

contribution of the WZ bit-rate for each block cannot be assessed and used in a learning process (as 

the Intra bit-rate model), increasing the difficulty in performing accurate coding mode decisions.  



S IDE IN FORM ATION ENHAN CEMENT  WITH  ADA PTIVE  INTRA  M ODE DE CIS ION 

139  

 

Figure 5ð16 : DVC-MMD codec RD performance for the Hall Monitor sequence (GOP size 

2). 

 

 

Figure 5ð17 : DVC-MMD codec RD performance for the Foreman sequence (GOP size 2).  
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Figure 5ð18 : DVC-MMD codec RD performance for the Soccer sequence (GOP size 2).  

 

Figure 5ð19 : DVC-MMD codec RD performance for the Hall Monitor sequence (GOP size 

4). 

 



S IDE IN FORM ATION ENHAN CEMENT  WITH  ADA PTIVE  INTRA  M ODE DE CIS ION 

141  

 

Figure 5ð20 : DVC-MMD codec RD performance for the Foreman sequence (GOP size 4).  

 

Figure 5ð21 : DVC-MMD codec RD performance for the Soccer sequence (GOP size 4).  
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Figure 5ð22 : DVC-MMD codec RD performance for the Hall Monitor sequence (GOP size 

8). 

 

Figure 5ð23 : DVC-MMD codec RD performance for the Foreman sequence (GOP size 8).  
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Figure 5ð24 : DVC-MMD codec RD performance for the Soccer sequence (GOP size 8).  

5.5.3  Side Information Quality Evolution  

As shown in Section 5.5.1 and Section 5.5.2, both the DVC-AMD and DVC-MMD codecs bring 

significant RD gains when compared to the DVC-MCFI codec. However, the RD performance 

expresses an average over the whole video sequence, not reflecting the maximum quality 

improvements that can be obtained over time. 

In this section, the SI temporal evolution is presented to better understand in which conditions the 

proposed Intra/WZ coding mode brings SI advantages. Since the DVC-AMD and DVC-MMD RD 

performances are quite similar, results are only shown for the DVC-AMD codec since it adds lower 

encoding complexity (when compared to DVC-MMD) but still achieves the same improved RD 

performance. 

Figure 5ü25 to Figure 5ü28 illustrate the SI PSNR at the frame level for the Hall Monitor and Soccer 

sequences for GOP sizes 2 and 8. For each chart in Figure 5ü25 to Figure 5ü28, the two curves shown 

correspond to the DVC-MCFI SI quality (just MCFI SI creation) and the DVC-AMD SI quality (AMD 

coding mode decision and MCQE SI creation). To have a fair comparison between those two curves, 

they should correspond to the same average bit-rate. While the DVC-MCFI RD tradeoff is controlled 

by a τ τ quantization matrix [40] for the WZ frames and the ὗὖ  value for the key frames, the 

DVC-AMD RD tradeoff is also controlled by the ὗὖ value used for the Intra blocks in the WZ frames. 

Thus, it is difficult to assure that the same average bit-rate is used for both curves in Figure 5ü25 to 

Figure 5ü28. In this context, for each sequence and for each GOP size, it was chosen, from the 

corresponding charts in Section 5.5.1, the RD points for which the total bit-rate of both DVC-MCFI 

and DVC-AMD codecs are more similar. 
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Figure 5ð25 : SI PSNR temporal evolution for the Hall Monitor sequence (GOP size 2) . 

 

Figure 5ð26 : SI PSNR temporal evolution for the Soccer sequence (GOP size 2) . 
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Figure 5ð27 : SI PSNR temporal evolution for the Hall Monitor sequence (GOP size 8) . 

Figure 5ð28 : SI PSNR temporal evolution for the Soccer sequence (GOP size 8) . 

The RD curves for the Hall Monitor sequence with GOP sizes 2 and 8 were obtained with RD point 5 

and are presented in Figure 5ü25 and Figure 5ü27, respectively; for RD point 5, the total bit-rate of 

both solutions is quite similar. For the Soccer sequence with GOP size 2, shown in Figure 5ü26, the 

curves correspond to RD point 3; for GOP size 8, shown in Figure 5ü28, since there is a bit-rate 

mismatch in corresponding RD points, RD points 3 and 2 were chosen for the DVC-AMD and the 

DVC-MCFI codecs, respectively, since they have approximately the same overall bit-rate. 
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As shown from Figure 5ü25 to Figure 5ü28, the proposed DVC-AMD codec leads to an improved SI 

quality for both low and complex motion sequences, the Hall Monitor and Soccer sequences, 

respectively. The maximum SI PSNR gains observed for the Hall Monitor sequence are 4.67 dB for 

GOP size 2 and 8.03 dB for GOP size 8, and for the Soccer sequence are 6.69 dB for GOP size 2 and 6.6 

dB for GOP size 8. However, more constant (over the whole sequence) SI quality improvements were 

obtained for the Soccer sequence where the MCFI often fails due to the high motion which is 

difficult to estimate and compensate; in this case, the usage of reliable Intra decoded data allows to 

obtain better SI for those blocks, through the MCQE algorithm when compared with the MCFI SI. 

The maximum gains were obtained for the Hall Monitor sequence, where the side information for 

some WZ frames is significantly improved. It is also important to note that the proposed technique 

also enables to have a more constant SI quality along time, especially for the Hall Monitor sequence. 

This is particularly important if a rate control operation needs to be performed at the DVC encoder; 

a more constant SI quality over time means that the correlation between the original WZ frame and 

the corresponding SI frame is more stationary and, therefore, it is easier to perform DVC rate 

estimation/allocation. 

5.5.4  WZ Decoded Frame Quality Evolution  

As shown in the previous section, the DVC-AMD codec is able to improve the SI quality provided to 

the turbo decoder and the reconstruction module when compared to the DVC-MCFI codec. Better SI 

quality means that fewer errors exist and are left for correction by means of turbo decoding. Note 

that, for a certain RD point, parity bits are not sent for all bit-planes, just for a subset as defined by 

the quantization matrix [40] (see Table 3ü1). So, it is expected that when the DVC-AMD codec 

chooses the proposed Intra/WZ mode for a block, the decoded WZ frame quality improves regarding 

the DVC-MCFI, for a given target bit-rate. The temporal evolution of the decoded WZ frame quality 

for the Hall Monitor and Soccer sequences for GOP sizes 2 and 8 are depicted in Figure 5ü29 to Figure 

5ü32. Applying the same total bit-rate restriction (already discussed in the previous section), the RD 

points corresponding to the curves in Figure 5ü29 to Figure 5ü32 match the equivalent ones in 

Figure 5ü25 to Figure 5ü28 for the corresponding sequences and GOP sizes.  

From Figure 5ü29 to Figure 5ü32, it can be concluded that the proposed DVC-AMD codec typically 

improves the decoded WZ PSNR quality regarding the DVC-MCFI codec, for a similar bit-rate. For the 

Hall Monitor sequence, the maximum WZ PSNR gains observed are 0.74 dB for GOP size 2 and 1.51 dB 

for GOP size 8, and for the Soccer sequence are 1.11 dB for GOP size 2 and 2.08 dB for GOP size 8. 

Thus, higher quality improvements are observed for high motion content video sequences and for 

longer GOP sizes, where poorer SI quality is generated due to the MCFI algorithm weaknesses.  
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Figure 5ð29 : WZ PSNR temporal evolution for the Hall Monitor sequence (GOP size 2) . 

 

Figure 5ð30 : WZ PSNR temporal evolution for the Soccer sequence (GOP size 2).  
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Figure 5ð31 : WZ PSNR temporal evolution for the Hall Monitor sequence (GOP size 8).  

Figure 5ð32 : WZ PSNR temporal evolution for the Soccer sequence (GOP size 8).  

When the proposed Intra/WZ mode is used, the SI quality is enhanced and, thus, for the same 

overall bit-rate, the decoded quality increases; notice that the SI quality improvements have a direct 

impact on the decoded quality through the reconstruction module. In addition, a more constant 

decoded objective quality over time is achieved for the Hall Monitor sequence, which has a 

significant impact in the perceived subjective quality since less flickering occurs. For Hall Monitor, 

Figure 5ü29 (GOP size 2) and Figure 5ü31 (GOP size 8), the decoded quality for a few WZ frames is 

lower when using the proposed coding technique; this can be explained with the fact that the 

overall bit-rate is not exactly the same for both curves in each chart. 
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In conclusion, the proposed Intra/WZ coding mode and AMD criterion allow SI PSNR improvements 

up to 8.03 dB (Hall Monitor, GOP size 8) and WZ PSNR improvements up to 2.08 dB (Soccer, GOP size 

8) , especially for cases where available DVC codecs have lower RD performance, i.e., high motion 

video sequences and long GOP sizes. 

5.6  Final Remarks  

This chapter proposes the inclusion of an additional Intra/WZ coding mode and the associated mode 

decision algorithm in the architecture of a turbo-based transform domain DVC codec. The proposed 

Intra/WZ DVC codec improves the efficiency of state-of-the-art DVC codecs by including two novel 

Intra mode decision techniques (at the encoder) for the WZ frames and a motion compensated 

quality enhancement solution (at the decoder). The Intra/WZ DVC codec also advances previous 

DVC codecs by encoding each block with H.264/AVC Intra instead of H.263+ Intra, as used in 

previous work with Intra block coding in WZ frames [30], [29]. The experimental results show RD 

gains up to 2 dB for critical test conditions where typically available DVC codecs have poorer RD 

performance: complex motion video sequences and longer GOP sizes. From the experimental 

results, it is also possible to conclude that, when the proposed Intra/WZ mode is coupled with an 

efficient mode decision algorithm, a more stable quality along time is obtained both for the SI and 

decoded WZ frames; this is a desirable feature since it can help in the design of efficient encoder 

rate control solutions and lead to higher subjective quality. 

Further RD performance improvements may be obtained by using a model based coding mode 

decision algorithm coupled with a block based encoder rate control for the WZ frames (e.g., as in the 

PRISM DVC codec), since in this case it is precisely known how much rate was spent for each WZ 

block, facilitating the WZ rate estimation process for the next WZ blocks. To pursue this objective, it 

is necessary to develop novel rate-adaptive Slepian-Wolf codes which are proposed and evaluated in 

the next chapter. 





 

 

Chapter 6   

Slepian -Wolf Coding with Novel Low -

Density Parity -Check Codes  

6.1  Introduction  

The theoretical foundations of distributed video coding, the Slepian-Wolf and Wyner-Ziv theorems, 

suggest that it is possible to independently encode and jointly decode two statistically dependent 

sources, ὢ and ὣ, with the same RD performance as when the two sources are encoded and decoded 

together. In DVC, a single decoder performs the joint decoding of all encoded sequences, exploiting 

the statistical dependencies between them. However, to achieve such target RD performance in a 

practical DVC system, it is necessary to use powerful channel codes. The first practical DVC codecs 

appeared around 2002, following important advances in error correcting codes, especially codes 

with a capacity near the Shannon limit, such as the turbo and LDPC codes. Since SlepianüWolf 

coding is the core of a DVC codec, it assumes a central role not only in terms of RD performance but 

also in terms of codec complexity budget. For Slepian-Wolf coding, the two most efficient solutions, 

turbo and LDPC codes, have a performance close to the channel capacity [69], [71]. The LDPC codes 

have a wide range of tradeoffs between coding efficiency and decoding complexity; a similar 

encoding complexity compared to the turbo codes can be achieved with a careful LDPC code design 

[161]. It has also been shown that LDPC codes exhibit better coding efficiency for Gaussian and 

binary symmetric (correlation) channels (BSC) when compared to turbo codes [71]. 

The main objective of this chapter is the design of efficient LDPC codes for the DVC scenario. The 

LDPC codes are a class of linear block codes that can approach the Shannon limit quite closely [162] 

for several types of transmission and storage channels. The most important issue in the design of an 

LDPC based DVC system is the capability to extract a high number of codes at fine granular 

compression ratios (or code rates), since in the DVC scenario it is necessary to finely adapt the LDPC 
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code compression ratio to the varying statistics of the correlation noise, i.e., to the errors between 

the side information ὣ and the original data ὢ. In DVC, the correlation noise varies significantly, 

depending on several factors, such as the sequence motion and the efficiency of the ME/ MC 

techniques employed at the decoder for SI creation; therefore, a wide range of compression ratios 

must be achieved while maintaining a high RD performance. Moreover, the high compression ratio 

codes must be embedded in lower compression ratio codes, i.e., the bits received at lower rates must 

be useful and thus combinable with the additional bits received when a higher rate (lower 

compression) is further targeted. This type of codes is referred in the literature as rate compatible 

codes and is used in solutions (e.g., wireless communications) where the transmission channel 

statistics vary over time and a feedback channel is available. Several rate-compatible strategies can 

be followed to obtain different compression ratios, such as extending or puncturing. In [91], [163], a 

practical solution is proposed where a base code is constructed for a high compression ratio (i.e., the 

minimum amount of bits to send); to obtain lower compression ratios, the base code is recursively 

split until the necessary compression ratio is obtained. In [91], Chen et al. proposed extended-

Hamming and product-accumulate codes as base codes whereas in [163], Varodayan et al. proposed 

regular and irregular LDPC code constructions. In this chapter, a novel rate-compatibility strategy is 

proposed and evaluated in the context of the DVC scenario. The proposed rate-compatible LDPC 

code presents rate savings for the WZ frames up to 8% with respect to previous state-of-the-art 

LDPC codes, such as the one proposed in [163]. 

All the DVC codecs proposed so far (Chapters 3 to 5) make use of a feedback channel; this means that 

the encoder replies to each decoder request by sending more parity/syndrome bits which combined 

with the previous ones lead to a higher likelihood of successful decoding. Since the encoder does not 

know the correlation between the source and the SI, the encoder sends a small amount of 

information (e.g., parity bits) in order to achieve the minimum rate and avoid rate overestimation. 

This usually means that Slepian-Wolf decoding must be run several times for each coding unit (e.g., 

DCT band bit-plane) and, thus, it is desirable to reduce its complexity. On the other hand, in some 

DVC architectures, the encoder is responsible to estimate the syndrome/parity rate and send it at 

once to the decoder [79], [133], the so-called encoder rate control DVC schemes, such as PRISM. For 

example, in [133], the decoding complexity is lower than a feedback channel based DVC 

architecture, since the Slepian-Wolf decoder is run only once for each coding unit. However, in [79], 

the Slepian-Wolf decoder iterates over a set of SI candidate predictors, to find the SI candidate that 

is able to decode the source successfully. In such scenario, the Slepian-Wolf decoder is run several 

times, one for each candidate predictor and. thus. its complexity must be maintained as low as 

possible. 

Considering the highly efficient LDPC codes, there is a need to minimize its decoding complexity, in 

order to obtain lower latency in a request-decode DVC codec architecture or to allow the iterative 

decoding over a large number of predictors (thus obtaining higher coding efficiency) for 

architectures where the side information is defined in a tentative way. Thus, this chapter targets 

two objectives: i) to design compression efficient LDPC syndrome codes; and ii) to develop 
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techniques that are able to effectively reduce the LDPC codes decoding complexity. Therefore, the 

novel contributions proposed in this chapter are: 

1. Novel LDPC rate-compatible operation: A low compression ratio (equal to 1:1) LDPC code is 

first built; then, to obtain higher compression ratios, it is proposed to merge the parity-check 

nodes of the LDPC base code until the necessary rate is achieved. This novel approach is 

effective to obtain a wide range of compression rates and allows an effective optimization of 

the LDPC code structure, a major advantage when compared to previous work [91], [163]. 

2. Novel LDPC code design: The proposed LDPC code structure is optimized for low compression 

ratios, where certain graph structures (e.g., cycles) can be avoided, since for high compression 

ratios it is more difficult or even impossible to condition the graph structure, as will be seen in 

Section 6.4. The LDPC codes considered here are carefully designed with a selective cycle 

avoidance algorithm [164] in order to obtain a LDPC code structure (or bi-partite graph) 

offering a good performance for a wide range of compression ratios by taking into account the 

node merging operation (previous item) that is performed to obtain low rate codes. 

3. Early stopping criterion: In a Slepian-Wolf LDPC decoder, the popular log-domain sum-product 

algorithm (SPA) described in [71] is often used for the LDPC syndrome codes decoding. The 

SPA is an iterative decoding algorithm which uses an efficient convergence criterion to stop 

the decoding process when the source is successfully decoded. However, when the SI does not 

have enough quality for a given syndrome rate, the source is un-decodable (i.e., unsuccessful 

decoding occurs), and the iterative decoding only stops when a predetermined maximum 

number of iterations is reached. Therefore, it is highly desirable to have a stopping criterion 

which can detect un-decodable sources as early as possible, thus stopping the iterative 

decoding algorithm. In this way, the decoding complexity and delay can be significantly 

reduced since unsuccessful decoding occurs rather often, e.g., when not enough syndrome 

information is sent by the encoder in a request decoding DVC codec architecture. The 

proposed stopping criterion evaluates if enough syndrome bits are available by using decoding 

convergence metrics, thus allowing a significant reduction in the decoding complexity.  

This chapter is organized as follows: in Section 6.2, a brief overview of LDPC codes is presented; 

after, the architecture and a brief walkthrough of the Slepian-Wolf LDPC codec proposed are 

presented in Section 6.3; next, in Section 6.4 and Section 6.5, the novel techniques to design LDPC 

codes and the novel early stopping criterion are proposed; next, in Section 6.6, the LDPC code RD 

performance is evaluated and compared to relevant competing solutions along with the decoding 

complexity (and the RD impact) of the proposed stopping criterion technique. Finally, in Section 6.7, 

some final remarks are drawn. 

6.2  Low-Density Parity -Check Codes  

In the context of DVC, the most common Slepian-Wolf code is still the popular turbo codes. 

However, Varodayan has proposed in [163] an LDPC code for distributed source coding that allows 
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higher efficiency and was successfully integrated in some DVC codecs, such as the DISCOVER DVC 

codec [39], a state-of-the-art solution for DVC coding. 

6.2.1  Introduction to LDPC Codes  

LDPC codes are nowadays one of the hottest topics in coding theory. Originally invented in 1962 by 

R. Gallager in [165], and forgotten for almost 30 years, there has been renewed interest since their 

rediscovery by MacKay, Luby and others [166], [167] in the mid-1990ÿs, notably due to their 

advantages in terms of bit error rate performance (very close to the Shannon limit).  

In 1981, Tanner has shown in [168] that LDPC codes can be efficiently represented by a bipartite 

graph. The bipartite graph provides a complete representation of the LDPC code and corresponds to 

a graph with two node types and edges that can only connect two nodes of different types. As 

illustrated in Figure 6ü1, LDPC codes can be graphically represented by an LDPC bipartite graph, 

nowadays called Tanner graph, that is defined by two node types (solid squares and circles in Figure 

6ü1): the variable nodes (or v-nodes), which represent the codeword bits, and the check nodes (or c-

nodes), which represent the parity-check equations of the codeÿs parity-check matrix Ὄ with 

dimension ά ὲ. The matrix Ὄ performs ά ὲ Ὧ parity-checks on a received codeword, where 

Ὧ represents the amount of data to code and ὲ represents the total amount of data (of which ὲ Ὧ 

is redundant). The parity-check matrix Ὄ of the LDPC code is sparse, i.e., it has a low density of 1ÿs: 

ύ Ḻὲ and ύ Ḻά with ύ  and ύ  representing the number of 1ÿs in each row (c-node degree) 

and column (v-node degree), respectively. The v-nodes are connected by edges to the c-nodes 

according to the matrix Ὄ. Each edge connecting a v-node Ὦ to a c-node Ὥ implies Ὤ ρ, where 

variable Ὦ is a component of the parity-check equation of row Ὤ. Each of the parity-check equations, 

when multiplied by a codeword ὼ, must fulfill Ὄὼ π, i.e., the bit values connected to the same c-

node must sum to zero. The factor graph is thus a visual representation of matrix Ὄ. An LDPC code is 

called regular if the c-node degree ύ  is constant for every column and the v-node degree ύ

ύ ὲάϳ  is also constant for each row. In Figure 6ü1, a regular LDPC code with ὲ τ, ά φ, 

ύ σ and ύ ς is shown. Graphically, the factor graph of a regular LDPC code has a constant 

number of edges for every check node and a constant number of edges for every variable node. In 

the example of Figure 6ü1, the factor graph is regular: each variable node is of degree 2 (has 2 edge 

connections) and each check node is of degree 3 (has 3 edge connections). On the other hand, if Ὄ is 

a low density matrix but qeb krj_bo lc .ÿp %lo badbp& fk b^`e olt lo `lirjk ^ob not constant, i.e., 

the degrees of the variable and check nodes change, the code is called an irregular LDPC code. In the 

context of distributed source coding, some especial v-nodes, usually called syndrome nodes (see the 

dashed nodes/edges), can be connected by edges to c-nodes and represent the syndrome bits that 

are calculated, at the encoder, according to Ὄ, and transmitted to the decoder. More details about 

this procedure are described in Section 6.2.3. 

Since most of the efficient LDPC codes have more than one edge connecting to each c-node or v-

node, cycles (or loops) naturally occur which correspond to a set of edges that are connected 
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between each other (by nodes) in a cyclic manner. The length of such cycles corresponds to the total 

number of edges involved in the cycle; the Tanner graph of Figure 6ü1 shows a length-6 cycle 

illustrated in bold edges. An important metric to assess the LDPC code performance is the girth of a 

Tanner graph which corresponds to the length of the shortest cycle in the Tanner graph. Typically, 

short cycles degrade the LDPC iterative decoding performance because they affect the independence 

of the information that is exchanged between nodes of the Tanner graph [169] and, thus, the code 

girth is an important design metric for an LDPC code (ideally it should be as large as possible).  

Figure 6ð1: LDPC syndrome code: Tanner graph (left) and corresponding LDPC parity -

check matrix ╗ (right).  

6.2.2  LDPC Codes for Channel Coding  

The last years of channel coding research have shown that the LDPC codes have an error correcting 

performance close to the theoretical limit and can compete (and even surpass) the turbo codes with 

some additional benefits, e.g., fewer operations per decoded bit. The design of the LDPC code is 

made through the construction of the sparse parity-check matrix Ὄ, i.e., the bi-partite graph 

connections, which has a great impact in the code performance. Several design strategies exist in 

the literature, all aiming to achieve several characteristics such as complexity efficient encoding 

and decoding or good performance for a certain code rate or for shorter/longer codeword sizes. In 

summary, the following LDPC codes can be identified: 

× Gallager or regular LDPC Codes: The first LDPC codes were discovered in the 60ÿs by Gallager 

[165] and are regular ὲȟά σȟφ codes with rate 1/2. They are used as a reference point 

and have a low encoding complexity but perform rather poorly when compared to other more 

recent codes, mainly because the codeÿs graph has small cycles, including length-4 cycles. 

Gallager also showed that good coding performance was obtained if ύ σ and ύ ύȢ 

× MacKay codes: In [167], MacKay has independently re-discovered the good performance of 

linear codes with a sparse parity-check matrix and proposed algorithms to semi-randomly 

generate sparse matrices. The proposed design algorithms consist in the creation of matrix Ὄ 

by randomly generating the columns with degree ύ  while maintaining the degree of the rows 
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as uniform as possible and simultaneously avoiding short cycles. One disadvantage of 

MacKayÿs codes is the high encoding complexity due to the lack of structure of the parity-

check matrices. However, Richardson and Urbanke have proposed in [161], a more efficient 

encoding technique. 

× Irregular LDPC codes: In [170], Richardson et al. proposed a class of LDPC codes, known as 

irregular LDPC codes, with a higher performance than the popular turbo codes for large block 

lengths. The irregular LDPC codes are defined by the variable node degree distribution 

polynomial ‗ὼ and the check node degree distribution polynomial ”ὼ. Good polynomials 

can be found using optimization algorithms (such as density evolution [171]) and high 

performance for large block lengths can be achieved. However, for medium and short-block 

lengths, the error floor (performance for low error rates) is high and the irregular codes 

intrinsically have high encoding complexity (although lower complexity encoders were 

proposed [161]). 

× Progressive edge growth codes: It is well known that short cycles degrade the LDPC code error 

correction performance (and thus must be avoided) when a belief propagation decoding 

algorithm is used. Progressive edge growth (PEG), proposed in [172] by Hu et al., is a computer 

search algorithm that creates the LDPC code, by defining the places of the LDPC code edges in 

such a way that short cycles in the bi-partite graph are avoided, i.e., the length of the smallest 

cycle in the graph (or code girth) is maximized. When used in combination with a zigzag 

pattern (or accumulator) for the parity bits nodes, it is possible to achieve linear encoding 

time proportional to the number of edges in matrix Ὄ (followed by cumulative module-2 

addition) and a higher coding efficiency when compared to MacKay codes [172]. 

× Finite geometry based codes: In [173], Kou et al. designed LDPC codes based on a geometric 

approach, in this case Euclidean geometries over finite fields. The resulting LDPC codes belong 

to the category of cyclic and quasi-cyclic codes and are free of length-4 cycles. They have good 

coding efficiency for a wide range of block lengths, can be encoded in linear time and are 

implemented with simple feedback shift registers. Another advantage of the finite geometry 

LDPC codes is their capability to be extended and shortened in order to obtain LDPC codes 

with different code rates. 

× Accumulator based codes: The serial concatenated convolutional codes [174] inspired one type 

of LDPC codes which makes use of simple elements such as accumulators, permutations or 

repeat operations concatenated in a serial way. In this code family, the repeat-accumulate (RA) 

codes were first proposed by Divsalar et al. in [175]. A RA code has a simple structure: each bit 

is repeated (2 or 3 times), permuted and then sent to an accumulator. A RA code has an 

operation near capacity limit for long code rates; however, the performance for short and 

medium rates decreases and code rates higher than 1/2 are not possible (a bit is repeated at 

least twice). The irregular repeat-accumulate (IRA) codes proposed by Jin et al. in [176], 

generalized the RA codes by repeating some bits more often than others (i.e., the repetition 

rate is highly irregular), thus allowing more flexibility in the code rate choice (i.e., higher 
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rates). They show better coding efficiency but it is difficult to encode them in a 

systematic+parity form for low code rates. To achieve a wide range of code rates with a low 

complexity encoder, the extended IRA codes have been proposed by Yang et al. in [177].  

Besides the various design approaches already presented, there are other LDPC code families, such 

as protograph based codes, array codes, product-accumulate codes, LDPC based Reed-Solomon codes 

and combinatorial LDPC codes which are not detailed here. However, an extensive survey is 

presented in [178] by Liva et al. where several (if not all) LDPC code designs approaches are 

described and evaluated. 

6.2.3  LDPC Codes for Distributed Source Coding  

The coding scheme suggested by Wyner, in 1974, for linear binary block codes [66] is one of the most 

popular approaches for the design of efficient source codes for the general DSC case. For a certain 

source ὢ, the encoder calculates the syndrome Ὓ Ὄὢ (represented by the dashed syndrome nodes 

in Figure 6ü1), and sends it to the decoder; the encoder code rate is, in this case, ά ὲϳ , i.e., the 

compression ratio is ὲȡά. The decoder starts by creating the SI frame, ὣ and converting it to soft-

input information with the help of the correlation noise model between ὢ and ὣ. Afterwards, the 

Slepian-Wolf decoder attempts to reconstruct the source ὢ using a belief propagation (explained in 

detail in Section 6.3.2) or ML decoding algorithm with the soft-input information and the syndrome 

nodes initialized according to the syndrome bits received. This type of approach was first used in 

[68] by Pradhan and Ramchandran for simple codes and extended in [71] by Liveris et al. to the 

highly efficient LDPC codes. 

Basically, in the context of LDPC codes, by calculating Ὄὼ the encoder maps the ὲ-ÌÅÎÇÔÈ input 

sequence ὼ into one of ς  syndromes, through the division of the sequence space (with ς 

sequence possibilities) into ς  cosets, each one labeled by one distinct syndrome. All the ς  

cosets are disjoint and contain ς codewords with maximum Hamming distance, which guarantee a 

good performance over the binary symmetric channel [71]. 

6.3  IST LDPC Slepian-Wolf Codec  

In DVC, different Slepian-Wolf codes can be used such as the block codes used in the Berkeley PRISM 

solution [79], the turbo codes used in the Stanford feedback channel based DVC solution [9] and the 

LDPC syndrome codes used in the DVC solution described in [163]. The LPDC codes are among the 

most efficient Slepian-Wolf coding solutions due to their capacity approaching performance for 

several communication channels [162] and for the distributed source coding case [71], 

outperforming the turbo codes. In this section, the proposed LDPC syndrome codec is presented. 
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6.3.1  LDPC Syndrome Codec Architecture  

The architecture of the proposed LDPC based Slepian-Wolf codec is presented in Figure 6ü2. The rate 

control is made by the decoder with the help of a feedback channel and the LDPC syndrome coder 

makes use of the rate compatible strategy described in Section 6.4.1, named check node merging. The 

architectural novelty corresponds to the check node merging and early stopping criterion modules 

in bold; in addition, the LDPC code structure (proposed in Section 6.4.2) was also optimized to obtain 

the best compression performance for distributed video coding. The proposed LDPC based Slepian-

Wolf encoder receives as input the source ὢ  where Ὥ is the bit-plane index for coefficient band Ὧ. 

The encoding process starts always with the MSB array and the frequency bands are scanned in 

zigzag order from the DC band to the highest frequency AC bands.  

Figure 6ð2: Slepian -Wolf LDPC syndrome codec architecture.  

The LDPC Slepian-Wolf encoder works as follows: 

1. LDPC syndrome encoder: The LDPC syndrome code matrix Ὄ is used to calculate the syndrome 

Ὓ by Ὓ Ὄὢ  which is then sent to an accumulator to generate the final syndrome 

information, similar to the LDPCA (accumulate) code [163]. The LDPC code graph Ὄ is built 

according to the technique described in Section 6.4.2 which allows higher compression 

efficiency when compared to previous state-of-the-art solutions (see Section 6.6.1). 

2. Buffer: The syndromes are stored in a buffer and sent to the LDPC syndrome decoder upon 

request, through the feedback channel. The syndromes transmission order is defined by a 

regular puncturing period ῳ, which defines the granularity of the code rates which are 

incrementally obtained; it also indirectly defines the decoding complexity since a small 

puncturing period means that the LDPC decoder must be run a higher number of times to 

decode the source (i.e., to achieve the necessary bit-rate).  

3. CRC generator: A CRC code with a 8 bits polynomial is applied to each bit-plane; the checksum 

is sent to the decoder to help the error detection process to be performed at the decoder. 
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The core of the Slepian-Wolf decoding process is the SPA algorithm [179] which is described in detail 

in Section 6.3.2. The overall decoding process proceeds as follows:  

1. Check node merging: In this module, the LDPC code graph structure (defined by Ὄ) is 

modified, taking into account the number of syndrome bits received. Some check nodes of the 

LDPC base code graph (compression ratio equal to 1:1) are merged according to a simple rule 

to obtain higher compression ratios: any two check nodes are merged as long as they are 

connected by a punctured syndrome node (with 2 edges). This step is repeated when more 

syndrome information is received by the Slepian-Wolf decoder. 

2. Sum-product algorithm: In this module, one iteration of the SPA is performed. This SPA 

iteration attempts to decode the source with the received syndromes, the modified LDPC code 

graph and the soft-input information ά  obtained from the CNM for all coded bit-planes. At 

the end, soft-output information is obtained and the convergence criterion determines if the 

hard decision output has a small error probability ὖ (i.e., if the decoded output is close to the 

original data). 

3. Convergence criterion:  First, the convergence criterion checks if all LDPC code parity-check 

equations are fulfilled for the decoded (hard decision) codeword; in the positive case, the LDPC 

syndrome decoder claims that the source is decoded and stops the iterative process. In the 

negative case (one or more parity-check equations failed), the iterative process continues and 

a further SPA iteration is performed if the number of iterations is not greater than a certain 

threshold; in this case, up to 100 iterations are performed (the same limit as in [163]). If this 

number of iterations threshold has been reached, the decoder claims that the source is un-

decodable with the available syndrome bits and, thus, more syndrome bits are requested using 

the feedback channel.  

4. Early stopping criterion: In parallel with the convergence criterion, the proposed early 

stopping criterion is also performed with a different objective: to detect the un-decodable 

sources cases at an earlier stage of decoding, i.e., before the maximum number of iterations is 

reached. This avoids wasting resources in unsuccessful decoding operations, lowering the 

overall LDPC decoding complexity. This early detection can also reduce the latency since the 

decoder can more quickly make a request to the encoder for additional bits, if necessary. The 

early stopping criterion is thus able to predict decoding failures by monitoring changes, at the 

end of each iteration, in the SPA soft-output information, and changes in the number of 

satisfied check node equations in the LDPC graph. When the early stopping criterion detects 

an un-decodable source case, it requests from the encoder more syndrome bits. If this 

criterion fails, this means a decodable source is wrongly classified as un-decodable and the 

consequence is rate overestimation, thus leading to a reduction of the coding efficiency. 

Clearly, a tradeoff exists in this case between the decoding complexity reduction and the RD 

performance losses. 

5. CRC check: Finally, the source reconstructed by the LDPC syndrome decoder is checked for any 

residual errors left. Note that the convergence criterion does not guarantee that the source 
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was always correctly decoded, i.e., there is a (low) probability that the decoded bit-plane still 

has errors (wrong codeword). Thus, the same CRC used by the encoder is applied to the 

reconstructed bit-plane. If the CRC checksum obtained matches the one received from the 

encoder, no remaining errors are corrupting the bit-plane and the decoding of the next band 

or bit-plane can start; if there is no match, more syndrome bits are requested using the 

feedback channel (as in the previous decoding attempts). This procedure guarantees a 

vanishing error probability (å0) for each decoded bit-plane with a small rate penalty for each 

bit-plane (8 bits). 

The IST LDPC based Slepian-Wolf codec can be used in any DVC codec with a feedback channel 

available, such as the DVC codecs that follow the Stanford DVC architecture. In the evaluation of the 

IST LDPC based Slepian-Wolf codec, two DVC codecs are used: the DISCOVER DVC codec [39] and the 

feedback channel transform domain (FCTD) DVC codec described in [51]. Notice that several 

techniques differentiate these two DVC codecs, such as the Slepian-Wolf approach (LDPCA in 

DISCOVER versus turbo codes in FCTD), the rate control solution (hybrid rate control in DISCOVER 

versus decoder rate control in FCTD) and SI creation (e.g., half-pel ME is used in DISCOVER whereas 

in FCTD is absent). 

6.3.2  Sum-Product Algorithm  

Besides the LDPC code definition, made through matrix Ὄ, a rate adaptive LDPC syndrome decoder 

algorithm that provides near-optimal coding efficiency is also necessary. The most used algorithm 

comes with different names, such as sum-product algorithm, message passing and belief 

propagation algorithm [179]. For LDPC based syndrome codes, the decoding algorithm for 

distributed source coding was first presented by Liveris et al. in [71]. This solution is described here 

with the necessary adaptations to DVC, since it provides the necessary basis for the early stopping 

criterion proposed in this chapter.  

The SPA algorithm is an iterative algorithm which exchanges messages in the edges of the Tanner 

graph. In each node of the Tanner graph, the incoming messages are processed according to the 

node type: i) each v-node, which represents each codeword bit, processes its input messages and 

sends the output to the neighboring c-nodes (neighbor nodes are connected with an edge); and ii) 

each c-node, which represents each parity-check equation of the LDPC codeÿs matrix Ὄ, processes 

its input messages and sends the output to the neighboring v-nodes. Typically, the SPA decoding 

algorithm operates in the log-domain, i.e., the messages exchanged in the edges concern the ratio of 

the probabilities ὖὦ πȿÉÎÐÕÔ ÍÅÓÓÁÇÅÓ and ὖὦ ρȿÉÎÐÕÔ ÍÅÓÓÁÇÅÓ, where ὦ corresponds to 

the source bit. As described below, the SPA algorithm is initialized according to step 1, and has two 

half-iterations: i) the c-node operation where messages are sent from c-nodes to neighboring v-

nodes (step 2); and ii) the v-node operation where messages are sent from v-nodes to neighboring c-

nodes (step 3). After, tentative decoding can be performed according to step 4. 
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Step 1: Initialization  

Before the SPA decoding of a bit-plane starts, it is necessary to model the correlation noise between 

the corresponding coefficients of the source ὢ and the side information ὣ. The CNM is used to 

convert the SI into the virtual channel log-likelihood ratios (LLR), ά , this means the belief of being 

transmitted the source bit 0 or 1, according to: 

ά ÌÏÇ
ὖὼ ρȿώ ȟὼ ȣȟὼ

ὖὼ πȿώ ȟὼ ȣȟὼ
ȟ (6.1) 

where ώ  corresponds to the value of the DCT SI coefficient in index Ὦ within  band Ὧ, ὼ  

corresponds to the source bit index Ὦ in bit-plane Ὥ of band Ὧ and the probability distribution ὖ 

corresponds to the adopted Laplacian CNM. 

Step 2: Check -node Operation  

In the first half-iteration, the SPA takes into account the syndrome information received from the 

encoder. Since it is assumed that this information is received lossless (i.e., with no channel errors), 

some adaptations are needed for the DVC case when compared to the usual channel decoding 

algorithm (where the syndrome information can also have errors). At this step, it is calculated ά , 

the message sent from c-node ὰ to v-node Ὦ: 

ά ‌

ȟ  

‰ ‰‍

ȟ 

ȟ (6.2) 

where ί corresponds to the number of syndromes nodes connected to c-node ὰ (it can be 1 or 2 for 

the chosen accumulator structure), Ὠ is the number of v-nodes connected to c-node ὰ and: 

‌ ÓÉÇÎά  ȟ (6.3) 

‍ ά ȟ (6.4) 

‰ὼ ÌÏÇÔÁÎÈ
ὼ

ς
ÌÏÇ

Ὡ ρ

Ὡ ρ
ȟ (6.5) 

where ά  is the message sent from v-node Ὦ to c-node ὰ. At the beginning of the first iteration, all 

messages ά  are initialized with zero. 

Step 3: Variable -node Operation  

In the second SPA half-iteration, each v-node calculates soft extrinsic information taking into 

account all the messages sent by its neighboring c-nodes (connected through edges) and the virtual 

channel LLR calculated in (6.1). At this step, it is calculated: 
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ά ά ά   ȟ

ȟ   

 (6.6) 

where ά  is the message sent from v-node Ὦ to c-node ὰ, ά  is the message received from c-node ὰ 

to v-node Ὦ and Ὠ is the number of edges of v-node Ὦ. Note that, in the first iteration, all messages 

ά  are zero and, thus, the decoding algorithm only takes into account the virtual channel LLRs, 

ά . 

Step 4: Tentative Decoding  

After steps 2 and 3 (one full iteration) are performed, it is possible to estimate a novel decoded bit-

plane with: 

ὒ ά ά   ȟ (6.7) 

ὧǿ
πȟ  ÉÆ  ὒ π

ρȟ  ÉÆ   ὒ π
  ȟ (6.8) 

where ὒ  is the a posteriori probability of the source bit Ὦ, ὧǿ corresponds to the sign of ὒ and 

represents the estimation of the decoded bit Ὦ, and the ὒ magnitude represents the confidence on 

the ὧǿ decision. With ὧǿ, it is possible to evaluate if the source is successfully decoded or not by 

checking if ὧǿὌ π, i.e., if all parity-check equations are fulfilled (see convergence criterion in 

Section 6.3.1). In case ὧǿὌ π, a new iteration starts, i.e., (6.2) to (6.8) are repeated.  

The LDPC code performance using the SPA decoding algorithm depends on: i) the LDPC code 

structure since irregular graphs with short cycles are preferred; ii) the codeword size which 

corresponds to the bit-plane length; iii) the code rate through the bit-plane compression ratio; and 

iv) the node degree optimization through the number of edges in each c-node and v-node [161], 

[170]. 

6.4  Designing  Novel  LDPC Codes for DVC  

An LDPC code appropriate for the DVC scenario must fulfill three main requirements:  

1. Encoding complexity: The code must have an encoding complexity as low as possible, even at 

the cost of an increase in the decoding complexity. This first requirement is usually met by the 

syndrome based LDPC encoding approach as described in Section 6.2.3 where the encoder just 

needs to calculate Ὄὢ to obtain the syndrome bits to be transmitted. Since matrix Ὄ is sparse, 

the encoding `ljmibufqv fp hbmq ilt ^ka molmloqflk^i ql qeb krj_bo lc badbp %lo .ÿp& fk qeb 

LDPC code. 
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2. Rate-compatible strategy: The code must be rate adaptive and incremental, i.e., the codes at 

higher rates should be embedded in the codes at lower rates, to allow a dynamic adaptation of 

the code rate by using a feedback channel. Thus, a novel technique is proposed based on c-

node merging to obtain a rate-compatible solution, instead of the c-node splitting technique 

used in [91], [163].  

3. Compression efficiency: The code must have a performance as close as possible to Ὄὢȿὣ, the 

Slepian-Wolf limit, for a wide range of compression ratios, to cope efficiently with changes in 

the correlation between ὢ and ὣ. With the proposed rate-compatible strategy, it is possible to 

optimize the LDPC high rate base code instead of a low rate sub-code, allowing to use powerful 

graph conditioning techniques (e.g., [164]), which fail when applied directly to the low rate 

sub-code due to its structure (low amount of rows or c-nodes). The novel strategies to design 

the LDPC code imply the selective avoidance of cycles in both base and sub-codes and the 

carefully positioning of the variable nodes to break the error bursts, typical in the SI frame. 

The check node merging technique (2nd requirement) is presented in Section 6.4.1 and the design of 

an efficient LDPC code (3rd requirement), i.e., the construction of matrix Ὄ, is presented in Section 

6.4.2. 

6.4.1  Rate-compatible LDPC Code by Check Node Merging  

This section proposes a technique to obtain a rate-compatible LDPC code by merging any two check 

nodes, as long as they are connected by a degree 2 syndrome node.  

Check -node Merging  

When two check nodes are merged, the number of parity-checks ά is decreased by one unit (as 

illustrated in Figure 6ü3), and a higher compression ratio is obtained; the c-nodes merging operation 

corresponds to the sum of two Ὄ rows.  

Fig ure 6ð3: Factor graphs when check nodes are merged . 

The technique to obtain a new (merged) check node, containing the edges merged from the two old 

c-nodes, is quite simple:  
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1. A rate = 1 base code is first generated, corresponding to a square Ὄ matrix. In the Figure 6ü3 

example, the base code matrix Ὄ has size φ φ. 

2. After, any two c-nodes can be successively merged until the necessary code rate (bit-plane 

compression factor) is obtained. The lower rate codes obtained are referred here as sub-codes. 

In the Figure 6ü3 example, the c-nodes (ὧ and ὧ) and (ὧ and ὧ) are successively merged and 

higher compression ratios (up to 3:2) are successively obtained from the same base code. 

Rate -compatible Operation  

The check-node merge method can provide an elegant way to obtain a rate adaptive LDPC code, 

since the graph structure can be adapted to obtain fine granularity  code rates; however, it does not 

provide a rate-compatible LDPC code in the sense that a set of syndrome bits cannot be combined 

with previously sent syndrome bits. To fulfill this important requirement, it is necessary to include 

at the encoder, for each pair of c-nodes to merge, a 2-degree syndrome node. Considering that 2-

degree syndrome nodes represent equality (the message in one edge is the same as in the other 

edge), it can be easily proved that the syndrome bits not sent, i.e., punctured, can be removed as 

long as their connected c-nodes are merged. At the light of a coset interpretation, this represents 

the union of two cosets, since there will be ς  cosets, each one with ς  codewords. For 

example, to obtain the higher compression ratio 3:2 in Figure 6ü3, the encoder sends all the 

syndrome bits, except ί and ί which are punctured (as shown in  Figure 6ü4). At the decoder, for 

each syndrome bit not received, the c-nodes connected to it are merged.  

Figure 6ð4: Syndrome node placement to obtain the graph structure of Fig ure 6ð3 

(shaded nodes are punctured) . 

Although this scheme is highly flexible in the choice of the c-nodes to merge, to obtain a good 

performance for a wide range of code rates, it is necessary to fulfill an additional constraint: the 

check-node degree distribution of the base code and of the sub-codes must be as concentrated as 

possible, i.e., all the c-nodes degrees should be as similar as possible. This result is well known in the 

LDPC channel coding literature [170] and was confirmed in practice for LDPC syndrome codes. A 

question then arises: Which structure should be used to connect the syndrome nodes to the check 

nodes? The author experimented several types of graph structures for the syndrome nodes, and the 

respective transmission orders (following the above criterion), all of them reaching similar 

performance. Thus, a simple structure, as shown in Figure 6ü5, where each syndrome node is 

connected to two adjacent c-nodes, was selected. As it can be noticed, this structure corresponds to 

the accumulator used in the family of repeat-accumulate channel codes [177], which consists in a 

concatenation of a set of repetition codes with one or more accumulators and an interleaver; this 
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solution was also employed in [91], [163] for LDPC syndrome codes but with a different rate-

compatible method. Using the accumulator structure, the encoding procedure corresponds simply 

to: 

1. Compute the syndrome vector Ὓ Ὄὢ as explained in Section 6.2.3. The vector Ὓ has the 

same size as the bit-plane length and corresponds to the syndromes obtained in each c-node as 

a function (module 2 addition) of the neighboring v-nodes. These v-nodes are initialized with 

the source bit-plane to encode. 

2. Compute the accumulated syndrome vector Ὓ Ὓ Ὓ , and send some of the syndrome 

bits to the decoder (in the next sub-section the transmission order is defined). Vector Ὓ  

corresponds to the syndrome bits obtained in the syndrome nodes, which are connected to the 

check-nodes (with the calculated syndromes Ὓ  by the accumulator structure. Source 

compression is obtained by sending only a few of the computed syndrome bits.  

The decoding procedure then corresponds to: 

1. Receive some of the bits of the accumulate syndrome vector and merge all check-nodes which 

are connected by a punctured (i.e., a syndrome bit not sent) syndrome node. 

2. Perform the SPA as described in Section 6.3.2. If successful an estimate of the source bit-plane 

is obtained, otherwise, more syndrome bits are requested. 

Figure 6ð5: LDPC syndrome based accumulator . 

Syndrome Transmission Order  

Once the syndrome nodes placement is defined, it is necessary to define the order by which the 

check nodes are merged (at the decoder). For the LDPC syndrome based accumulator, the 

transmission order is defined by the puncturing period ῳ, which determines the minimum amount 

of rate spent in the first transmission and the granularity of the code rates which are incrementally 

obtained. The transmission order for each bit in the syndrome vector Ὓ  is defined at the encoder, 

taking into account the accumulator structure, and is described in the following: 

1. With ὧ ῳ and ὰ ρ, send position ὧ in each puncturing period, i.e., each bit Ὓ in index Ὦ 

that is a multiple of ὧ in the syndrome vector Ὓ . 

2. Initialize Ὥ πȢ Repeat ὰ times: 

A. Send the position ὧςϳ Ὥ ὧ in each puncturing period. 

B. Increment Ὥ.  

C. If more syndrome bits are requested by the decoder, continue; otherwise, exit. 
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3. Set ὰ ὰ ς and ὧ ὧȾς. 

4. If all syndrome bits have been sent, exit; otherwise, if a request for more syndrome bits is 

received from the decoder, go back to 2.  

The Ὦ, ὰ, ὧ and Ὥ are auxiliary variables to help in the determination of each position to be sent. This 

algorithm allows maintaining a concentrated check node degree distribution, each time step 2 

above is executed. 

6.4.2  LDPC Syndrome Code  Design  

The performance of the LDPC codes depends on several factors, notably on the regular nature of the 

graph; in fact, irregular LDPC codes can achieve higher bit error rate efficiency, i.e., close to the 

Shannon capacity limit [162] and high compression performance, i.e., close to the Slepian-Wolf limit 

[71]. Another important factor is the length of the cycles in the bipartite graph. Since the decoding 

algorithms, such as the SPA, can achieve optimal decoding only in cycle-free graphs, it is natural to 

minimize the number of short cycles in the design of the LDPC code. Thus, techniques that limit the 

effect of cycles in the LDPC code performance, such as the graph conditioning techniques proposed 

in [164], [172], are also necessary when the target is to design efficient LDPC codes for the DVC 

scenario. 

LDPC Syndrome Code Design Principles  

An efficient LDPC code can be designed when the novel check node merging technique is used to 

obtain a rate-compatible strategy. However, the following principles must be considered: 

1. Common neighbor avoidance: The base code must be designed to maintain a valid structure 

for any sub-codes, i.e., no more than one edge can connect to any c-node/v-node pair. So, to 

guarantee valid graph structures for the sub-codes, the base code must follow this rule: the c-

nodes to merge cannot have a common neighbor, i.e., the base code matrix cannot have .ÿp in 

the same column in the rows to sum. 

2. Graph conditioning for the LDPC base code: The LDPC syndrome code can benefit if a graph 

conditioning technique is applied to the base code (rate = 1). In [164], the concept of stopping 

sets has been proposed: a stopping set is a set of variable nodes which has all its neighbors 

connected to the set at least twice. The stopping sets impair the code performance when all v-

nodes of the set are affected by errors, causing a decoding failure. Since the stopping sets are 

related to the connectivity of v-nodes, an extrinsic message degree (EMD) metric that 

approximates the v-nodes connectivity has been defined in [164]. Thus, it is proposed here to 

design an LDPC code base matrix (for rate = 1) using the greedy search algorithm approximate 

cycle EMD (ACE) in [164] which increases the smallest stopping set size, to obtain better 

performance for an iteratively decoded irregular LDPC code. The ACE algorithm enhances the 

PEG algorithm (reviewed in Section 6.2.2) by taking into account the connectivity of the cycles 

shorter than a prescribed length and the LDPC code girth (shortest cycle length) used by the 

PEG algorithm. 
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3. Graph conditioning for the LDPC sub-codes: Simultaneously, it is also necessary to obtain good 

sub-codes that result from the parity-check node merging. However, since for high 

compression ratios the number of c-nodes is quite low and the number of v-nodes and edges 

remain constant, it is difficult or even impossible to apply the graph conditioning techniques 

to the sub-codes. Therefore, a simpler option is to forbid certain types of cycles that impair the 

LDPC code compression efficiency. So, inspired by the relevant criteria in the literature [170], 

4-length cycles that involve only 2-degree v-nodes are forbidden. 

4. Low degree v-nodes placement: Another important issue is the proper placement of the v-

nodes. As shown in [170], [177], low-degree v-nodes are susceptible to errors, because they 

converge slower than high degree v-nodes and can affect the code efficiency when a 

significant amount of them is affected by errors; however, their presence is necessary to have 

lower degree c-nodes [170]. Considering that the low-degree v-nodes are the most vulnerable 

ones in the code, they must be placed taking into account the nature of the correlation noise 

in DVC, notably in certain regions where the SI estimation fails, e.g., due to erratic motion, 

occlusions and/or illumination changes. So, quite often, error bursts are present in the side 

information associated to noisy regions. To improve the LDPC code capability to correct 

consecutive bit errors, it is proposed to insert high degree v-nodes (ύ σ) periodically; this 

avoids that error bursts only affect low degree v-nodes. 

While the common neighbor avoidance principle results from the c-node merging technique, graph 

condition techniques are used for the first time to improve the LDPC syndrome code performance 

(notably for the high rates), mainly because the proposed rate-compatible strategy allows its usage. 

Finally, the low degree v-nodes placement takes into account the DVC virtual channel statistics to 

improve the code rate performance. 

LDPC Code Construction Algorithm  

Considering the above features, and given certain global distributions, ‗ὼ and ”ὼ, for the 

variable and check nodes degrees ύ  and ύ , respectively, the algorithm proposed here to create 

the irregular LDPC base code with ὲ ὲ size is the following: 

1. Starting from the low-degree v-nodes, generate one variable node according to the ‗ὼ and 

”ὼ degree distributions, with random connections (edges) to the c-nodes. A v-node is 

accepted as valid if: 

A. All v-node edges do not connect more than once to a c-node in the base code and in the 

lowest rate sub-code. This guarantees that no multi-edges exist, i.e., no two or more 

edges connecting a c-node to a v-node in any (sub-)code. 

B. The ACE algorithm requirements are met, i.e., all the cycles of length less than a specified 

threshold (dACE) have >@B s^irbp ibpp qe^k ͡>@B8 obcbo ql [164] for more details. 

C. There are no 4-length cycles involving only 2-degree v-nodes in the lowest rate sub-code. 

2. The previous step is repeated until the whole parity-check matrix is created, i.e., until all the 

necessary (bit-plane size) v-nodes are generated. 
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3. Check if the parity-check matrix Ὄ is full rank (all the rows and columns are linearly 

independent); otherwise, go to step 1. This operation is needed to guarantee that, for rate = 1, 

the parity-check matrix is invertible in order to recover the original data, independently of 

the amount of errors in the side information. 

4. In this last step, the placement of v-nodes is done as follows:  

A. Random shuffle all v-nodes to guarantee that v-nodes are not sorted by degree (which 

occurs at the output of step 3). 

B. Calculate the period ὸ dividing the total number of v-nodes by the number of v-nodes 

with degree ύ  σ. 

C. Re-position all v-nodes with degree ύ σ in such a way that they are equally spaced 

with a period ὸ, i.e., consecutive v-nodes with degree ύ σ are separated by v-nodes 

with degree ύ σ. 

The major advantage of the proposed LDPC design is that the code graph structure can be tailored 

for different code rates; in this case, it was optimized for the lowest and highest compression ratios, 

expecting that compression ratios in between are also near-optimum optimization. However, 

different strategies can be applied depending on the amount of correlation noise between SI and 

original data. 

6.5  Early Stopping Criterion  

The SPA algorithm is a decoding algorithm which uses a convergence criterion at the end of each 

iteration to check if the source was successfully decoded or not. Since this may be a rather wasteful 

process from the decoding complexity point of view, it is proposed here to include an additional 

criterion to early stop the decoding process and obtain lower decoding complexity and lower 

latency for un-decodable sources, when compared to the usual case where a predefined maximum 

number of iterations is processed. Another way to further reduce the decoding complexity is the 

usage of lower complexity alternatives to the sum-product algorithm described in Section 6.3.2, 

such as the min-sum algorithm or algorithm E. This approach was recently followed in [180], where 

encouraging results were achieved for distributed source coding, although it is not pursued here.  

The proposed criterion is based on previous work on stopping criteria for turbo [181] and LDPC 

channel codes [182]. In [182], Kienle and Wehn propose an LDPC code stopping criterion which relies 

on the variable node reliability (VNR), a summation of the LLR values along all v-nodes. Since most 

of the existing stopping criteria are only proposed for channel coding (especially turbo codes), it is 

necessary to study, propose and evaluate a novel early stopping criterion for distributed source 

coding, especially for LDPC syndrome codes. Although good results are obtained for channel coding 

[182], unsatisfactory results are obtained when the VNR criterion is applied to DVC coding, since a 

distributed source code (e.g., LDPC syndromes) is used. 
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6.5.1  SPA Decoding Metrics  

In this context, a novel criterion based on the evolution of the LLR values between decoding 

iterations and the number of satisfied parity-check equations at the end of each iteration is 

proposed here. Using these two novel decoding metrics, it is possible to obtain a more robust 

criterion when compared to previous state-of-the-art [182], notably with the following features:  

1. Early detection of un-decodable sources, thus allowing to significantly reduce the decoding 

complexity. 

2. Minimization of the number of cases where a source is wrongly classified as un-decodable 

when it is, in fact, decodable and thus avoidance of rate overestimation (i.e., coding efficiency 

loss).  

For decodable sources, the average of the magnitude of ὒ  values increases when the number of 

unsatisfied parity-check nodes decreases for each SPA iteration. Thus, the proposed stopping 

criterion is based on two metrics: 

1. The variation of the a posteriori LLR, ὒ , between successive iterations ὸ and ὸ ρ, ῳὒ  

according to: 

ɝὒ ὸ
ρ

ὲ
ὒ ὸ ρ ὒ ὸȟ (6.9) 

where ὲ corresponds to the source (bit-plane) size. When the iterative SPA algorithm is 

converging to a successful result, ὒ  increases between decoding iterations, leading to 

larger values of ɝὒ . On the other hand, a source can be classified as un-decodable when the 

PM> ^idlofqej fp þpqr`hÿ) f+b+, the values of ɝὒ  are close to zero (i.e., no variation). 

2. The number of parity-check equations (or c-nodes) unsatisfied at iteration ὸ : 

ὔ ὸ ὥὴȟ   ×ÉÔÈ   ὥ ὧǿὌȟ (6.10) 

where ά corresponds to the total number of c-nodes. The number of unsatisfied c-nodes ὔ  is a 

jbqof` tef`e `lrkqp qeb krj_bo lc þboolkblrpÿ `-nodes, i.e., the c-nodes for which the sum of the 

connected v-nodes hard decision values and syndrome node values is different from zero (equation 

not fulfilled). In a general way, when the source is decodable, ὔ  drops between iterations until it 

is equal to zero; at that point, the SPA claims that the source is decoded. On the other hand, a source 

can be classified as un-decodable when the value of ὔ  is kept constant between SPA iterations. 

6.5.2  Early Stopping Criterion Algorithm  

With ῳὒ ὸ and ὔ ὸ, it is possible to measure the LDPC syndrome decoding convergence in a 

robust way, i.e., it is possible to discriminate between a source that is decodable and one that is un-



SLE P IAN-WOLF  COD ING  WITH  NOVEL LOW-DENS ITY  PARITY-CHE CK CODES 

 170 

decodable for a certain number of syndrome bits. Despite the robustness of these two metrics, there 

are two situations where they can fail, notably:  

× Oscillation state: In this state, ὒ  changes continuously between 0 (no variation, i.e., stuck) 

and values greater than zero (convergence) and ὔ  changes between a constant value and an 

abrupt change. In these cases, it is very difficult to predict the outcome and, thus, the early 

stopping criterion should avoid taking any decision. 

× Slow convergence: In this state, the SPA only converges after a high number of iterations, i.e., 

ὒ  is close to zero and ὔ  is kept constant for a certain number of iterations and then 

convergence occurs. In this case, the sources can be wrongly classified as un-decodable and 

the stopping criterion should also avoid taking a decision too early. 

In the design of the early stopping criterion, the two metrics proposed above are used to increase 

the robustness and a source is only considered un-ab`la^_ib tebk ^ þpqr`hÿ _be^sflo fp l_pbosba clo 

a certain amount of iterations. At the end of each SPA iteration ὸ, the following early stopping 

criterion is checked: 

1. At the first SPA iteration (ὸ π), άῳὒπ and άὔ π; when ὸ π, go to step 2. 

2. Calculate ɝὒ ὸ with (6.9). If ῳὒ ὸ ‗, increment άῳὒ; otherwise, άῳὒ πȢ 

3. Calculate ὔ ὸ with (6.10). If ὔ ὸ ὔ ὸ ρ, increment άὔ; otherwise, άὔ πȢ 

4. If άῳὒὨ or άὔ Ὠ, classify the source as un-decodable and stop the iterative SPA 

algorithm; otherwise, continue to the next SPA decoding iteration. 

The counter άῳὒ measures the number of iterations where small increments in ὒ  are observed 

and the counter άὔ measures the number of successive iterations where the number of unsatisfied 

c-nodes is kept constant. In step 1, άɝὒ and άὔ are initialized; in step 2 and step 3, the counters are 

fk`objbkqba ql fkaf`^qb ^ þpqr`hÿ ab`lafkd _be^sflo8 fc qefp _be^sflo fp j^fkq^fkba clo ^ `boq^fk mob-

determined number of iterations, the decoding of the source is terminated and more syndrome bits 

are requested in step 4. Thus, it is possible to avoid any misclassification in the oscillation or slow 

convergence states by classifying the source as un-decodable only when the non-convergence 

behavior is successively observed for a certain amount of SPA iterations. By adjusting the thresholds 

‗ and Ὠ, different tradeoffs between performance and decoding complexity can be achieved; it was 

experimentally found that ‗ πȢυ and Ὠ φ provide a good compromise between these two 

conflicting requirements. 

6.6  Performance Evaluation  

This section evaluates the performance of the LDPC Slepian-Wolf codec described in Section 6.3 with 

the novel LDPC code and rate compatible operation proposed in Section 6.4 and the early stopping 

criterion proposed in Section 6.5. The test conditions used here are the same as the ones established 

for the DISCOVER DVC codec [39], previously used in the previous chapters.  
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The four test sequences selected are the Hall Monitor, Coastguard, Foreman and Soccer sequences 

which have different characteristics, notably in terms of motion and texture. All sequences have 

QCIF spatial resolution at 15Hz. In all the experiments, a GOP size of 2 is used and only the 

luminance is coded. The key frames are H.264/AVC Intra Main profile encoded and the decoded 

video has almost constant quality for the full set of frames (key frames and WZ frames). To obtain 

the RD curve, eight RD points are considered, each one corresponding to a τ τ WZ quantization 

matrix as defined in Table 3ü1. 

The techniques proposed are evaluated in the context of two DVC codecs, both following the 

Stanford architecture, with different Slepian-Wolf coding solutions and other differences (see end of 

Section 6.3.1). Using two different DVC codecs reinforces the generic character of the IST Slepian-

Wolf codec which can be used independently of the remaining modules. The DISCOVER codec was 

used to show that the proposed LDPC code with node merging and graph condition techniques is 

better than the LDPCA code with node splitting selected for the DISCOVER codec. Then, FCTD codec 

with decoder rate control (instead of the hybrid rate control of the DISCOVER codec) was used to 

assess the entire impact in terms of RD performance and decoding complexity of the proposed early 

stopping criterion. In both codecs, the RD performance gains of the IST Slepian-Wolf codec can be 

compared to the quite popular Slepian-Wolf turbo coding solution (used here as reference). 

6.6.1  Rate-Distortion Performance  

The RD performance of the DISCOVER and FCTD video codecs with different Slepian-Wolf coding 

engines is evaluated in this section.  

DISCOVER DVC Codec  

The coding efficiency of the proposed IST Slepian-Wolf codec which includes the novel LPDC code 

design and rate compatible operation is evaluated in comparison with other competing Slepian-

Wolf codecs, such as the LDPCA and turbo codes. The DISCOVER DVC codec (described in [39]) is 

used to assess the proposed Slepian-Wolf LDPC codec since it is a well-known DVC codec which uses 

the state-of-the-art Slepian-Wolf LDPCA codec engine described in [163]. The DISCOVER DVC codec 

follows a transform-domain DVC codec architecture with uniform quantization, hybrid rate control, 

MCFI SI creation and minimum MSE reconstruction techniques. By using different Slepian-Wolf 

codecs within the DISCOVER DVC codec, various DVC codecs are obtained: 

× DISCOVER-LDPC-Merge: This DVC codec uses the IST Slepian-Wolf codec proposed in Section 

6.3 without the early stopping criterion but with the node merging rate-compatible strategy 

proposed in Section 6.4.1. The LDPC code is constructed according to the techniques in Section 

6.4.2 with ‗ὼ πȢρσρὼ πȢςφὼ πȢρψχὼ πȢρρυὼ πȢπψὼ πȢςςχὼ  and 

”ὼ  πȢρχὼ πȢψσὼ; these ‗ὼ and ”ὼ distributions were obtained from [163]. For the 

>@B ^idlofqej) qeb m^fo %a>@B) ͡>@B& : %.0) 4& t^p rpba+ 

× DISCOVER-LDPC-Split: This DVC codec uses the DISCOVER Slepian-Wolf LDPC codec (presented 

in [39]) without any change and maintains the same edge degree distributions as the proposed 
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LDPC code described in the previous item. The rate-compatible strategy corresponds to the 

node splitting technique from [91], [163]. 

× DISCOVER-Turbo: For better analysis, it makes sense to compare the proposed LDPC syndrome 

code solution with a turbo code based solution due to its high coding performance. In this 

case, the DISCOVER turbo encoder encloses two rate ϵ RSC encoders and an interleaver; the 

systematic bits produced by the turbo encoder are discarded while the parity bits are stored in 

a buffer and sent upon decoder request. The turbo decoder is composed by two soft-input soft-

output decoders implemented using the Log-MAP algorithm. This turbo coding based Slepian-

Wolf codec is similar to the ones used in previous chapters and is used here as reference for 

comparison. 

Table 6ü1 shows for the Hall Monitor, Foreman and Soccer sequences the WZ rate savings ЎὙ (in 

percentage) for the DISCOVER-LDPC-Merge codec with respect to the DISCOVER-Turbo codec, ЎὙ  

and the DISCOVER-LDPC-Split codec, ЎὙ; only the WZ rate is considered here since the key frames 

rate is the same for the three Slepian-Wolf codecs. In Table 6ü1, ὗ represents the Ὥ-th WZ 

quantization matrix associated with the Ὥ-th RD point as in previous chapters; when ὗ increases, 

the bit-rate and quality also increase.  

Table 6ð1: WZ rate saving s (in %) for  the proposed DISCOVER -LDPC-Split  code c 

regarding the DISCOVER-LDPC-Merge codec and the DISCOVER -Turbo code cs. 

╠░  
Hall Monitor Sequence 

WZ Rate [kbit/s] WZ PSNR [dB] ╡╣ [%] ╡╛ [%] 

1 9.77 31.53 17.0 6.5 

4 24.53 34.39 19.2 8.0 

6 39.10 35.94 18.4 7.5 

8 81.79 40.53 14.3 4.4 

╠░  
Foreman Sequence 

WZ Rate [kbit/s ] WZ PSNR [dB] ╡╣ [%] ╡╛ [%] 

1 22.36 28.35 10.2 2.2 

4 60.70 31.90 8.6 2.8 

6 93.53 33.16 9.8 2.0 

8 211.75 38.65 9.8 1.2 

╠░  
Soccer Sequence 

WZ Rate [kbit/s ] WZ PSNR [dB] ╡╣ [%] ╡╛ [%] 

1 36.80 27.58 9.0 1.5 

4 87.84 31.26 8.7 1.7 

6 124.97 32.35 10.2 2.2 

8 266.62 38.13 10.5 0.9 
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The rate and PSNR columns in Table 6ü1 correspond to the DVC RD performance obtained with the 

LDPC-DISCOVER-Merge codec proposed in this chapter; as expected, the same PSNR values were 

obtained for the three alternative channel code solutions since the probability of error (ὖ) is quite 

small and similar for all Slepian-Wolf codec solutions. As it can be observed in Table 6ü1, the 

proposed LDPC code (DISCOVER-LDPC-Split) with node merging allows a maximum WZ rate 

reduction of 19.2%, 10.2% and 10.5% versus the turbo code (DISCOVER-Turbo) solution, for the Hall 

Monitor, Foreman and Soccer sequences, respectively. When compared with the DISCOVER-LDPC-

Split codec, the proposed DISCOVER-LDPC-Merge solution allows WZ rate savings of up to 8%, 2.8% 

and 2.2%, for the Hall Monitor, Foreman and Soccer sequences, respectively. Notice that, between 

the DISCOVER-LDPC-Split, DISCOVER-LDPC-Merge and DISCOVER-Turbo codecs, only the Slepian-

Wolf codec changes.  

The higher WZ rate savings are obtained for the Hall Monitor sequence because the proposed LDPC 

code design has a higher efficiency when the correlation between SI and original data is medium or 

high, i.e., for medium/lower code rates (or medium/high compression ratios). Since the turbo code 

solution is parity bit based instead of syndrome based (see Section 2.4.1), the proposed LDPC code 

allows higher WZ rate savings over the turbo code solution, as shown in [183] for the general DSC 

case. Moreover, when the correlation between SI and original data is clearly low, the code rate in 

the turbo code solution can be higher than 1. However, since both LDPC code solutions use the log-

domain SPA at the decoder and the inverse of Ὄ matrix is used to recover the original data when the 

code rate is equal to 1 (ρȡρ compression ratio), it is possible to obtain the source data losslessly 

when the amount of syndromes received is the same as the source length (i.e., bit-plane size). Notice 

that, to detect successful decoding, the parity-check equations must all be satisfied and then an 8-bit 

CRC code is used to detect residual errors which guarantees a vanishing decoding error probability.  

FCTD DVC Codec  

The FCTD video codec is used here to assess the RD performance impact of the early stopping 

criterion with the proposed IST Slepian-Wolf codec; in addition, it is also included a comparison 

with the turbo code previously used in FCTD [51] and the standard H.264/AVC Intra and H.264/AVC 

zero-motion video codecs. One of the most important differences of the FCTD codec in comparison 

to the DISCOVER codec described above is the adopted rate control scheme. The DISCOVER DVC 

codec uses hybrid rate control whereas FCTD uses decoder rate control; this will mostly influence 

the decoding complexity evaluation in Sections 6.6.2 and 6.6.3. By using different Slepian-Wolf 

codecs within the FCTD codec, various DVC codecs are obtained: 

× FCTD-LDPC-Merge: This corresponds to the FCTD codec with the IST Slepian-Wolf LDPC codec 

proposed in Section 6.3 without the early stopping criterion. The node merging rate-

compatible strategy and the node degree distributions are the same as the DISCOVER-LDPC-

Merge video codec. 

× FCTD-LDPC-MergeEarly: This corresponds to the same DVC codec as described in the previous 

item, FCTD-LDPC-Merge, but with the early stopping criterion proposed in Section 6.5. Thus, 
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the RD performance impact the proposed early stopping criterion can be evaluated, in the 

context of a LDPC based high performance DVC codec. 

× FCTD-Turbo: This corresponds to the FCTD codec but with the same turbo code as the 

DISCOVER-Turbo DVC codec. Thus, the RD performances of the FCTD-LDPC-Merge and FCTD-

LDPC-MergeEarly are compared to the turbo code solution used in the previous chapters and 

in other works available in the literature [9], [40]. 

The RD performance for the three FCTD coders above is presented from Figure 6ü6 to Figure 6ü9, for 

all the four test sequences. In these results, all Intra and WZ frames are included in the evaluation. 

The following conclusions can be drawn: 

× FCTD-LDPC-Merge versus FCTD-LDPC-MergeEarly: As shown, the impact in the RD 

performance of the proposed early stopping criterion is quite small, especially for low and 

medium bit-rates. It is only possible to observe a minor loss in RD performance for the last RD 

point (high bit-rate/quality) which goes up to 0.15 dB for the Hall Monitor sequence (the worst 

result for all four test sequences). 

× FCTD-LDPC-Merge versus FCTD-Turbo: As expected, when the FCTD-LDPC-Merge codec is 

compared with the FCTD-Turbo codec, gains occur for all RD points and sequences which 

confirm the results already obtained for the DISCOVER DVC codec. The more significant gains 

(up to 0.3 dB) occur for the Hall Monitor and Coastguard sequences, mainly due to higher 

coding efficiency for low/medium correlation noise ὢ ὣ (a similar conclusion was obtained 

for the DISCOVER DVC codec). Although not shown, more significant RD performance gains 

occur for longer GOP sizes since the proportion of WZ frames increases when compared to the 

proportion of Intra frames; for GOP size 2 only half of the frames coded are WZ frames. 

× FCTD-LDPCüMerge versus H.264/AVC codecs: For all sequences except Soccer, the FCTD-LDPC-

Merge codec has a better RD performance than H.264/AVC Intra, with maximum gains of 1.5 

dB, 3 dB, 0.4 dB, for Coastguard, Hall Monitor and Foreman, respectively. For the Soccer 

sequence, the gap corresponds to a 2 dB loss in performance, mainly due to the side 

information low quality. When compared to the H.264/AVC zero-motion codec, the FCTD-

LDPC-Merge codec is only competitive for the Coastguard sequence at all bit-rates where up to 

0.5 dB gains can be observed.  
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Figure 6ð6: FCTD codec  RD Performance for the Coastguard sequence (GOP size 2).  

 

Figure 6ð7: FCTD codec RD Performance for the Hall Monitor sequence (GOP size 2).  
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Figure 6ð8: FCTD codec RD Performance for the Foreman sequence (GOP size 2).  

 

Figure 6ð9: FCTD codec  RD Performance for the Soccer sequence (GOP size 2).  
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6.6.2  LDPC Syndrome Decoder Complexity  

To assess the complexity reduction obtained for the IST Slepian-Wolf decoding process with the 

early stopping criterion, the total number of SPA iterations for each test sequence has been 

measured. With this metric, it is possible to assess the impact of the novel early stopping criteria in 

the LDPC syndrome decoder without any further external complexity contribution such as the SI 

generation, correlation noise modeling, reconstruction, etc. In Figure 6ü10 to Figure 6ü13, the total 

number of requests for the Slepian-Wolf LDPC syndrome decoder is plotted in a bar chart with and 

without the proposed early stopping criterion, i.e., for the FCTD-LDPC-Merge and FCTD-LDPC-

MergeEarly video codecs. The x-axis shows the eight RD points considered. 

Comparing the results for the LDPC syndrome decoder with and without the novel early stopping 

criterion, it is possible to observe significant savings in the total number of iterations (and thus 

decoding complexity) for all sequences and RD points. As expected, more significant savings are 

obtained for the last RD points which correspond to high qualities/bit-rates, since the LDPC decoder 

is run for a higher number of bit-planes and the correlation between the source and the SI is lower 

(and thus the number of requests is higher [51]). The best result is obtained for the Hall Monitor 

sequence where a 4.4 times reduction is observed for the last RD point. The worst result in terms of 

complexity reduction is obtained for the Soccer sequence with a 1.7 times reduction in the total 

number of SPA iterations for the first RD point. By averaging the results obtained for all RD points, 

3.44, 2.46, 2.19, 2.17 times reduction are obtained for the Hall Monitor, Coastguard, Foreman and 

Soccer sequences, respectively. In a general way, low (and regular) motion sequences (e.g., Hall 

Monitor) have a more stable decoding behavior (easier to predict) when compared to high (and 

irregular) motion sequences (e.g., Soccer) where a more instable (oscillations) behavior is observed. 

This implies larger decoding complexity reductions for more stable content and vice-versa. 
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Figure 6ð10 : Total number of SPA iterations  for the Coastguard sequence (GOP size 2).  

 

 

Figure 6ð11 : Total number of SPA iterations  for the Hall Monitor sequence (GOP size 2).  
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Figure 6ð12 : Total nu mber of SPA iterations  for the Foreman sequence (GOP size 2).  

Figure 6ð13 : Total number of SPA iterations  for the Soccer sequence (GOP size 2).  

6.6.3  Overall DVC Decoding Complexity  

The overall DVC decoding complexity was also evaluated with a simple although rather meaningful 

(if used in a relative/comparative sense) complexity metric; the decoding time for the full sequence 

in seconds. The main disadvantages of using the decoding time as a complexity metric are: i) it is 

highly dependent on the hardware/software platform; and ii) it is highly dependent on the degree 

of software optimization. However, in this case, there is a minimal impact by these two factors since 

the goal is to compare the effect of the novel early stopping criterion which as a small footprint (and 
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complexity) when compared to the whole DVC decoder, without changing the hardware platform 

and the remaining software. For these experiments, the hardware used was an x86 machine with a 

dual core Pentium D processor at 3.4GHz with 2048MB of RAM and Windows XP operating system. 

Figure 6ü14 to Figure 6ü17 show the decoding complexity measured in terms of decoding time, 

distinguishing the DVC decoder with and without the early stopping criteria, i.e., for the FCTD-

LDPC-Merge and FCTD-LDPC-MergeEarly video codecs.  

Figure 6ð14 : Decoding time(s) for the Coastguard sequence (GOP size 2).  

Figure 6ð15 : Decoding time(s) for the Hall Monitor sequence (GO P size 2).  
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Figure 6ð16 : Decoding time(s) for the Foreman sequence (GOP size 2).  

Figure 6ð17 : Decoding time(s) for the Soccer sequence (GOP size 2).  

As expected, the overall decoding complexity follows the same trend as the Slepian-Wolf decoding 

complexity presented in the previous section; thus, the conclusions taken before are also valid here, 

i.e., more significant complexity savings are obtained for the higher bit-rates and low motion 

sequences. The minimum total decoding time reduction has occurred for the first RD point of the 

Soccer sequence with a 1.66 times reduction (1.7 times in the total number of SPA iterations) of the 

DVC decoding complexity. The maximum total decoding time reduction is observed for the last RD 

point of the Hall Monitor sequence with a 3.87 times reduction (4.4 times in the total number of SPA 

iterations) due to the inclusion of the early stopping criterion. So, the overall decoding complexity 

 

 



SLE P IAN-WOLF  COD ING  WITH  NOVEL LOW-DENS ITY  PARITY-CHE CK CODES 

 182 

is significantly reduced and, thus, the main objective of the proposed early stopping criterion is 

fulfilled. As expected, the RD point and sequence where the maximum loss in RD performance was 

obtained (0.15 dB for the Hall Monitor sequence) corresponds also to the RD point where more 

significant savings in decoding complexity were achieved. This suggests that by choosing different 

values for the thresholds ‗ and Ὠ, a different balance between the decoding complexity reduction 

and the RD performance losses can be achieved with the proposed early stopping criterion 

algorithm.  

6.7  Final Remarks  

To fully exploit the potential of the Wyner-Ziv coding paradigm, it is necessary to have practical 

DVC codecs that make use of near-capacity performance error correcting codes, such as the LDPC 

codes. In this chapter, new ways to design LDPC codes for the DVC paradigm are proposed and 

evaluated. The new LDPC solutions rely on merging parity-check nodes, which corresponds to a 

reduction of the number of rows in the parity-check matrix. This allows to gracefully change the 

source compression ratio (DCT coefficient bit-plane) according to the correlation between the SI and 

original data. The proposed LDPC codes reach a good performance for a wide range of source 

correlations and achieve a better RD performance when compared to the popular turbo codes (up to 

19%). According to the experimental results, the proposed LDPC code and rate-compatibility 

strategy leads to WZ rate savings up to 8% with respect to previous LDPC state-of-the-art solutions, 

notably those using the node splitting technique. 

An efficient early stopping criteria algorithm for SPA based LDPC decoders is also proposed in this 

chapter. A minor loss in coding efficiency (0.15 dB maximum) is observed while major reductions 

(1.7 to 4.4 times) in the decoding complexity can be achieved, depending on the amount of 

correlation between SI and original data. This criterion is based on two relevant metrics computed 

at the end of each SPA iteration. As shown, it is possible to achieve significant reductions in the 

decoding complexity with negligible losses in the RD performance.  

To obtain further RD improvements, it is possible to exploit, in the decoding process, the memory 

(i.e., spatial correlation of the errors) in the correlation noise between SI and original data. This 

could be achieved by designing an LDPC Slepian-Wolf decoding algorithm for memory channels 

using finite-state binary Markov models or hidden Markov models to represent the virtual 

correlation channel, e.g., by including additional nodes to accurately model the error patterns.  

On the other hand, the proposed metrics for the stopping criterion could be used to indicate the 

most probable error locations, guiding the refinement of the side information quality (see Section 

2.4.2); this could lead to better RD performance and a tight integration between the syndrome 

decoding and the side information creation processes. 



 

 

Chapter 7   

Evaluating the IST Distributed  Video 

Codec 

7.1  Introduction  

The main purpose of this chapter is to report on the integrated DVC coded developed in the context 

of this Thesis. With this purpose, a detailed description and a complete performance evaluation of 

qeb þ_bpqÿ FST-DVC codec built is presented; significant effort was made to achieve the highest RD 

performance while considering significant complexity constraints at the encoder, i.e., less or similar 

to H.264/AVC Intra. The IST-DVC codec proposed in this chapter integrates some of the techniques 

already described in previous chapters and also techniques available in the literature which provide 

additional gains in RD performance. To obtain a solid assessment, precise and relevant test 

conditions are first defined. Afterwards, the most relevant performance metrics to evaluate the IST-

DVC codec will be used, notably the RD performance and encoder/decoder complexity. This 

evaluation shows that the IST-DVC codec developed for this Thesis is among the best available DVC 

codecs, if low encoder complexity is a strong requirement; the RD performance is consistently 

better when compared to the DISCOVER [39] and VISNET II [45] state-of-the-art DVC codecs.  

The IST-DVC codec evolved during the whole duration of this Thesis and the codec described here 

corresponds to the final version obtained. As far as the authors know, the IST-DVC has very likely 

the best DVC performance available by combining some of the techniques proposed in this Thesis 

along with other state-of-the-art techniques meanwhile proposed in the literature. It is also 

important to note that complete evaluations of DVC solutions following the Stanford architecture 

have been made in the past. In [51], Brites et al. presented a precise and detailed evaluation of the 

performance of an early IST-DVC codec, namely the overall RD performance, the quality evolution 

of the WZ frames, the bit-plane compression factors, the number of requests and the 

encoder/decoder complexity. In [39], Artigas et al. evaluated the well-known DISCOVER DVC codec 
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and [45] reports similar RD performance advances for the VISNET II DVC codec. The VISNET II DVC 

codec was developed in the context of a European network of excellence (NoE) and was the result of 

the effort of several organizations working in the field of networked audiovisual media technologies 

[184]. 

This chapter is organized as follows. Section 7.2 presents the overall IST-DVC codec architecture and 

its coding walkthrough, while Section 7.3 summarizes the novel techniques in the IST-DVC codec 

and Section 7.4 compares the IST-DVC codec with state-of-the-art DVC codecs, e.g., the DISCOVER 

and VISNET II DVC codecs. The next sections, 7.5 to 7.7, provide the test conditions, and a complete 

performance evaluation of the IST-DVC codec, namely the RD performance and the 

encoder/decoder complexity. 

7.2  IST-DVC Codec Architecture  

This section provides a brief description of the final IST-DVC codec and its encoding and decoding 

process. A simplified version of the codec architecture is shown in Figure 7ü1. 

Figure 7ð1: Simplified IST -DVC codec architecture.  

The IST-DVC encoding process is defined by the following steps: 

1. Frame classification: First, the coding process defines a GOP as the set of frames between two 

key frames plus the first key frame in this set; typically, key frames are periodically inserted, 

thus defining the GOP size. This means that each GOP has always one key frame and the 

remaining frames in the GOP are WZ frames. The adaptive GOP size selection process proposed 

in Section 3.5 may also be used; in this case, the key frames are inserted depending on the 

amount of temporal correlation in the video sequence. Most performance results available in 

the literature use a GOP size of 2, which means that odd and even frames are key frames and 

WZ frames, respectively. 
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2. Integer DCT: Over each WZ frame, an integer τ τ block-based DCT is applied. The DCT 

coefficients of the entire WZ frame are then grouped together, according to the position 

occupied by each DCT coefficient within the τ τ blocks, forming the DCT coefficient bands, 

i.e., a vector with all DCT coefficients in the same frequency (or position). 

3. Uniform quantizer: After the transform coding operation, each DCT coefficients band ὦ is 

uniformly quantized with ς  levels (where the number coded bit-planes ὓ  depends on the 

DCT coefficients band ὦ). Over the resulting quantized symbol stream, bit-plane extraction is 

performed. For each band ὦ, the quantized symbols bits of the same significance (e.g., the 

most significant bit) are grouped together, forming the corresponding bit-plane array which is 

then independently Slepian-Wolf coded (in this case LDPC coded). The distribution of the 

quantizer bins for the DC and AC coefficients used in this uniform quantizer was proposed in 

[113] by Brites and Pereira. 

4. LDPC syndrome encoder: The LDPC encoding procedure for the DCT coefficients band ὦ starts 

with the MSB array, which corresponds to the most significant bits of the ὦ band quantized 

symbols. The syndrome information generated by the LDPC encoder for each bit-plane is then 

stored in the buffer and sent in chunks/packets upon decoder request, through the available 

feedback channel. The complexity of this operation is linearly proportional to the number of 

edges defined for the LDPC code, which is low since the LDPC sparse matrix Ὄ has a low 

amount of edges. The LDPC code structure was obtained with the graph conditioning 

algorithm proposed in Section 6.4.2.  

5. CRC generator: The encoder also calculates an 8 bit CRC hash for each bit-plane and sends it to 

the decoder [87]; this will help the decoder to detect any remaining residual errors left by the 

stopping criterion computed at the LDPC syndrome decoder (step 11). 

6. H.264/AVC Intra encoder: The key frames are encoded with the efficient H.264/AVC Intra 

mode of the Main profile [2]; this means that CABAC is active and all the spatial Intra 

prediction modes (τ τ and ψ ψ) are enabled, thus achieving a good RD performance (at the 

cost of higher complexity). 

The IST-DVC decoding process is defined by the following steps: 

7. H.264/AVC Intra decoder: The key frames are decoded with the corresponding H.264/AVC 

Intra decoder and stored in a buffer for later use. 

8. Motion compensated frame interpolation: The decoder creates the side information for each 

WZ frame with the motion compensated frame interpolation framework proposed in Section 

3.4 (including the techniques proposed in Section 3.3), using the previous and next temporally 

closer reference frames. The side information for each WZ frame corresponds to an estimation 

of the original WZ frame; the better is the quality of this estimation, the smaller is the 

necessary bit-rate for successful decoding (i.e., to achieve a small error probability). The MCFI 

framework developed in the context of this Thesis is one of the best performing SI estimators 
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(notably better than the early work in [22], [23] and Section 4.5) and, thus, it contributes 

significantly to the achieved RD performance. 

9. Integer DCT: A block-based τ τ integer DCT transform is then carried out over the SI frame 

in order to obtain the SI DCT coefficients, the estimate of the WZ frame DCT coefficients.  

10. Correlation noise modeling: The residual statistics between corresponding WZ frame DCT 

coefficients and the SI DCT coefficients is assumed to be modelled by a Laplacian distribution. 

The Laplacian parameter is estimated online at the finest DCT coefficient granularity level 

using the state-of-the-art algorithm proposed in [113] by Brites and Pereira (see Section 2.4.3). 

11. LDPC syndrome decoder: Once the DCT transformed SI and the residual statistics for a given 

DCT coefficients band ὦ are known, the decoded quantized symbol stream associated to the 

DCT band ὦ can be obtained through the sum product decoding algorithm described in 

Section 6.3.2. As the decoder receives the successive chunks of syndrome bits following the 

requests made through the feedback channel, the LDPC code graph structure is modified by 

merging the appropriate check nodes as proposed in Section 6.4.1. After successfully decoding 

the MSB array of the ὦ band, the LDPC decoder proceeds in an analogous way with the 

remaining ὓ  bit-planes associated to the same band. Once all the bit-planes of the DCT 

coefficients band ὦ are successfully decoded, the LDPC decoder starts decoding the next ὦ  

band. This procedure is repeated until all the DCT coefficients bands, for which syndrome bits 

are transmitted, are decoded. Simultaneously with the LDPC syndrome decoding algorithm, 

two criteria are employed by the decoder with different objectives: 

A. Convergence criterion: To decide whether or not more syndrome bits are needed for the 

successful decoding of a certain bit-plane, the decoder checks if all LDPC code parity-

check equations are fulfilled (if true, the source is considered decoded; otherwise, the 

iterative decoding process continues). 

B. Early stopping criterion: This criterion detects the cases of un-decodable sources at an 

earlier stage of decoding, i.e., before the maximum number of iterations is reached. If an 

un-decodable source is detected, the LDPC iterative decoding process is stopped and more 

syndrome bits are requested (using the feedback channel) by the decoder. This criterion 

was proposed in Section 6.5 and allows a significant reduction of the decoding complexity 

and latency. 

12. CRC check: Because some residual errors are left when the convergence criterion of the 

previous step is fulfilled, and these errors may have a rather negative subjective impact on the 

decoded frame quality, a CRC check sum is transmitted to help the decoder detecting any 

remaining errors in each bit-plane. This technique was proposed by Kubasov et al. in [87]. 

Since this CRC is combined with the convergence criterion, it does not have to be very strong 

to guarantee a vanishing error probability (å 0) for each decoded bit-plane. As a consequence, 

a CRC-8 check sum for each bit-plane was found to be strong enough for this purpose which 

only adds minimal extra rate (8 bits) for each decoded bit-plane. Thus, if the decoded bit-plane 

has the same CRC checksum that the encoder CRC checksum, the decoding is declared to be 
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successful and the decoding of another band/bit-plane can start; otherwise, more syndrome 

bits are requested and the LDPC decoding process starts again (step 11). 

13. Reconstruction: After LDPC decoding the ὓ  bit-planes associated to the DCT band ὦ, the bit-

planes are grouped together to form the decoded quantized symbol stream associated to the 

ὦ band. This procedure is performed over all the DCT coefficients bands for which WZ bits are 

transmitted. The reconstruction corresponds to the inverse operation of the quantization and 

exploits the SI DCT coefficients and all LDPC decoded symbols (quantization bins/intervals). 

The reconstruction creates the matrix of decoded DCT coefficients for each block; this process 

is performed iteratively for each SI refinement (step 15). The reconstruction solution used by 

the IST-DVC codec has been proposed by Kubasov et al. in [118] and corresponds to an optimal 

MSE-based estimation using closed-form expressions derived for a Laplacian correlation model 

(see Section 2.4.5 for more details). The DCT coefficients bands for which no WZ bits were 

transmitted are simply replaced by the corresponding DCT SI bands (no MSE-estimation is 

performed). 

14. Inverse DCT: After, a block-based τ τ integer IDCT is performed and the reconstructed pixel 

domain WZ frame is obtained.  

15. Motion refinement: After the IDCT, a partially decoded WZ frame becomes available at the WZ 

decoder, i.e., a decoded frame with an enhanced quality when compared to the initial SI frame 

(since some bit-plane errors have been corrected). This partially decoded frame can be 

exploited to enhance the side information using shifted blocks in the initial SI frame itself 

rather than searching again in the key frames. This process is performed before the decoding 

of each AC band, after the Slepian-Wolf decoding of all the previous band bit-planes. With the 

improved SI transform coefficients, CNM, LDPC syndrome decoder, reconstruction and IDCT 

(steps 10-14) are performed again to obtain a higher quality decoded frame, until all DCT bands 

are decoded. After the decoding of all DCT bands, motion refinement (and reconstruction) is 

performed one last time to improve the quality of the un-coded DCT coefficients (for which no 

syndrome bits were received). The motion refinement (MR) is proposed in this chapter, in 

Section 7.3.1. 

16. De-blocking filter: To further improve both the subjective and objective qualities of the WZ 

decoded frames, a decoder side adaptive de-blocking filter is inserted in the side information 

motion estimation loop as an in-loop de-blocking filter (ILDF), i.e., the frame generated by the 

filter is used as reference in the SI generation process (only relevant for GOP sizes greater than 

2). This technique is based on the well known H.264/AVC de-blocking filter with the 

computation of the boundary strength and filter parameters adapted to the DVC context. The 

de-blocking filter is proposed in this chapter, in Section 7.3.2. 

17. Frame remixing: Finally, to get the decoded video sequence, decoded key frames and WZ 

frames are appropriately mixed.  

For most of the modules described above, the IST-DVC codec and the associated integrated software 

have adopted advanced solutions, either proposed within the objectives of this Thesis or proposed 
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in the literature by other research groups. For the IST-DVC codec, the target was clearly to reach the 

best possible RD performance without compromising the encoder complexity. Thus, the techniques 

proposed in Chapter 4 and Chapter 5 are not included in IST-DVC since they increase the encoder 

complexity (although not significantly) in the creation of hash bits or Intra blocks; however, some 

RD improvements (at least for high motion sequences and long GOP sizes) can be expected with the 

integration of these techniques in the IST-DVC codec at the cost of higher encoder complexity. 

It is important to stress that the IST-DVC codec does not show any of the limitations that are many 

times still present in DVC solutions in the literature [20], notably those adopting the Stanford DVC 

codec architecture [9]. This means, for example, that original frames are never used at the decoder, 

for SI creation, to estimate the bit-plane error probability or to estimate the CNM parameters for 

LDPC syndrome decoding. The IST-DVC codec is a fully practical video codec for which a realistic 

performance evaluation is presented in Sections 7.6-7.7. 

7.3  Additional IST -DVC Decoding Techniques  

As described in the previous section, most of the techniques chosen for the IST-DVC codec were 

proposed or described in previous chapters and, thus, their description is not repeated here; 

however, the IST-DVC codec also includes two novel techniques which were developed in a joint 

work with colleagues from the same institution (IST): the motion refinement [34] and the de-

blocking filter [36] techniques which are described in the following. 

7.3.1  Motion Refinement  

The motion refinement technique works at the block level (as the MCFI) and improves the SI quality 

along the decoding of the DCT coefficient bands, instead of keeping it unchanged; MR makes use of 

the already decoded DCT coefficients (an approximation of the original WZ DCT coefficients) since 

they provide information that was not available at the time the initial side information was 

estimated. Moreover, the information learnt with all the decoded DCT bands is also used to improve 

the SI quality for the bands which were not corrected (syndrome bits were not sent) further 

improving the quality of the final decoded frame. 

The MR starts after decoding all the bit-planes of the first DCT band, the DC band. The MR 

framework improves some SI blocks before the decoding of the remaining DCT bands, in order to 

obtain RD improvements. Figure 7ü2 illustrates the sequence of numbered modules of the MR 

framework. In Figure 7ü2, ὣ  corresponds to the initial (obtained by MCFI) side information, Ὑ  to 

the decoded frame using the already decoded ὦ ρ DCT bands, +  to the DCT coefficients refined 

in the previous band and +  to the final side information refined DCT coefficients that are used in 

the correlation noise model, reconstruction modules and the next refinement for band ὦ. Each of 

the modules is explained in detail in the next sections. 
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Figure 7ð2: Motion refinement architecture and walkthrough.  

Block Selection for Refinement  

The first module %i^_biba tfqe þ.ÿ fk Figure 7ü2) corresponds to the selection of the SI blocks that are 

going to be refined. In principle, a block should be refined if the side information for the DCT 

coefficients previously decoded was not very accurate, i.e., the initial guess provided by the MCFI 

technique has a low quality. The block selection is performed for each τ τ ὲ-th block and band ὦ, 

and defines the candidate blocks for refinement according to: 

ὣ ὼȟώ Ὑ ὼȟώ ‘ ȟ (7.1) 

where ὼȟώ are the pixel coordinates inside the τ τ block, ‘ is a fixed threshold, ὣ  is the initial 

side information collocated block, and Ὑ  corresponds to a partial decoded block (pixel domain) 

obtained after applying the reconstruction algorithm and the integer IDCT to the τ τ ὲ-th block, 

using the ὦ ρ Slepian-Wolf decoded bands already obtained; the DCT bands not yet decoded 

(above or equal to ὦ) are copied from the initial side information ὣ  obtained through MCFI. If the 

sum of squared errors calculated in the left side of (7.1) is equal to or exceeds the threshold ‘ then 

the block under consideration is improved in terms of quality; otherwise, it is not considered in the 

next MR framework modules. The sum of squared errors calculated in (7.1) attempts to represent 

the real error between the initial side information ὣ  and the original frame ὢ , since Ὑ  

corresponds to an approximation of ὢ , that will become more accurate as decoding proceeds. 

Typically, when ὣ  is very different from Ὑ , a high amount of errors had to be corrected in the 

previous ὦ ɀ ρ bands by the Slepian-Wolf decoder and reconstruction modules, i.e., ὣ  corresponds 

to a block with low quality and, thus, it must be refined. After extensive experiments, it was found 

that ‘ ρππ is a good trade-off value in terms of the decoder complexity and RD improvements.  

Candidate Blocks Searching  

The second module in the MR framework (labeled with 2 in Figure 7ü2) determines the candidate 

(reference) blocks that will be used to create the new side information for each block to be refined. 

For each τ τ ὲ-th block selected in the previous module, the search for candidate blocks proceeds 

as follows:  
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1. Candidate blocks identification: The candidate blocks to refine the side information are all 

blocks within a window with size ςύ ρ centered in each block. After experiments, ύ τ 

was considered a good trade-off between RD performance and complexity. 

2. Matching error computation: For each ὲ-th block and band ὦ, it is calculated the matching 

error ὛὛὈ ὨȟὨ  between the previous reconstructed block Ὑ  and each SI candidate 

block ὣ  according to: 

ὛὛὈ ὨȟὨ Ὑ ὼȟώ ὣ ὼ Ὠȟώ Ὠ  ȟ (7.2) 

where ▀● and ▀◐ correspond to the displacement of each candidate block within the window 

as defined in the previous step. 

3. Candidate blocks filtering: To avoid dealing with candidate blocks which do not significantly 

improve the already available side information, the matching error computed in (7.2) must be 

below the sum of squared errors regarding the collocated block in the initial side information 

block with a penalty term ὖ: 

ὛὛὈ ὨȟὨ ὛὛὈ πȟπ ρ ὖ ×ÉÔÈ ὖᶰπȟρ Ȣ (7.3) 

After experiments, ╟ Ȣ was considered a good solution in terms of decoder complexity 

and RD performance trade-off. Only the candidate blocks that fulfill the condition in (7.3) are 

considered in the remaining of the SI refinement process (next module). 

Refined Side Information Creati on   

In this MR module %i^_biba tfqe þ0ÿ fk Figure 7ü2), the new SI frame for the next decoded band is 

calculated based on the weights ‍ computed as: 

‍ ὨȟὨ
ρ

ὛὛὈ ὨȟὨ
 Ȣ (7.4) 

The weights calculated for each candidate block according to (7.4) express a confidence value 

inversely proportional to the matching error calculated in (7.3) since lower errors imply that the 

block is a better candidate and the opposite is also true. Then, the refined side information ὣ  can 

be calculated through a normalized and weighted mean (7.5), assuming that the weights calculated 

in (7.4) accurately represent the quality of each candidate block. This solution can be understood as 

overlapped block motion compensation (OBMC) and provides better quality than just using a single 

candidate block (typically the best one). 

ὣ ὼȟώ
В В ὣ ὼ Ὠȟώ Ὠ ‍ ὨȟὨ

В В ‍ ὨȟὨ
 Ȣ (7.5) 

After ὣ  is obtained, a new SI estimate is available only for the blocks selected in the first  module of 

the architecture (see Figure 7ü2) or blocks that have more than one candidate block available after 
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the filtering operation in step 3 (second module) above; notice that the collocated SI block 

ὨȟὨ πȟπ is always selected in (7.3) and thus if it is the only candidate block remaining, the 

side information for that block is also kept unchanged. For the remaining blocks, the side 

information is kept unchanged, i.e., it corresponds to the side information obtained in the previous 

iteration ὣ . Therefore, for each ὣ  improved block, a integer DCT transform is applied to obtain 

the +  DCT coefficients; for the remaining blocks, the DCT coefficients calculated in the previous 

iteration for +  are used. Notice that these DCT coefficients may correspond to the initial side 

information frame ὣ  created by frame interpolation or to refined DCT coefficients +  in a 

previously decoded band ὦ ρ. All the side information coefficients (refined or not) are denoted as 

+  as shown in Figure 7ü2 and are used for decoding the next band. If better SI quality was 

obtained, a lower rate should be spent for the next DCT coefficient band, improving the overall RD 

performance. 

After decoding all the quantized DCT bands, the SI refinement (modules 1 to 3 in Figure 7ü2) is also 

applied to the bands for which no WZ bits were sent, creating refined DCT coefficients for the un-

coded bands; thus, it is exploited what was learned with all the decoded DCT bands. For these un-

coded DCT bands, MR only brings quality gains since the refined coefficients are only used by the 

reconstruction module (LDPC syndrome decoding is not performed). For the un-coded DCT bands 

the reconstruction function just copies the refined DCT coefficients, then all the reconstructed DCT 

coefficients (for the coded and un-coded bands) are converted to pixel domain by the integer IDCT. 

Figure 7ü3 shows an example of the side information PSNR gains obtained by calculating the side 

information quality before and after the MR. Although some specific frames show small PSNR losses, 

these rarely happen and are usually negligible regarding the overall gains presented. Notice that SI 

quality gains, typically, do not directly correspond to similar quality gains for the final decoded WZ 

frames. 

Figure 7ð3: Side Information quality improvement due to the MR technique for the 

Foreman sequence QCIF, 15Hz, GOP size 8 and ╠ . 
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7.3.2  De-blocking Filter  

In predictive video coding, the quantization of the DCT coefficients and motion compensation are 

the main causes identified for the blocking artifacts that may appear in the decoded video sequence 

[185]. The importance of this type of artifacts has led to the inclusion of an in-loop de-blocking filter 

in the H.264/AVC video coding standard [186] that is able to significantly improve the subjective 

video quality and (sometimes) even obtain objective RD performance gains. In transform domain 

DVC, blocking artifacts may also appear at the block boundaries. In this context, a novel adaptive 

ILDF for DVC was developed, based on the available literature for predictive video coding de-

blocking filtering, with the same objective: improvement of the subjective (and objective) image 

quality by removing the blockiness of the decoded WZ frames. 

As for all available de-blocking filtering approaches, it is important that the filter is able to 

distinguish between true edges in the image (the ones that should not be filtered) and the coding 

artifacts that appear because of the used codec and coding parameters (the ones that ideally should 

be filtered or removed). In DVC, the blocking artifacts usually appear on some particular zones of 

the sequence, notably the regions where the side information (previously obtained by MCFI) was 

corrected by the SlepianüWolf decoder. The ILDF proposed for the IST-DVC codec (see Section 7.2) 

adapts the well-known H.264/AVC de-blocking filter to a DVC context by re-defining some 

parameters that control the filter operation, namely the boundary strength and the maximum 

filtering  parameters. Note that some parameters of the H.264/AVC de-blocking filter, such as the 

boundary strength, cannot be computed in DVC coding in the same way since they depend on the 

block coding mode (Intra or Inter) or coding residuals that cannot be computed at the DVC decoder.  

H.264/AVC De-blocking Filter  

The H.264/AVC de-blocking filter is applied in the coding loop at the encoder and decoder in order 

to improve the subjective video quality; however, compression efficiency improvements are also 

obtained since filtered data is further used for MCP. The H.264/AVC de-blocking algorithm is 

adaptive at the slice, boundary (block-edge) and sample levels and has two primary filtering modes: 

strong and default filtering; these modes are selected based on the boundary strength (ὄί) 

parameter. The boundary strength ὄί assumes a value between 0 and 4, where 0 corresponds to no 

filtering and 4 to the strongest filtering. The value of ὄί depends on the modes and coding 

conditions of neighboring blocks and is calculated for every boundary between two adjacent τ τ 

luminance blocks. Table 7ü1 shows the block modes and conditions along with the corresponding 

boundary strength ὄί and filtering mode. 

The H.264/AVC de-blocking filter also analyzes the sample values across every boundary in order to 

be adaptive at the sample level. When boundaries have ὄί π, parameters ‌ and ‍ are calculated 

based on the quantization parameters (QP) of neighboring blocks and are used to determine which 

samples that lie in a line of samples that span two neighboring τ τ blocks (perpendicular to the 

boundary) are filtered or not. Since ‌ and ‍ depend on QP, the filtering strength is proportional to 

the quality of the reconstructed image before the filtering process, i.e., boundaries with a higher 
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gradient (high variation in sample values) are filtered when QP is high (more coding artifacts). 

Another component of the filter capacity to adapt is the limitation on the maximum amount of 

filtering that can be performed by the using the clipping value ὧ, see [186]. The de-blocking filter 

can also be adjusted at the slice-level by transmitting encoder chosen offsets that are used to adjust 

the values of ‌ and ‍ used in the filtering process. Thus, it is possible to optimize the decoded 

subjective quality according to some non-normative technique overriding the default filter 

behavior. 

Table 7ð1: H.264/AVC boundary strength parameter calculation [186] . 

Block modes and conditions (in evaluation order) ║▼ Filtering mode 

One of the blocks is Intra and the boundary is a macroblock edge 4 Strong 

One of the blocks is Intra 3 Default 

One of the blocks has coded residuals 2 Default 

Difference of block motion Ó 1 luminance sample difference 1 Default 

Motion compensation from different reference frames 1 Default 

Else 0 No filtering 

The H.264/AVC de-blocking filter is applied first to the vertical and then to the horizontal 

boundaries of τ τ chroma or luma blocks in a macroblock which are filtered in raster-scan order 

across each image. Depending on the parameters ὄί, ὧ, ‌, ‍ and QP it is decided which samples 

across the boundary are filtered and how the filtered values are calculated, check [186] for the 

complete filter description. 

Boundary Strength Computation for DVC Coding  

In DVC, the main blocking artifact sources correspond to the low quality SI blocks, i.e., blocks for 

which the MCFI process has failed. A simple metric to assess the SI block quality at the decoder is 

the amount of corrections made by the Slepian-Wolf decoder at the bin (symbol) level, i.e., when the 

decoded bin is not the same as the side information bin or when, at least one side information bit (of 

a bin) has been corrected. When the amount of corrections increases, the SI quality decreases, 

bringing the decoded quality down (especially at low bit-rates) and creating block artifacts between 

adjacent blocks. Thus, one of the criteria chosen to determine the boundary strength is based on the 

correction decision for DCT band ὦ on a given ὲ-th block, ὅ , that can be calculated by: 

ὅ
ρȟ ὗ +א

πȟ ὗ +א
 Ȣ (7.6) 

In (7.6), ὗ  is the decoded bin obtained by Slepian-Wolf decoding of band ὦ, +  is the side 

information (DCT domain) coefficient of band ὦ and block ὲ and א+  is the quantized symbol 

(bin) of +  with the same number of bit-planes as ὗ . When the side information value lies outside 

the limits imposed by the decoded bin ὗ , it is assumed that a correction was made by the Slepian-
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Wolf decoder (ὅ ρ; otherwise, it is assumed that +  had no error and, thus, no correction was 

made (ὅ π. Thus, the total amount of corrections ‪  for block ὲ can be computed as: 

‪ ύὅ ȟ (7.7) 

where ύ  is the weight (normalized) associated to each DCT band ὦ, defined as a function of the 

number of quantization levels ὲ used for band ὦ. Since the HVS is more sensitive to differences in 

the lower frequencies than in the higher frequencies, stronger filtering should be applied when 

changes occur in the lower frequency bands. Thus, the weights are given by: 

ύ
ὲ

В ὲ
 Ȣ (7.8) 

In addition, the boundary strength should also depend on the texture characteristics of each block, 

especially because the HVS is more sensitive to differences between two DC-like (smooth) adjacent 

blocks than between two highly textured adjacent blocks. Accordingly, the second criterion to 

determine the boundary strength considers the block variance „  of each block: 

„
ρ

ρφ
ɢὭȟὮ ɢὭȟὮ  ȟ (7.9) 

where ɢ represents the ὲ-th block luminance values. Then, a block smoothness parameter … can be 

calculated as: 

…
ρȟ ÉÆ „ υπ
πȟ ÏÔÈÅÒ×ÉÓÅ

 Ȣ (7.10) 

With (7.10), it is possible to decide if the block is DC-like (smooth) or not; the calculation of 

parameter … in (7.10) is linked to the boundary strength which must increase when neighboring 

blocks have low variance.  

Now that two criteria have been established, the boundary strength ὄίόȟὺ for each pair of blocks 

όȟὺ can be adaptively calculated (without pre-determined values as in H.264/AVC) with a fine 

granularity based on the amount of corrections (‪) and the blocks smoothness (…): 

ὄίόȟὺ πȢρτ ὖ
‪ ‪

ς
ρ ὖ

… …

ς
 ȟ (7.11) 

where ὖ expresses the relative importance given to the average of the parameters ‪ regarding the 

average of the parameters …. After extensive experiments, ὖ was set to 0.9, meaning that 90% of the 

boundary strength is determined by the average of the parameters associated to the number of 

corrected DCT bands and the rest (10%) is determined by the average of the parameters associated 

to the block variance. In (7.11), the 0.14 constant factor defines the maximum value that ὄί may 
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assume; it was adjusted so that the maximum filtering allowed is the same as for the H.264/AVC de-

blocking filter (in average). When the boundary strength calculated with (7.11) is high, the number 

of corrections made in the DCT bands of both blocks όȟὺ is also high and increases even more 

when the variances of the two blocks όȟὺ are low. 

De-blockin g Filter Operation  

As in the H.264/AVC standard, de-blocking filtering is performed in raster-scan order throughout 

the decoded frame blocks, with horizontal filtering of the vertical τ τ boundaries performed first, 

followed by vertical filtering (of the horizontal τ τ boundaries). The de-blocking filtering works 

for each pair of adjacent blocks ό and ὺ as follows: 

1. Compute the parameters ‪ with (7.7) and … with (7.10) for blocks ό and ὺ. 

2. Compute the boundary strength ὄί between the two blocks ό and ὺ as in (7.11). 

3. Select the filtering mode to apply, with the following criterion: 

άόȟὺ

(ȢςφτȾ!6# ÓÔÒÏÎÇ ПÉÌÔÅÒÉÎÇȟ ÉÆ ὄ όȟὺ ‗

(ȢςφτȾ!6# ÄÅÆÁÕÌÔ ПÉÌÔÅÒÉÎÇȟ ÉÆ π ὄ όȟὺ ‗  
.Ï ПÉÌÔÅÒÉÎÇȟ ÏÔÈÅÒ×ÉÓÅ

ȟ (7.12) 

where ‗ is a pre-defined threshold and άόȟὺ is the filtering mode; after extensive subjective 

and objective experiments, it was found that ‗ πȢπχ is a good choice. 

4. If the default filtering mode is chosen, the maximum amount of filtering, also known as 

clipping value ὧ, is calculated as: 

ὧόȟὺ ὄ όȟὺ ς ρ Ȣ (7.13) 

5. Apply the H.264/AVC de-blocking filter with the filtering mode άόȟὺ computed in step 3, 

the boundary strength parameter ὄίόȟὺ computed in step 2 and the clipping value ὧόȟὺ 

computed in step 4. 

6. Finally, after the whole decoded frame is processed, and to prevent over-filtering, the DCT 

coefficients of the filtered frame are checked using a simple procedure: if the new filtered 

coefficients are outside the decoded bins, their value is clipped to the limits of their respective 

bins. 

Concluding, the IST-DVC ILDF is adaptive at the block and sample level. The boundary between two 

blocks may be filtered or not depending on the number of corrections made by the SlepianüWolf 

decoder in both blocks and their variance, i.e., according to the ὄί value. In addition, the filtering 

mode (strong or default) and the maximum amount of filtering defined by ὧ are calculated 

adaptively for each boundary according to ὄί and QP. Furthermore, some lines of samples may not 

be filtered according to the conditions established by the H.264/AVC de-blocking filter (which 

depend on the sample values, QP, ‌ and ‍ parameters), thus providing adaptation at the sample 

level. Figure 7ü4 shows results obtained for the IST-DVC ILDF for the Foreman and Hall Monitor 

QCIF@15 Hz sequences.  
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No de-blocking filter With de-blocking filter 

  

a) PSNR=25.77 dB, SSIM=0.6780 b) PSNR=26.45 dB, SSIM=0.73380 

  

c) PSNR=27.51 dB, SSIM=0.8075 d) PSNR=28.07 dB, SSIM=0.8439 

Figure 7ð4: ILDF examples: all results are for GOP size 8 and ╠ . a-b) Hall Monitor, frame 

24; c -d) Foreman, frame 46.  

Comparing the decoded frame with no filtering and the decoded frame with filtering, it can be 

observed that a substantial amount of blocking artifacts were successfully removed, clearly 

improving the subjective quality of the WZ frame. Besides the subjective quality improvement, the 

examples shown in Figure 7ü4 also indicate that both the PSNR and structural similarity (SSIM) [187] 

objective quality metrics have increased by using the proposed filter. 

7.4  IST-DVC Codec versus State -of -the -art DVC Codecs  

The IST-DVC codec presented in Section 7.2 represents the main outcome of this Thesis; the 

proposed IST-DVC codec maintains much of the Stanford architecture originally proposed in [9], [20] 

intact, while proposing several novel and improved techniques to reach the best possible RD 

performance for low encoder complexity. The IST-DVC codec also represents well the advances that 

have been achieved after several years of research work by the community on distributed video 

coding since other efficient state-of-the-art techniques meanwhile developed (e.g., the minimum 
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MSE reconstruction) were also included in the IST-DVC codec to reach a rather powerful DVC 

solution. 

In addition, the IST-DVC codec integrates techniques for the first time used together and, thus, 

brings substantial advances in comparison to other relevant DVC codecs, such as the DISCOVER DVC 

[39] or VISNET II DVC [45] codecs, notably in terms of RD performance gains and complexity 

reduction. Notice that some techniques proposed in this Thesis were not included in the final IST-

DVC codec to obtain a rather clean and efficient DVC codec where maximum RD performance is 

reached with a minimum encoder complexity, and not simply a patchwork of tools.  

Table 7ü2 and Table 7ü3 show the most important video coding techniques that were integrated at 

the encoder and decoder sides in the initial Stanford transform domain DVC [20], DISCOVER [39], 

VISNET II [45] and IST-DVC codecs; these tables should allow to easily check the differences and, 

thus, the evolution made.  

Table 7ð2: Techniques integrated at the encoder side in the initial Stanford DVC codec 

[20] , IST-DVC, DISCOVER and VISNET II DVC coders.  

Modules 
Initial Stanford 
DVC codec [20] 

DISCOVER DVC 
codec [39] 

VISNET II DVC 
codec [45] 

IST-DVC codec 

GOP size Fixed Fixed/adaptive Fixed/adaptive Fixed/adaptive 

DCT transform 4×4 DCT 
H264/AVC 4×4 
integer DCT 

H264/AVC 4×4 
integer DCT 

H264/AVC 4×4 
integer DCT 

Quantization Uniform scalar 
Scalar uniform with 

dead-zone (AC 
coefficients) 

Scalar uniform with 
dead-zone (AC 

coefficients) 

Scalar uniform with 
dead-zone (AC 

coefficients) 

Key frame codec H.263+ Intra H.264/AVC Intra H.264/AVC Intra H.264/AVC Intra 

Slepian-Wolf 
codec 

Turbo parity codes 
LDPC-split 

syndrome codes 
Turbo parity codes 
+ pre-interleaver 

LDPC-merge 
syndrome codes 

Hybrid rate 
control 

No Yes No No 

When compared to the initial Stanford DVC codec, the starting point of this Thesis, all initial codec 

modules were improved. The IST-DVC technical advances can also be classified in two main types 

regarding the initial Stanford TD-DVC codec [9], [20]:  

1. Architectural advances: Correspond to adding a new module with a novel functionality. The 

de-blocking filter, motion refinement, adaptive GOP size, CRC error detection and early 

stopping criterion techniques fall into this category. 

2. Improved techniques: Correspond to the improvement of an already existing module and 

functionality, e.g., integer DCT or quantization. As observed, all modules that were defined in 

the initial Stanford TD-DVC codec were improved in order to obtain: i) better RD performance, 

e.g., reconstruction and SI creation; ii) a realistic DVC codec, e.g., correlation noise modeling 

and error detection at the decoder without using the original data. 
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Table 7ð3: Techniques integrated at the deco der side in the initial Stanford DVC codec 

[20] , IST-DVC, DISCOVER and VISNET II DVC coders.  

Modules 
Initial Stanford 
DVC codec [20] 

DISCOVER DVC 
codec [39] 

VISNET II DVC 
codec [45] 

IST-DVC codec 

Side information 
creation (frame 
interpolation) 

Symmetrical + 
overlapped ME with 
spatial restrictions 

2-level hierarchical 
ME + spatial 

smoothing + search 
range adaptation + 
sub-pel accuracy 

2-level hierarchical 
ME + spatial 

smoothing + search 
range adaptation 

3-level affine model + 
smoothness 

constraints + search 
range adaptation + 
spatial smoothing 

Correlation noise 
model 

Offline at the 
sequence level 

Online at the 
coefficient level 

Online at the 
coefficient level 

Online at the 
coefficient level 

Error detection 
Using originals at 

the decoder 
CRC + parity check 

CRC + stopping 
criterion 

CRC + parity check 

Early stopping 
criterion 

No No No Yes 

Reconstruction 
Clipping towards 
the bin boundary 

Minimum MSE Minimum MSE Minimum MSE 

Motion 
refinement 

No No 
Yes [only in 

reconstruction] 
Yes 

De-blocking filter No No Yes Yes 

As shown in both tables in detail, the IST-DVC codec has several novel modules, such as the de-

blocking filter and the LDPC-merge Slepian-Wolf decoder when compared to the DISCOVER and 

VISNET II DVC codecs, respectively. In summary, the IST-DVC codec not only includes the best 

techniques from each of the state-of-the-art DVC codecs but also novel advanced techniques which 

in combination, should allow to obtain the best RD performance under encoder complexity 

constraints. 

7.5  Test Conditions  

In a similar way to previous chapters, the following test conditions, corresponding to those adopted 

for the DISCOVER DVC codec, were defined for all final IST-DVC experiments: 

× Video sequences: Foreman, Hall Monitor, Coastguard and Soccer (all frames). 

× Spatial and temporal resolution: QCIF@15Hz. 

× GOP size: 2, 4 and 8. 

× Key frame coding: The key frames are encoded with the H.264/AVC Intra Joint Model (JM) 9.6; 

the Main profile was selected since it allows obtaining the best performance, even with some 

complexity cost (especially due to the CABAC entropy encoder). 

× Quantization: The quantization parameters for the key frames are defined in Table 7ü4. The 

quantization parameters were found using an iterative process stopping when the average 
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quality (PSNR) of the WZ frames is similar to the average quality of the Intra frames 

(H.264/AVC Intra encoded). 

× Rate-distortion points: Eight RD points ὗ are tested corresponding to the various τ τ 

quantization matrices presented in Chapter 3, Table 3ü1. The ὗ RD point corresponds to the 

lower bit-rate/quality RD point and ὗ  to the highest bit-rate/quality RD point. 

Table 7ð4: Key frames quantization parameters  for each RD point ╠░. 

 ╠  ╠  ╠  ╠  ╠  ╠  ╠  ╠  

Hall Monitor 37 36 36 33 33 31 29 24 

Coastguard 38 37 37 34 33 31 30 26 

Foreman 40 39 38 34 34 32 29 25 

Soccer 44 43 41 36 36 34 31 25 

To evaluate the performance of the proposed DVC tools, RD plots for all frames of all sequences 

above are shown. These test conditions are only focused on the evaluation of the error free 

performance of the IST-DVC codec. However, the error resilience performance of the IST-DVC codec 

has also great importance since transmission over error prone channels (e.g., wireless networks) is 

sometimes unavoidable; in [46], the DVC codec error resilience performance for packet networks 

was evaluated for an early version of the VISNET II DVC codec. 

The IST-DVC codec RD performance is compared with the corresponding RD performance of four 

relevant video coding solutions, sharing one important characteristic: the expensive ME task is not 

performed at the encoder and, thus, they can be classified as þlow encoding complexityÿ. The four 

video coding solutions used for benchmarking are: 

× H.264/AVC Intra: One of the most efficient standard based Intra coding solutions 

corresponding to the H.264/AVC standard in Main profile using only the Intra mode. Note that 

the spatial correlation in H.264/AVC Intra is efficiently exploited with several τ τ and 

ρφρφ Intra prediction modes (a feature missing in the independently encoded WZ frames of 

the IST-DVC codec) and the CABAC arithmetic encoder, naturally at the cost of some additional 

complexity, especially when compared to the IST-DVC solution. 

× H.264/AVC zero-motion: Another relevant benchmark is the H.264/AVC Main profile 

bumilfqfkd qeb qbjmlo^i obarka^k`v tfqe ^k F?ć?F qbjmlo^i mobaf`qflk pqor`qrob _rq tfqelrq 

performing motion estimation. Since the H.264/AVC motion estimation is the most 

computationally expensive encoding task with several hundred of prediction modes, reference 

frames and partitions, the encoder complexity is significantly reduced. 

× DISCOVER DVC codec [39]: The DISCOVER (DIStributed COding for Video sERvices) codec is one 

the best performing DVC codecs available in the literature. It corresponds to a European 

project effort of two years devoted to the advancement of distributed video coding, resulting 

in a complete DVC codec architecture and a set of associated techniques. The DISCOVER DVC 

codec was the first comprehensive effort towards a fully practical video coding system, with 
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many novel or improved techniques to enhance the RD performance or to cope with problems 

associated to on-line estimation of parameters (e.g., correlation noise, error detection). 

× VISNET II DVC codec [45]: The VISNET II DVC codec achieves very high RD performance thanks 

to the efficient combination of many state-of-the-art coding techniques into a fully practical 

video codec. The VISNET II DVC codec was developed in the VISNET II NoE and is the outcome 

of an intensive collaboration effort. Experimental results show that the VISNET II DVC codec 

outperforms H.264/AVC Intra for sequences with coherent motion and provides better results 

compared to the DISCOVER DVC codec. 

In the next sections, a detailed evaluation of the IST-DVC codec is performed, notably in terms of RD 

performance (Section 7.6) and video codec complexity of both the encoder and decoder (Section 

7.7). 

7.6  RD Performance Evaluati on  

This section reports the IST-DVC RD performance for the selected video test sequences, according to 

the test conditions described in the previous section. The IST-DVC codec is evaluated by comparing 

its RD performance with relevant alternative standard video coding solutions such as H.264/AVC 

Intra and H.264/AVC zero-motion, and state-of-the-art DVC codecs such as the DISCOVER and 

VISNET II DVC solutions, for the most commonly used test conditions in the literature (see previous 

Section). The RD performance charts shown regard: Figure 7ü5 to Figure 7ü8 results for GOP size 2, 

from Figure 7ü9 to Figure 7ü12 results for GOP size 4 and from Figure 7ü13 to Figure 7ü16 results for 

GOP size 8. From these results, the following conclusions may be drawn: 

× IST-DVC codec versus H.264/AVC Intra codec: In this case, the IST-DVC codec is compared to 

the best performing standard (video) Intra codec available, the H.264/AVC Intra codec. The 

IST-DVC RD performance is consistently better than the H.264/AVC Intra RD performance with 

the exception of content with highly complex motion, such as the Soccer sequence. For low 

motion content, such as the Hall Monitor video surveillance sequence, the IST-DVC codec has 

consistent gains over H.264/AVC Intra for all GOP sizes; these gains go up to 6.2 dB for GOP size 

8. In addition, gains up to 2.5 dB (GOP size 4) are achieved for the Coastguard sequence when 

compared to H.264/AVC Intra (gains are also consistent for all GOP sizes). For the Foreman 

sequence, gains are obtained for GOP sizes 2 to 4, with a maximum gain of 1 dB for GOP size 2. 

However, the Soccer sequence (and the Foreman sequence with GOP size 8) has lower 

performance when compared to H.264/AVC Intra; in this case, the difficulty is to obtain good 

quality SI for high motion sequences, notably for large GOP sizes. These results are quite 

encouraging since for a significant amount of (sequence@GOP size) scenarios, the IST-DVC RD 

performance outperforms the more complex H.264/AVC Intra codec; the higher H.264/AVC 

Intra encoding complexity when compared to the IST-DVC codec (see Section 7.7) is mainly 

due to the several spatial prediction modes, RD optimization and the CABAC advanced entropy 

coding engine. 
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× IST-DVC codec versus H.264/AVC zero-motion codec: The IST-DVC RD performance is not 

consistently better than the H.264/AVC zero-motion RD performance. However, for sequences 

with regular global motion, like the Coastguard video surveillance sequence, the IST-DVC 

codec performs better than H.264/AVC zero-motion (up to 1.25 dB for GOP size 4). These gains 

are mainly due to the H.264/AVC zero-motion codec inability to efficiently exploit the 

temporal redundancy and the consequent negative RD performance impact. Moreover, for low 

motion video surveillance content like the Hall Monitor sequence, the IST-DVC RD 

performance for GOP size 8 is similar (or better) than H.264/AVC zero-motion with GOP size 2 

while there is still an efficiency gap for longer GOP sizes. Notice that the H.264/AVC zero-

motion codec has higher encoding complexity when compared to the IST-DVC codec (see 

Section 7.7& ^ka mboclojp ^k þlmqfj^iÿ Fkqo^ jlab ab`fpflk ql `ellpb qeb `lafkd jlab clo b^`e 

block (Inter or Intra). Thus, the IST-DVC compression efficiency gap can be compensated by 

having lower encoding complexity (especially for higher GOP sizes) or by sending additional 

auxiliary data (Intra information or block signatures) as proposed in Chapter 4 and Chapter 5.  

× IST-DVC codec versus DISCOVER/VISNET II DVC codecs: The IST-DVC RD performance is 

consistently better than the DISCOVER DVC and VISNET II DVC RD performances for all 

sequences and bit-rates; however, the gains are more substantial for higher motion sequences 

and longer GOP sizes, e.g., for the Soccer sequence, GOP size 8, gains up to 1.7 dB and 2 dB are 

observed when compared to the VISNET II and DISCOVER DVC codecs, respectively. Even for 

lower GOP sizes (GOP size 2) and low motion sequences (Hall Monitor and Coastguard), the IST-

DVC codec has gains up to 0.6 dB when compared to the VISNET II and DISCOVER DVC codecs. 

These gains are mainly associated to the improvements in the SI creation process (as proposed 

in Chapter 3), the novel LDPC Slepian-Wolf codec (as proposed in Chapter 6), motion 

refinement and in loop de-blocking filter techniques already described in this chapter. This is 

an important achievement since it means that the IST-DVC solution has a better RD 

performance than available state-of-the-art competing DVC solutions and, thus, it is very 

likely the best performing DVC codec currently available. 

× IST-DVC codec RD performance for various GOP sizes: The IST-DVC codec RD performance for 

several GOP sizes can be more easily observed in Figure 7ü17 and Figure 7ü18. As shown, the 

IST-DVC RD performance is typically the best for GOP size 2, showing the difficulty in 

producing, at the decoder side, high quality SI when the key frames are farther apart (GOP 

sizes of 4, 8 at 15Hz). However, for low motion sequences, such as the Hall Monitor video 

surveillance sequence, better results are obtained with longer GOP sizes; in fact, increases in 

RD performance may be observed when the GOP size increases from 2 to 4 and then to 8 (for 

Coastguard, the RD performance also increases from GOP size 2 to 4). 
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Figure 7ð5: IST-DVC codec RD performance for the Coastguard sequence (GOP size 2) . 

 

Figure 7ð6: IST-DVC codec RD performance for the Hall Monitor  sequence (GOP size 2) . 
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Figure 7ð7: IST-DVC codec RD performance for the Foreman  sequence (GOP size 2) . 

 

Figure 7ð8: IST-DVC codec RD performance for the Soccer  sequence (GOP size 2) . 



EVAL UAT ING T HE IST  DISTR IB UTED V IDEO CODE C 

 204 

 

Figure 7ð9: IST-DVC codec RD performance for the Coastguard  sequence (GOP size 4 ). 

 

Figure 7ð10 : IST-DVC codec RD performance for the Hall Monitor sequence (GOP size 

4). 
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Figure 7ð11 : IST-DVC codec RD performance for the Foreman sequence (GOP size 4 ). 

 

Figure 7ð12 : IST-DVC codec RD performance for the Soccer sequence (GOP size 4 ). 
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Figure 7ð13 : IST-DVC codec RD performance for the Coastguard sequence (GOP size 8 ). 

 

Figure 7ð14 : IST-DVC codec RD performance for the Hall Monitor  sequence (GOP size 

8). 
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Figure 7ð15 : IST-DVC codec RD performance for the Foreman  sequence (GOP size 8 ). 

 

Figure 7ð16 : IST-DVC codec RD performance for the Soccer  sequence (GOP size 8 ). 
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Figure 7ð17 : IST-DVC codec RD performance for the Coastguard and Foreman 

sequences (all GOP sizes) . 

Figure 7ð18 : IST-DVC codec RD performance for the Hall Monitor and Soccer sequences 

(all GOP sizes) . 

The conclusions above clearly highlight the adequacy of the IST-DVC codec for quite diverse 

scenarios ranging from video surveillance (e.g., Hall Monitor) to video-telephony (e.g., Foreman). 

This means that DVC technologies may provide novel or enhanced solutions for available and 

emerging applications, especially when low complexity encoders and efficient compression are 

relevant requirements.  
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7.7  Complexity Performance Evaluation  

Since the RD performance evaluation, presented in the previous section, only characterizes one 

particular aspect of the IST-DVC codec performance, it is necessary to complement its assessment 

with other aspects, notably the evaluation of the IST-DVC codec complexity performance presented 

fk qefp pb`qflk+ Pfk`b fq fp `ljjlkiv `i^fjba %bsbk fk qeb mobsflrp `e^mqbop& qe^q qeb AS@ þbk`lafkd 

`ljmibufqv fp iltÿ ^ka þab`lafkd `ljmibufqv fp efdeÿ) fq fp bppbkqf^i ql mob`fpbiv `e^o^`qbofwb qeb 

encoder and decoder complexities and compare them to alternative relevant video coding solutions 

in order to assess if these claims are solid.  

While it is possible to measure the encoding and decoding complexities in many ways, some of them 

rather precise, it is also possible to get a rather good estimation of the relative complexity using 

rather simple metrics. Here, the encoding and decoding complexities are characterized by 

measuring the encoding and decoding times for the full sequence, in seconds, under controlled 

conditions.  

It is well known that the encoding (and decoding) times are highly dependent on the used hardware 

and software platforms. For the results present here, the hardware used was an x86 machine with a 

Pentium Core2 Quad Q9400 processor at 2.66 GHz with 3072 Mbytes of RAM. Regarding the software 

conditions, the results were obtained with a Windows XP operating system, with the C++ code 

written using Visual Studio C++ 2008 express edition compiler, with the optimizations parameters 

on, notably the release mode and speed optimizations. To avoid outside influences, nothing was 

running in the machine when gathering the performance results besides the operating system. 

Under these conditions, the complexity results have a rather solid relative and comparative value: 

in this case, they allow to compare the IST-DVC codec with alternative coding solutions, such as the 

H.264/AVC codecs using the JM9.5 reference software, running in the same hardware and software 

conditions. While the degree of optimization of the software has an impact on the running time, this 

is a dimension that was impossible to fully control in this case and, thus, will have to be kept in 

mind when dealing with the provided complexity performance results. 

7.7.1  Encoding Complexity  Assessment  

This section targets the complexity evaluation of the encoding process. The IST-DVC encoding 

complexity includes two major components: i) WZ frames; and ii) key frames encoding. Figure 7ü19 

to Figure 7ü22 show the IST-DVC encoding complexity results, this means the total encoding times, 

for various GOP sizes, showing the key frames and WZ frames encoding complexity shares; along 

with these results, and for comparison purposes, the H.264/AVC Intra and zero-motion encoding 

times are also shown. Table 7ü5 to Table 7ü8 show (for various GOP sizes) the total IST-DVC encoding 

time and the IST-DVC complexity reduction with respect to H.264/AVC Intra and zero-motion 

codecs, labeled as ratios ‎ and ”, respectively. The results presented allow the following 

conclusions: 
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× IST-DVC codec ý WZ frames versus key frames: When the total number of WZ frames is the 

same as the total number of H.264/AVC Intra key frames (GOP size 2), the WZ frames encoding 

complexity is smaller than the key frames encoding complexity. In general, this means that 

the encoding complexity cost of a key frame is 1.7-2.5 times greater when compared to the 

encoding complexity cost of a WZ frame. Naturally, the larger the GOP size, the smaller the 

number of key frames coded and, thus, the lower will be the share of the key frames encoding 

complexity in the overall complexity. 

× IST-DVC codec versus H.264/AVC Intra and zero-motion codecs: As observed in Figure 7ü19 to 

Figure 7ü22, the IST-DVC encoding complexity is always lower than the H.264/AVC Intra 

encoding complexity; in fact, the IST-DVC codec is able to reduce the complexity up to 2.21 

times (with a minimum of 1.24 times) with respect to H.264/AVC Intra. Comparing the 

H.264/AVC zero-motion codec with the IST-DVC codec, the encoding complexity increases 

1.36-3.73 times (see Table 7ü5 to Table 7ü8) since the inclusion of the Inter mode (even 

restricted to the collocated block) asks for more complexity. Concluding, these encoding 

complexity results are quite encouraging since they confirm that WZ encoding has a lower 

complexity than alternative relevant coding solutions (even with the more complex LDPC 

syndrome codes). This gap in encoding complexity can be exploited by including additional 

encoder techniques to improve the RD performance while still maintaining the encoding 

complexity as low as H.264/AVC Intra. 

× IST-DVC encoder complexity for various GOP sizes: Although the H.264/AVC Intra encoding 

complexity does not vary with the GOP size and the H.264/AVC zero-motion encoding 

complexity increases with the GOP size (since there are more highly complex B-frames), the 

IST-DVC encoding complexity decreases with the GOP size. For longer GOP sizes, the overall 

IST-DVC encoding complexity decreases due to the increased share of WZ frames regarding 

the key frames (since a WZ frame has lower complexity than a key frame). This means that, for 

the video surveillance Hall Monitor and Coastguard sequences, it is possible to obtain a high 

RD performance DVC codec (better than H.264/AVC Intra) for large GOP sizes with a 

significant encoding complexity reduction compared to the H.264/AVC Intra and H.264/AVC 

zero-motion solutions. 

If encoding complexity is a critical requirement for an application, the results in this section 

together with the RD performance results previously shown indicate that the IST-DVC video codec 

with GOP size 2 (for all sequences) and GOP sizes 4 and 8 (for low/medium motion sequences) is a 

credible video coding solution since it has a significantly lower encoding complexity and 

outperforms H.264/AVC Intra in terms of RD performance for most cases. Another important result 

is that the WZ encoding complexity does not significantly increase when the bit-rate increases. 

Although not shown, the IST-DVC encoding complexity is rather similar to other DVC coding 

solutions, such as the DISCOVER and VISNET II DVC codecs. for all GOP sizes. 
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Figure 7ð19 : IST-DVC encoding complexity  for the Coastguard  sequence . 

 

Figure 7ð20 : IST-DVC encoding complexity for the Hall Monitor  sequence . 
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Figure 7ð21 : IST-DVC encoding complexity  for the Foreman sequence . 

 

Figure 7ð22 : IST-DVC encoding complexity  for the Soccer  sequence . 
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Table 7ð5: Encoding time for the IST -DVC, H.264/AVC Intra and H.264/AVC zero -motion 

video codecs: Coastguard sequence.  

 
IST-DVC total encoding time (s) H.264/AVC Intra: ratio ♬ H.264/AVC zero-motion: ratio ⱬ 

GOP 2 GOP 4 GOP 8 GOP 2 GOP 4 GOP 8 GOP 2 GOP 4 GOP 8 

╠  13.50 10.41 9.26 1.41 1.82 2.05 1.96 2.90 3.48 

╠  14.01 10.83 9.59 1.40 1.82 2.05 1.91 2.80 3.37 

╠  14.16 11.44 9.89 1.39 1.72 1.99 1.89 2.65 3.26 

╠  15.60 12.97 10.94 1.38 1.66 1.96 1.76 2.36 2.97 

╠  16.52 12.98 11.64 1.35 1.71 1.91 1.69 2.38 2.80 

╠  17.82 14.27 12.97 1.35 1.69 1.85 1.61 2.19 2.53 

╠  18.14 15.27 13.35 1.36 1.62 1.85 1.60 2.06 2.47 

╠  21.17 16.98 15.08 1.37 1.71 1.92 1.47 1.92 2.23 
 

Table 7ð6: Encoding time for the IST -DVC, H.264/AVC Intra and H.264/AVC zero -motion 

video codecs: Hall Monitor sequence.  

 
IST-DVC total encoding time (s) H.264/AVC Intra: ratio ♬ H.264/AVC zero-motion: ratio ⱬ 

GOP 2 GOP 4 GOP 8 GOP 2 GOP 4 GOP 8 GOP 2 GOP 4 GOP 8 

╠  14.94 10.73 10.18 1.42 1.98 2.09 1.82 2.82 3.13 

╠  15.33 11.14 10.57 1.41 1.94 2.05 1.78 2.72 3.01 

╠  15.48 11.74 10.87 1.40 1.84 1.99 1.76 2.58 2.92 

╠  17.04 12.87 11.56 1.36 1.80 2.00 1.62 2.33 2.69 

╠  17.16 12.99 11.60 1.35 1.78 1.99 1.61 2.30 2.68 

╠  18.50 14.56 12.94 1.33 1.68 1.90 1.51 2.06 2.39 

╠  19.14 15.10 13.39 1.34 1.69 1.91 1.48 1.99 2.31 

╠  22.36 17.56 15.15 1.32 1.68 1.95 1.36 1.76 2.07 
 

Table 7ð7: Encoding time for the IST -DVC, H.264/AVC Intra and H.264/AVC zero -motion 

video codecs: Foreman sequence.  

 
IST-DVC total encoding time (s) H.264/AVC Intra: ratio ♬ H.264/AVC zero-motion: ratio ⱬ 

GOP 2 GOP 4 GOP 8 GOP 2 GOP 4 GOP 8 GOP 2 GOP 4 GOP 8 

╠  12.85 10.33 7.96 1.37 1.70 2.21 1.90 2.70 3.73 

╠  13.05 10.36 8.27 1.37 1.73 2.16 1.87 2.69 3.59 

╠  13.31 10.95 8.57 1.37 1.66 2.13 1.85 2.55 3.47 

╠  15.00 12.74 10.04 1.34 1.58 2.00 1.69 2.21 2.97 

╠  15.09 12.41 10.37 1.33 1.62 1.94 1.68 2.27 2.88 

╠  16.31 13.63 11.50 1.31 1.56 1.85 1.58 2.08 2.60 

╠  17.51 14.78 12.02 1.33 1.58 1.94 1.52 1.95 2.51 

╠  20.29 17.10 14.38 1.33 1.58 1.88 1.41 1.74 2.13 
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Table 7ð8: Encoding time for the IST -DVC, H.264/AVC Intra and H.264/AVC zero -motion 

video codecs: Soccer sequence.  

 
IST-DVC total encoding time (s) H.264/AVC Intra: ratio ♬ H.264/AVC zero-motion: ratio ⱬ 

GOP 2 GOP 4 GOP 8 GOP 2 GOP 4 GOP 8 GOP 2 GOP 4 GOP 8 

╠  12.09 9.69 8.80 1.33 1.66 1.83 1.87 2.67 3.16 

╠  12.35 9.95 9.11 1.32 1.64 1.79 1.83 2.60 3.05 

╠  12.62 10.70 9.42 1.31 1.55 1.76 1.80 2.42 2.95 

╠  13.76 12.11 10.77 1.31 1.48 1.67 1.70 2.19 2.59 

╠  14.11 11.89 10.96 1.27 1.51 1.64 1.66 2.23 2.55 

╠  15.12 13.11 12.18 1.24 1.43 1.54 1.57 2.02 2.31 

╠  16.18 14.14 12.80 1.27 1.45 1.60 1.52 1.90 2.21 

╠  19.26 16.66 14.78 1.31 1.51 1.70 1.40 1.69 1.97 
 

7.7.2  Decoding Complexity  Assessment  

This section targets the complexity evaluation of the decoding process. Again, the decoding 

complexity includes two major components: the WZ frames and the key frames decoding shares. 

The larger is the GOP size, the smaller the number of key frames coded and, thus, the lower the key 

frames decoding complexity share in the overall decoding complexity. Following the options taken 

for the encoding complexity assessment, the decoding complexity evaluation will be measured 

using an equivalent metric for the decoder, this means the decoding time for the full sequence, in 

seconds, under the same conditions and software/hardware platform. 

Table 7ü9 to Table 7ü12 show the decoder complexity results for GOP sizes 2, 4 and 8, measured in 

terms of decoding time. No charts are presented because only the bars corresponding to the WZ 

frames decoding times would be visible since the key frames decoding times are negligible regarding 

the WZ frames decoding times. These results allow the following conclusions: 

× IST-DVC codecý WZ frames versus key frames: The key frames decoding complexity is 

negligible regarding the WZ frames decoding complexity, even for GOP size 2 (when there are 

more key frames) and, thus, their complexity is not shown (the maximum share is 0.08%). This 

confirms the well-known WZ coding complexity trade-off where the encoding complexity 

benefits are paid in terms of decoding complexity  penalties. However, it is also true that while 

much research efforts have been invested in increasing the RD performance while keeping the 

encoder simple, the same amount of efforts has not been invested in the complexity 

optimization of the decoder.  

× IST-DVC codec versus H.264/AVC Intra/zero-motion codecs: The overall IST-DVC decoding 

complexity is always much higher than the H.264/AVC decoding complexity, both for the 

H.264/AVC Intra and H264/AVC zero-motion solutions. This confirms that the encoding 

complexity benefits shown in the previous section are paid with an increase in decoding 

complexity (as suspected). 
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× IST-DVC decoder complexity for various GOP sizes: As expected, the IST-DVC decoding 

complexity increases with the GOP size since the longer is the GOP size, the higher is the 

amount of complexity to decode the more numerous WZ frames. Naturally, the H.264/AVC 

Intra decoding complexity is independent of the GOP size since all frames are Intra encoded. 

As shown in Table 7ü9 to Table 7ü12 , the H.264/AVC zero-motion decoding complexity is also 

rather stable with a varying GOP size and quite similar to the H.264/AVC Intra decoding 

complexity. This suggests that the H.264/AVC decoder was optimized in order to decode in 

real time some sequences independently of the chosen GOP pattern. 

× IST-DVC decoding complexity for various RD points: As can be observed, the WZ decoding 

complexity increases significantly when ὗ increases (i.e., when the bit-rate and quality 

increase). This significant increase in the decoding complexity is mainly due to the higher 

number of bit-planes to LDPC decode and the higher number of requests (typically the 

correlation is lower for the least significant bit-planes), i.e., the number of times the LDPC 

decoder is invoked increases significantly. 

Since the DVC decoder complexity increases with ὗ and the complexity of the decoder modules, SI 

creation, CNM, key frame decoding and reconstruction do not depend much on the amount of bit-

planes to decode, the most significant complexity burden is associated with the SlepianüWolf 

decoding and the repetitive request-decode operation ([51] also confirms this complexity 

allocation). This fact highlights that it is important to reduce the number of decoder requests by 

adopting adequate rate-control strategies such as efficient hybrid encoder-decoder rate control 

where the encoder estimates the rate and the feedback channel serves only to complement the 

estimated rate when the (under)estimation made is not good enough. Naturally, if the application 

allows the encoding complexity to increase, it is possible to perform rate control entirely at the 

encoder, thus avoiding the repetitive request-decode operation and significantly reducing the 

decoding complexity although very likely at some cost in terms of RD performance [133]. 

Table 7ð9: Decoding time (s) for the IST -DVC, H.264/AVC Intra and H.264/AVC zero -

motion video codecs: Coastguard sequence.  

 
H.264/AVC 

Intra 

H.264/AVC zero-motion IST-DVC 

GOP 2 GOP 4 GOP 8 GOP 2 GOP 4 GOP 8 

╠  0.84 0.79 0.73 0.74 907.72 1551.64 2161.95 

╠  0.82 0.77 0.74 0.75 1164.62 1914.22 2609.03 

╠  0.82 0.77 0.74 0.75 1294.9 2141.71 2946.95 

╠  0.87 0.81 0.80 0.81 2000.99 3672.76 5210.35 

╠  0.88 0.83 0.83 0.85 2031.28 3826.78 5486.58 

╠  0.92 0.88 0.89 0.90 2825.88 5429.43 7667.04 

╠  0.95 0.90 0.93 0.93 3750.17 6890.93 9448.72 

╠  1.06 1.04 1.04 1.04 5461.59 9896.84 13241.92 
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Table 7ð10 : Decoding time  (s)  for the IST -DVC, H.264/AVC Intra and H.264/AVC zero -

motion video codecs: Hall Monitor sequence.  

 
H.264/AVC 

Intra 

H.264/AVC zero-motion IST-DVC 

GOP 2 GOP 4 GOP 8 GOP 2 GOP 4 GOP 8 

╠  0.9 0.84 0.80 0.79 579.15 802.29 940.57 

╠  0.91 0.83 0.82 0.79 702.96 897.17 1011.98 

╠  0.91 0.83 0.80 0.79 756.1 978.99 1120.32 

╠  0.94 0.85 0.82 0.80 1024.91 1480.53 1829.18 

╠  0.94 0.85 0.82 0.80 1084.89 1570.38 1929.57 

╠  0.97 0.88 0.83 0.81 1501.64 2166.4 2652.58 

╠  1.01 0.89 0.84 0.82 176
.23 2632.45 3161.81 

╠  1.10 0.95 0.89 0.88 2369.44 3902.15 4683.85 
 

Table 7ð11 : Decoding time (s) for the IST-DVC, H.264/AVC Intra and H.264/AVC zero -

motion video codecs: Foreman sequence.  

 H.264/AVC 
ntra 
H.264/AVC zero-motion IST-DVC 

GOP 2 GOP 4 GOP 8 GOP 2 GOP 4 GOP 8 

╠  0.75 0.71 0.68 0.66 1826.3 3463.32 4678.97 

╠  0.75 0.71 0.68 0.68 2248.61 4102.75 5457.85 

╠  0.76 0.72 0.69 0.69 2473.96 4570.94 6094.87 

╠  0.81 0.76 0.75 0.75 3920.94 7505.78 10346.06 

╠  0.81 0.76 0.74 0.75 4305.56 8027.52 10949.75 

╠  0.84 0.78 0.78 0.79 5492.17 10128.58 13477.25 

╠  0.88 0.84 0.84 0.85 6214.97 11755.84 16160.76 

╠  0.98 0.93 0.93 0.94 7935.44 14786.92 20114.83 
 

Table 7ð12 : Decoding time (s) for the IST -DVC, H.264/AVC Intra and H.264/AVC zero -

motion video codecs: Soccer sequence.  

 
H.264/AVC 

Intra 

H.264/AVC zero-motion IST-DVC 

GOP 2 GOP 4 GOP 8 GOP 2 GOP 4 GOP 8 

╠  0.73 0.72 0.71 0.71 3225.87 5378.78 6594.45 

╠  0.73 0.73 0.72 0.72 3565.29 5745.75 6943.28 

╠  0.74 0.74 0.73 0.73 3887.46 6590.42 7855.02 

╠  0.78 0.77 0.77 0.77 5993.67 10066.73 12302.45 

╠  0.79 0.77 0.77 0.77 6225.89 10609.56 12
85.84 

╠  0.80 0.80 0.80 0.80 7589.22 12858.5 15432.21 

╠  0.85 0.84 0.85 0.84 8319.72 14282.94 17342.43 

╠  0.97 0.97 0.97 0.98 10022.41 17327.29 21305.69 
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7.8  Final Remarks  

This chapter describes the integration efforts and the IST-DVC codec developed that aims to achieve 

a high RD performance while still maintaining a low encoding complexity in comparison to relevant 

alternative coding solutions. The proposed IST-DVC codec is a complete DVC solution with state-of-

the-art RD performance that includes a selection of techniques developed or co-developed by the 

author of this Thesis and some relevant techniques available in the literature.  

Regarding the IST-DVC codec RD performance analysis, it is clear that DVC RD performance benefits 

can be obtained when a low encoding complexity requirement is fulfilled. In terms of RD 

performance, the IST-DVC codec already consistently overcomes the H.264/AVC Intra codec. For 

low motion or well behaved sequences (e.g., Coastguard), the IST-DVC codec may also outperform 

the H.264/AVC zero-motion codec. For video surveillance content, e.g., Hall Monitor, the IST-DVC 

codec shows increasingly good RD performance for GOP sizes 2, 4, and 8; this may be relevant since 

WZ frames encoding is much simpler than H.264/AVC Intra frames encoding and thus the longer the 

GOP size the larger are the IST-DVC codec low encoding complexity advantages. These advantages 

may be reinforced if  the transmission channel is significantly error-prone, due to the lack of the 

prediction loop leading to a limited temporal error propagation. 





 

 

Chapter 8   

Achievements and Future Directions  

8.1  Introduction  

After several years of research work on distributed video coding, it is possible to summarize the 

achievements made by the author and identify the still open challenges and future research 

directions. In the next section, the main achievements accomplished in this Thesis are summarized; 

after, the main future directions will be addressed. 

8.2  Achievements  

In distributed video coding, the main challenge is to obtain a DVC codec with a compression 

efficiency as close as possible to the best available predictive video coding schemes, nowadays 

represented by the H.264/AVC standard, while maintaining low encoding complexity and high 

robustness to channel errors (by Intra encoding, Inter decoding). This Thesis addressed this 

challenge by proposing several techniques at the core of the distributed video codec, namely: 

× Side information creation: The distributed video codec RD performance strongly depends on 

the quality of the side information, since better correlation between the WZ frame and the 

side information (i.e., higher side information quality) leads to: i) reduction in the bit-rate 

required by the Slepian-Wolf decoder; and ii) better decoded (reconstructed) quality. In this 

Thesis, several techniques were developed to create the side information: 

ï Motion compensated frame interpolation (MCFI): This þdrbppÿ ^mmol^`e t^p proposed in 

Chapter 3 to create the side information frame by motion compensation after tracking 

the motion trajectories between two (past and future) reference frames. In this context, it 

was proposed a novel MCFI framework exploiting the available temporal correlation by 

using novel motion estimation and compensation techniques at the decoder, notably 
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motion estimation with smoothness constraints and hierarchical motion estimation with 

affine modeling among others. With this technique, better RD performance is achieved 

(up to 0.9 dB) when compared to other state-of-the-art SI estimators available in the 

literature. 

ï Hash-based motion estimation (HME): In order to create side information when high and 

badly behaved motion occurs or when the reference frames are temporally far from each 

other (long GOP sizes), it was proposed in Chapter 4 a þefkq,drbppÿ solution where the 

encoder sends auxiliary/helper information about the WZ frame to the decoder. The 

helper information corresponds to hash bits for each selected block (by the encoder) 

which are used to help the decoder in the motion estimation process. In this context, it 

was proposed to create the hash at the encoder by block and DCT band selection and a 

bidirectional hash-based motion estimation technique at the decoder. With HME side 

information creation, RD performance improvements were obtained (up to 1.2 dB) when 

compared to MCFI side information creation. 

ï Motion compensated quality enhancement (MCQE): This approach proposed in Chapter 5 also 

cliiltp ^ þefkq,drbppÿ ^mmol^`e ql `ob^qb qeb pfab fkcloj^qflk ^ka pq^oqp _v qeb 

classification, at the encoder, of each WZ frame block into one of two modes: WZ or 

Intra/WZ. In the Intr a/WZ mode, WZ blocks are first encoded with H.264/AVC Intra, 

transmitted to the decoder and used as reference to create SI; they are also distributed 

coded using parity information which is sent to the decoder to improve the previously 

created SI. This coding mode is called Intra/WZ since it is a mix of Intra and DVC coding. 

At the encoder, mode decision algorithms were proposed to select which WZ blocks are 

Intra encoded; at the decoder, the Intra blocks (Intra/WZ mode) received have their 

quality improved through the proposed MCQE module. The proposed Intra/WZ mode 

allows RD improvements up to 2 dB when compared to a pure WZ mode (MCFI side 

information creation), especially for high motion video sequences and long GOP sizes. 

× Novel LDPC Slepian-Wolf codes: Near-capacity error correcting codes are needed to maximize 

the RD performance of practical DVC codecs. In Chapter 6, a novel design of LDPC codes for the 

DVC scenario was proposed that relies on merging parity-check nodes, i.e., addition of 

successive rows in the parity-check matrix. This allows to obtain a graceful adaptation of the 

source (DCT coefficient bit-plane) compression ratio and to achieve better RD performance 

when compared to previous state-of-the-art Slepian-Wolf codes. In addition, techniques to 

optimize the LDPC code structure (by avoiding certain graph structures) and an early stopping 

criterion for the LDPC syndrome belief propagation decoder that is able to reduce the number 

of decoding iterations without a major impact in the coding performance were also proposed. 

The proposed LDPC codes have better RD performance when compared to the popular turbo 

codes and previous relevant state of the art, with rate savings up to 19% and 8%, respectively. 

Finally, Chapter 7 proposed the state-of-the-art IST-DVC codec including a selection of the best 

techniques already proposed in previous chapters (such as MCFI and LDPC Slepian-Wolf codes) 
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along with techniques co-developed with other colleagues (such as the adaptive de-blocking filter 

and motion refinement), and available in the literature (e.g., correlation noise model and 

reconstruction). The IST-DVC codec was submitted to a rather exhaustive performance evaluation 

process, notably in terms of RD performance and encoding/decoding complexity. With this 

performance evaluation, it was possible to conclude that the IST-DVC codec ranks among the best 

state-of-the art low complexity encoders. Thus, the following RD performance achievements were 

obtained at the end of this Thesis:  

1. Consistently better RD performance when compared to the H.264/AVC Intra codec for most 

test sequences and all GOP sizes. 

2. For low motion sequences, the IST-DVC codec may even outperform the H.264/AVC zero-

motion codec in terms of RD performance. 

3. Consistently better RD performance when compared to alternative state-of-the-art DVC 

codecs, such as the DISCOVER and VISNET II DVC codecs, especially for long GOP sizes. 

However, it should be noted that for longer GOP sizes and higher motion sequences, it is more 

difficult to obtain gains over H.264/AVC Intra and H.264/AVC zero-motion, highlighting the 

challenge of getting good quality side information, notably when key frames are farther away. These 

three RD performance achievements above were obtained keeping the encoding complexity low 

which is essential for applications such as deep-space video communications, wireless video 

surveillance, and visual sensor networks where typically there are many cameras (i.e., encoders) 

and one central station (i.e., decoder) which collect all the cameras data. This is the opposite of the 

broadcasting model (one encoder and many decoders) which has driven in the past the 

development of most video coding solutions and standards. The IST-DVC encoding complexity is 

always much lower than the H.264/AVC Intra encoding complexity, even for GOP size 2 where it 

performs better in terms of RD performance. Since the IST-DVC codec performs better than 

H.264/AVC Intra for a high number of test scenarios, this highlights that DVC coding is already a 

credible solution when encoding complexity is a very critical requirement (even if at the cost of 

some additional decoding complexity).  

However, to obtain this encoding complexity and RD performance some trade-offs had to made; one 

controversial characteristic is the usage of the feedback channel to perform rate control at the 

decoder, since it requires a real-time setup and adds undesirable coding delay. To address this 

limitation and allow the usage of Stanford-based DVC codecs in applications with no feedback 

channel available (e.g., storage applications) or with stringent delay requirements, a DVC codec with 

encoder rate control (without feedback channel) has been proposed in [133]. However, this first 

feedback channel free WZ video codec pays a RD performance loss up to 1.2 dB and an increase in 

encoding complexity, since some coarse side information estimation is needed, especially for the 

highest bit-rates. 

In conclusion, DVC codecs may have a chance in terms of RD performance versus standards based 

low encoding complexity codecs for application scenarios with medium/low motion content and 
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low encoding complexity constraints, such as video surveillance and remote space transmissions 

scenarios. 

8.3  Future Directions  

This Thesis has been focused on the development of novel techniques to improve the RD 

performance of distributed video coding systems. To achieve this goal, the proposed techniques 

mainly targeted side information creation at the decoder, mode decision or hint data creation at the 

encoder and LDPC syndromes codes for Slepian-Wolf coding. This section discusses some of the 

work that naturally follows from the techniques proposed here, and that may be pursued in the 

future. 

Improved LDPC Slepian -Wolf Coding  

To obtain further coding efficiency improvements, new coding strategies can be implemented with 

LDPC codes due to their natural representation as bipartite graphs and the use of quasi-optimal 

decoding algorithms, such as belief propagation. Generally, video sources exhibit strong statistical 

dependence which is exploited in predictive video codecs by using adaptive entropy coding engines 

(e.g., CAVLC or CABAC). Thus, a source model, which describes the statistical nature of the data (e.g., 

symbol occurrence) can be integrated in the Slepian-Wolf decoder to obtain additional compression 

gains. For example, the usage of finite-state binary Markov channels or hidden Markov models may 

be used to model the virtual correlation channel error pattern, as suggested in [188], [189]. 

In DVC, another interesting scenario is when the decoder creates multiple side information 

hypotheses which are correlated with the source according to different virtual correlation channels. 

The usage of multiple side information hypotheses may bring further advances in the overall RD 

performance. However, efficient simultaneous decoding techniques are necessary to exploit this 

type of correlation, e.g., by performing joint decoding with multiple LDPC decoders that mutually 

exchange information; some initial work in this direction has been described in [190], [191].  

Since in DVC, the source to encode is represented with integer values (e.g., DCT coefficients), a 

multi -level source mapping is normally used to slice the source into a certain number of bit-planes; 

at the receiver side, each bit-plane is decoded individually, taking into account the decisions of prior 

decoding stages (i.e., previous bit-planes). However, this approach may lead to high decoding 

complexity and latency (more encoder requests), error propagation between decoding levels and 

performance degradation when compared to single-level coding. Therefore, to jointly decode all 

source bit-planes may bring additional and interesting benefits, since the statistical dependencies 

between bits of the same symbol can be fully exploited. The usage of non-binary LDPC codes [192] 

and a modulation based belief propagation decoder [193] are interesting directions to follow. 

Error Resilience  

An important advantage of a DVC codec, such as the IST-DVC codec, is that WZ frames are always 

encoded as Intra, i.e., independently of its predecessors and successors and, thus, there is no 
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prediction (closed) loop as it exists in all predictive video codecs. This inherent architectural error 

robustness is an attractive DVC characteristic which may bring major RD performance 

improvements for error prone channels (such as wireless networks), especially when compared to 

predictive codecs with similar complexity (e.g., H.264/AVC zero-motion). The VISNET II DVC codec, 

which shares many similarities with the IST-DVC codec, was evaluated for packet loss networks in 

[46] and performed better when compared to H.264/AVC Inter coding (IBIB), for PLRs of 5% and 20%. 

However, this benefit only brings advantages if the error free RD performance gap between 

predictive and distributed video coding solutions (as observed in IST-DVC) is overcome by the 

intrinsic error resilience DVC performance in a error prone channel; otherwise, the error free RD 

loss may significantly impair the RD performance when channel errors occur, especially for low bit 

(or packet) error rates. On the other hand, it is also possible to complement predictive coding 

schemes with a DVC encoder adopting a hybrid predictive-distributed coding solution and obtain 

graceful degradation when channel conditions deteriorate; naturally, this also depends on the 

relevant low complexity requirements. 

To obtain the maximum RD performance in error prone channels, such as wireless environments 

and packet loss networks, novel techniques are needed since many Stanford DVC codecs (including 

the IST-DVC codec) assume that the parity bits (turbo codes) or syndromes (LDPC codes) are 

received by the decoder without error. Thus, the IST-DVC codec may be enhanced with novel 

Slepian-Wolf codes and improved decoding algorithms, even if it already mitigates the error 

propagation (or drift). Since the side information is corrupted by channel errors, the virtual channel 

needs to be redefined and the Slepian-Wolf code correction power (or rate), which now operates as a 

joint source-channel code, needs to be adjusted. Thus, this virtual channel must take into account, 

not only the residual statistics between the error free side information and the source, but also the 

noise distribution model (e.g., additive white Gaussian noise) expressing the impairments of the 

communication network. In a distributed video coding setting, efficient error resilience is still at a 

rather initial status with several open issues: i) the method to estimate the correlation noise channel 

parameters, which now depend on the side information quality and the amount of transmission 

noise; ii) the method to estimate/allocate the necessary WZ rate at the encoder; and iii) the method 

to control the coding rate of the source-channel codes. When noisy channels are considered, 

distributed coding can be re-defined as distributed joint source-channel coding (JSCC); some authors 

have already addressed distributed JSCC by proposing novel Slepian-Wolf codes [194-196]. 

Multi -view Video Coding  

A DVC approach can also be used in a multi-view video scenario where multiple cameras, capturing 

various views of the same scene, generate a large amount of statistically redundant video data. 

These video sequences may be compressed at a central encoder with the typical predictive 

approach, exploiting the spatial, temporal and Inter-view correlations, e.g., using the multi-view 

video coding H.264/AVC based standard. However, the DVC approach provides a significant 

architectural benefit since it does not require Inter-camera or Inter-encoder communication to 

explore the Inter-view correlation while the predictive approach requires the availability of all 
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views at some encoder location, forcing the various cameras to communicate among them. While 

multi -view predictive video coding is more suited to 3D cameras (which typically have 2 or more 

acquisition co-located sensors), multi-view DVC is more suited to video surveillance where the 

cameras are physically located in different locations, but capture viewpoints of the same scene. In 

the latter case, a predictive video coding solution cannot easily exploit the Inter-view correlation 

and, thus, it is expected for a DVC based solution to overcome it from a RD performance point of 

view.  

Naturally, many challenges are faced by distributed multi-view systems, such as how to estimate the 

side information by exploiting the disparity between views and how to estimate the correlation 

noise at the decoder without having access to the original source data. To perform disparity data 

estimation at the decoder, the usage of previously decoded frames [60], global models such as an 

eight-parameter homography matrix [197] and the constraining of the disparity search according to 

the epipolar geometry of the scene (reduces the disparity search to a 1D problem) [61] were 

proposed in the past. However, capturing Inter-view correlation is hard (compared to temporal 

correlation) since it strongly depends on the scene/camera geometry, the presence of occlusions 

and depth discontinuities (i.e., parts of the scene that are only observed by one of the cameras). 

Thus, many challenges lie ahead to design an efficient distributed multi-view codec to be 

competitive with independent view predictive coding where the temporal correlation is efficiently 

exploited. Advances on this issue may also be relevant in the context of the emerging MPEG 

standardization effort on 3D video where a few video views together with the associated depth maps 

should be coded in a very efficient way, with the target to synthesize at the decoder more views 

than those explicitly coded at the encoder.  

Hybrid Predictive -d istributed Coding  

In the past DVC work, the target was the development of novel DVC codecs and their improvement 

by proposing novel techniques able to define an alternative and competitive solution to predictive 

video codecs, especially in terms of complexity balance and error resilience. However, it is possible 

to design a solution where predictive and distributed coding join forces instead of competing with 

each other. In fact, substantial gains in predictive video codecs RD performance have been achieved 

in the past by continuously and substantially increasing the encoder complexity and only slightly 

increasing the decoder complexity. Thus, it is expected to obtain RD performance improvements if a 

predictive decoder exploits the available correlation using DVC principles, even if the decoding 

complexity increases, i.e., adopting a combined high encoding and high decoding complexity 

configuration. For example, a predictive-distributed decoder can estimate the side information in a 

similar way to the predictive-distributed encoder, and parity/syndrome information can remove 

any mismatch. Naturally, the applications must define the acceptable encoding and decoding 

complexities, e.g., for some scenarios such as broadcasting, decoding complexity cannot increase 

significantly; thus, the complexity requirements of different applications may be accommodated by 

having profiles/levels with different complexity balances. 
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Nowadays, RD performance gains are harder and harder to get with predictive video coding 

solutions; in fact, seven years have passed from the publication of the latest video coding standard 

(H.264/AVC) and yet no practical solution with significant improvements in coding performance has 

been found. Therefore, a hybrid predictive-distributed approach can be relevant in the context of 

the emerging standardization efforts towards a new standard in video compression, notably the call 

for proposals (CFP) that was jointly issued by the ITU-T VCEG and ISO/IEC MPEG video 

standardization bodies in early 2010 [198]. In fact, these two bodies have recently joined forces in 

the joint collaborative team on video coding (JCT-VC) with the target to develop a new generation of 

video compression technology that has substantially higher compression capability than the 

existing H.264/AVC standard. The CFP associated set of requirements were ambitious, since it was 

claimed that HD/UltraHD devices and mobile terminals with increasingly higher resolution (up to 

720p) need higher compression capabilities than the existing H.264/AVC standard, i.e., a bit-rate 

reduction of approximately 50% for the same subjective quality [199], [200]. Interestingly, the new 

standard should also support complexity scalability at the encoder and decoder by trading it with 

the compression capability [199]. 

Beyond Video Compression  

It is presently more and more accepted that distributed source coding principles are leading to a 

variety of techniques which may help to solve various problems, not only in the coding domain but 

also in other fields, notably problems like authentication and tampering detection [62], secure 

biometrics [63], video quality monitoring [201], encryption of video and images [202] and bit-stream 

switching and backward/forward video playback [203]. Only the future can tell in which specific 

applications distributed source coding principles will find success; at this stage, it is difficult to state 

if any application, even the more promising video coding applications, will ever use the theoretical 

framework established by Slepian-Wolf and Wyner-Ziv in the 70ÿs. However, DVC offers an 

exceptional opportunity to enhance a wide range of applications and functionalities, from mono-

view to multi-view video coding, from improved error robustness to scalable coding, from security 

to monitoring and, thus, it is necessary to fully study and exploit this novel coding paradigm. In fact, 

the first benefit of DVC research has already been achieved: a better understanding of the video 

coding field since the dichotomy between encoder predictions and decoder estimations has taught 

much about the principles, relations and limits of video coding when the encoder and the decoder 

play a more balanced role. 





 

 

Annex A   

Compression Efficiency Analysis of 

Distributed  Video Coding  

In some of the most popular DVC architectures, MCFI allows the decoder to estimate the SI frame ὣ 

(a noisy version of the current frame ὢ) based on two decoded frames, called reference frames, one 

in the past ὢ  (backward) and another in the future ὢ (forward), without any knowledge on the 

current frame ὢ (available only at the encoder). To obtain MCFI based DVC schemes competitive 

with the popular predictive video coding schemes, the errors or inaccuracies in the motion search 

performed by the decoder to generate side information should be as small as possible. In practice, 

this is hard to achieve since the motion compensation tools used in predictive video coding are 

already quite efficient and the MCFI techniques have not yet achieved the same level of maturity 

and cannot use the original frame (since are employed at the decoder). In this annex, key 

considerations are made in order to understand the MCFI efficiency limits and the DVC performance 

when MCFI schemes are used to generate the side information. 

A comprehensive analysis of MC prediction for predictive video coding has been performed in the 

past, especially to understand the impact of new algorithms such as fractional-pel motion accuracy 

[204] and multihypothesis MC [205]. In [100], a similar rate-distortion study is made in the context of 

a distributed video codec, where the SI is generated by MC frame extrapolation, i.e., the motion 

between frames Ὥ ς and Ὥ ρ (Ὥ denotes the current frame index) is calculated and applied 

(assuming constant motion) to build the SI frame Ὥ. In this annex, the important MCFI case is 

studied, where two reference (decoded) frames are used and the frame to be interpolated is in 

between both references. In this context, a novel compression efficiency model is proposed to study 

the impact of the MCFI side information estimators accuracy on the DVC schemes compression 

efficiency. The theoretical treatment proposed in this annex provides guidance to develop new and 

efficient frame interpolation tools for efficient DVC coding such as those proposed in Chapter 3. In 
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addition, the proposed models can also help in the development of novel encoder rate control 

solutions for DVC architectures that now mostly use decoder rate control based on a feedback 

channel. 

This annex is organized as follows: in Section A.1, a brief overview of MCFI side information 

estimation is presented; in Section A.2, a broad model for rate analysis is presented and in Section 

A.3 a model for the motion interpolation error is proposed. With these two models, several 

experiments were performed for which results are shown in Section A.4 along with key theoretical 

insights. The final remarks are presented in Section A.5. 

A.1  Motion Compensated Side Information Interpolation  

In MCFI, motion estimation is based on a linear model for the motion trajectory between the 

reference frames [22]. This scenario is shown in Figure A-1 for a simple case without loss of 

generality, where it is assumed that the SI frame ὣ is always in the middle of frames ὢ  and ὢ. The 

GOP size Ὃ  ς  is defined through parameter ὲ with ὲ ‭ ᴓ; if this GOP size restriction is applied, 

qeb mlppf_ib DLM pfwbp ^ob /)1)5).3)ć ^ka b^`e co^jb ὣ will be estimated by using reference frames 

already decoded in a hierarchical frame dependency arrangement. 

In Figure A-1, the vector ὺ represents the best match between ὢ  and ὢ; the motion between ὢ  

and ὣ and between ὣ and ὢ is half of ὺ in amplitude and follows the same trajectory as ὺ. The 

linear motion assumption can lead to a mismatch error when compared to the true trajectory ὸ, 

especially when ὢ  and ὢ are temporally far away from each other or complex motion happens. 

Since the backward ὺ ὣ ÔÏ ὢ  and forward ὺ ὣ ÔÏ ὢ  motion vectors are restricted by the 

linear motion model, a loss in efficiency is expected when compared to the case where ὢ is 

available, as in the motion estimation and compensation schemes used in predictive video coding. In 

this last case, ὢ , ὢ and ὢ are all available simultaneously and the motion vectors ὺ and ὺ can 

follow any trajectory and, therefore, represent better the true trajectory ὸ. 

Figure A-1: MCFI with linear motion.  

However, since MCFI is performed at the decoder, low complexity encoders can be developed and it 

is not necessary to send any motion information from the encoder to the decoder (saving some bit-
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rate). On the other hand, in predictive video coding schemes, motion vectors are calculated, 

predicted (from neighboring motion vectors), entropy encoded and transmitted to the decoder in 

order to generate the same reference frame used by the encoder (since any mismatch will cause 

drift). As the side information is estimated by MCFI at the decoder only, the DVC codec works in 

open loop and, thus, the error propagation is also severely mitigated. 

A.2  Power Spectral Model for MCFI  

To perform a compression efficiency analysis of MCFI solutions, the statistical model defined in 

[205] is used here as the starting point since it provides a MC prediction theory for multi-hypothesis 

(combination of more than one prediction) video coding. However, to study the MCFI efficiency, it is 

necessary to modify the model proposed in [205] to account for two major differences: i) there is no 

access to the original current frame, since SI is generated at the decoder; and ii) it is assumed that 

the errors in the backward and forward motion vectors, ὺ and ὺ as shown in Figure A-1, are 

independent. 

In Figure A-2, the statistical model proposed to analyze the motion interpolation case is illustrated. 

Consider that ὢὼȟώ is the current frame under estimation, and ὣὼȟώ is the estimation of 

ὢὼȟώ; the main goal is to minimize the prediction error Ὑὼȟώ ὢὼȟώ ὣὼȟώ without any 

information about ὢὼȟώ.  

Figure A-2: Statistical model used for the computation of the residual error  ╡●ȟ◐. 

The estimation ὣὼȟώ can be constructed by ὣὼȟώ ύὅ ὼȟώ ύὅ ὼȟώ, where ὅ ὼȟώ 

and ὅ ὼȟώ correspond to two predictors, in this case representing the contribution for the 

estimation of the backward and forward frames, and ύ  and ύ  correspond to the interpolation 

filter taps, i.e., the weight of each predictor; typically, these weights are proportional to the 

temporal spacing between ὣȟὢȟὢ (see Section 3.5.3 for the proposed algorithm). The predictors 

ὅ ὼȟώ and ὅ ὼȟώ correspond to motion compensated frames that aim to accurately represent 

ὢὼȟώ. However, errors in DVC occur since it is difficult to capture the true displacements in the 

scene due to the lack of the original frame ὢὼȟώ at the decoder, limited accuracy and noise 

components. These displacement errors are represented by ‏ ‏ ώ and‏ὼȟ‏  ώ‏ὼȟ‏

 


















