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Abstract Distributed Video Coding (DVC) has been pro-
posed for increasingly new application domains. This rise
is apparently motivated by the very attractive features of its
flexibility for building very low cost video encoders and the
very high built-in error resilience when applied over noisy
communication channels. Yet, the compression efficiency of
DVC is notably lagging behind the state-of-the-art in video
coding and compression, H.264/AVC in particular. In this
context, a novel coding solution for DVC is presented in this
paper, which promises to improve its rate-distortion (RD)
performance towards the state-of-the-art. Here, Turbo Trel-
lis Coded Modulation (TTCM), with its attractive coding
gain in channel coding, is utilized and its resultant impact in
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both pixel domain and transform domain DVC framework is
discussed herein. Simulations have shown a significant gain
in the RD performance when compared with the state-of-
the-art Turbo coding based DVC implementations.
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1 Introduction

Video coding technologies have evolved significantly dur-
ing the past decade, dominated by the work on ISO/IEC
MPEG and ITU-T H.26x standards based techniques. These
approaches are characterized by a highly complex video
encoder structure and a significantly less complex decoder
structure as demanded by many popular applications in-
volving one-to-many topologies. Video capturing and en-
coding was conventionally limited compared to the largely
spread viewers (decoders) of the mostly broadcast type ser-
vices. However, this concept is increasingly challenged by
the emerging and progressively more popular new paradigm
of applications involving more encoders than decoders, such
as multimedia wireless sensor networks, wireless video sur-
veillance, disposable video cameras, medical applications,
and mobile camera phones. For all the applications men-
tioned above, we need to have a low complex encoder prob-
ably at the expense of a high complexity in the decoder. The
major task of exploiting the source redundancies to achieve
the video compression is accordingly placed in the decoder.
The DVC encoder thus performs a computationally very in-
expensive operation enabling a drastically low cost imple-
mentation of the signal processor in DVC based video cam-
eras. Matching the rate-distortion (RD) performance of the
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standardized MPEG and H.26x based systems is a challenge
ahead of the researchers promoting DVC.

The Slepian–Wolf theorem [1] and Wyner–Ziv model [2]
were the basis for the DVC. Current practical schemes de-
veloped for DVC are based, in general, on the following
principles: the video frames are organized into two types;
Key frames and Wyner–Ziv frames, while the key frames are
encoded with a conventional intraframe codec, the frames
between them are Wyner–Ziv encoded. At the decoder, the
side information is obtained using previously decoded key
frames and a motion interpolation scheme, responsible for
obtaining the most accurate representation of the original
frame. The rate–distortion performance of the DVC codec
has a large bearing on the quality of the side information
stream since the parity input to the turbo coding based DVC
decoder suffers a significant loss in information content due
to the puncturing process carried out as a mechanism for
achieving video compression. The quality of the side infor-
mation stream is typically determined by its closeness to the
corresponding original Wyner–Ziv frame used at the DVC
encoder.

Based on this theoretical framework, several DVC codecs
have been proposed recently [3, 4] in the pixel domain us-
ing traditional turbo coding. The distributed video coding
paradigm may be also applied in the transform domain. The
RD performance of the DVC pixel domain codecs can be
further improved by using a transform coding tool with the
same purpose as in traditional video coding, i.e., to exploit
spatial correlations between neighboring sample values and
to compact the block energy into as few transform coeffi-
cients as possible. Several proposals have been reported in
the literature aiming to implement different transform cod-
ing tools, using the well-known Discrete Cosine Transform
(DCT) [5, 6]. However, there still exists a significant gap be-
tween the RD performance of these proposals and the stan-
dardized MPEG and H.26x based systems.

In this work, we present an improved transform domain
Wyner–Ziv video codec based on Turbo Trellis Coded Mod-
ulation (TTCM) with significant rate–distortion (RD) gains
compared to the state-of-the-art results available in the lit-
erature. As in the conventional turbo based Wyner–Ziv en-
coder, transform quantized coefficients are applied to the
TTCM encoder, and parity bits are generated from both con-
stituent encoders. However, TTCM symbols are not gener-
ated at the encoder since they are not sent to the decoder.
Parity bits produced by the TTCM encoder are stored in a
buffer and transmitted to the decoder upon request. TTCM
symbols are generated at the decoder and these symbols are
passed to the TTCM decoder for demodulation.

This paper is organized as follows. Section 2 presents a
description of theoretical background of DVC. Section 3 in-
troduces a review of the state-of-the-art of different channel
coding techniques and architectures in DVC proposed in the

literature. Section 4 presents our channel coding approach
and its implementation in DVC architecture. In Sect. 5, some
experimental results are presented to evaluate the perfor-
mance of our proposal with different scenarios. Finally, con-
clusions are presented in Sect. 6.

2 DVC theoretical background

In video coding, as standardized by MPEG or the ITU-T
H.26x recommendations, the encoder exploits the statistics
of the source signal. However, efficient compression can
also be achieved by exploiting source statistics (partially
or completely) at the decoder only. This is consequence of
information-theoretic bounds established in the 1970s by
Slepian and Wolf for distributed lossless coding [1], and by
Wyner and Ziv for lossy coding with side information [2].
The next two sections describe these two theorems which
represent the mathematical background of DVC.

2.1 Slepian–Wolf coding

Distributed compression refers to the coding of two or more
dependent random sequences where each one is coded in-
dependently. Let X and Y be two independent identically
distributed (i.i.d.) binary correlated sources to be losslessly
encoded. In joint coding where the encoder has access to
both signals, it is well-known from Shannon’s theory that the
minimum lossless rate for X and Y is given by the joint en-
tropy H(X,Y ). The Slepian–Wolf [1] theorem established
that this lossless compression rate bound can be approached
with a vanishing error probability for long sequences, even
if the two sources are coded separately, provided that they
are decoded jointly and their correlation is known to both
the encoder and the decoder defined by (1):

RX + RY ≥ H(X,Y ),

(1)
RX ≥ H(X | Y),RY ≥ H(Y | X),

where H(X | Y) and H(Y | X) denote the conditional en-
tropies between two sources. Surprisingly, the sum of rates
Rx + Ry can achieve the joint entropy H(X,Y ), just as for
joint coding. Let us consider the particular case of distrib-
uted source coding that occurs when Y is available at the
decoder and has been coded separately (with respect to X)

with a rate equal to RY = H(Y) (depicted in Fig. 1). On the
other hand, according to Slepian–Wolf Theorem, the source
X can be coded lossless with a rate asymptotically equal
to H(X | Y). Therefore, the minimum total rate for the two
sources is H(X | Y) + H(Y) = H(X,Y ). This rate, ideally,
would be the same as the rate used where the encoder has
access to both signals.
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Fig. 1 Compression of a sequence X with side information Y avail-
able at the decoder only

A particular case of distributed source coding is Distrib-
uted Video Coding where the source is a video sequence. In
this kind of architecture, Y may be provided to the decoder
using a traditional coding solution such as the MPEG-X or
H.26x intra coding standard. The dilemma would be then
how to encode X in order to reach optimal performance in
terms of rate. The goal is to build a system that is able to
approach the rate point (H(X | Y),H(Y )) [1].

2.2 Wyner–Ziv coding

Wyner and Ziv extended the Slepian’s and Wolf’s work
to establish information-theoretic bounds for lossy com-
pression with side information (SI) at the decoder. Wyner
and Ziv considered the problem of coding of two corre-
lated sources X and Y with respect to a fidelity criterion
[2]. They have established the rate–distortion (RD) function
R∗X|Y (D) for the case where the SI Y is perfectly known to
the decoder only. For a given target distortion D, R∗X|Y (D),
in general, verifiesRX|Y (D) ≤ R∗X|Y (D) ≤ RX(D), where
RX|Y (D) is the rate required to encode X if Y is available
to both the encoder and the decoder, and RX is the minimal
rate for encoding X without SI. Wyner and Ziv have shown
that, for correlated Gaussian sources and a mean square er-
ror distortion measure, there is no rate loss with respect
to joint coding and joint decoding of the two sources, i.e.,
R∗X|Y (D) = RX|Y (D) [2].

3 Related work

Although the mathematical background of DVC was pro-
posed in the 1970s, only recently emerging applications
have motivated practical attempts. The correlation between
X and the side information Y is modeled as a virtual chan-
nel, where Y is regarded as a noisy version of X. Chan-
nel capacity achieving codes, block codes [3], turbo codes
(TC) [7], or Low Density Parity Check (LDPC) codes [8]
have been able to achieved the rate point depicted in the
Slepian–Wolf theorem (see Sect. 2). The compression of X

is achieved by transmitting only a binary index [3], or par-
ity bits [7, 8]. The decoder corrects the virtual channel noise,
and thus estimates X given the received parity bits, or index,
and the SI Y regarded as a noisy version of the codeword
systematic bits. The test results show that channel coding

performed after quantization allows approaching the theo-
retical bounds, i.e., the Slepian–Wolf and the Wyner–Ziv
limits. The following sections describe possible solutions for
channel coding in DVC (Sect. 3.2) and how one can get this
performance in practical architectures (Sect. 3.1) of Wyner–
Ziv video approach in both pixel and transform domain.

3.1 Architectures of DVC

3.1.1 Pixel domain Wyner–Ziv video coding

Figure 2 illustrates the more common architecture of the
video codec based on pixel domain; this video codec so-
lution follows the same architecture as the one proposed
by Aaron et al. in [4]. In a nutshell, the coding process is
as follows: the video frames are organized into key frames
and Wyner–Ziv frames. The key frames are traditionally
intraframe coded. The Wyner–Ziv frame pixel values are
quantized using a 2M -level uniform scalar quantizer; in
this case, 2M ∈ {2,4,8,16}. Over the resulting quantized
symbol stream, bitplane extraction is performed. Each bit-
plane is then independently turbo encoded, starting with the
most significant one. The parity bits produced by the turbo
encoder are stored in the buffer and transmitted in small
amounts upon decoder request via the feedback channel; the
systematic bits are discarded. At the decoder, the frame in-
terpolation module is used to generate the side information
frame, an estimate of the WZ frame, based on previously
decoded frames, X2−1 and X2+1 (see Fig. 2). The side in-
formation is used by an iterative turbo decoder to obtain the
decoded quantized symbol stream. The turbo decoder is con-
stituted by two soft-input soft-output (SISO) decoders; each
SISO decoder is implemented using the Maximum A Poste-
riori (MAP) algorithm. It is assumed that the decoder has
ideal error detection capabilities regarding the current bit-
plane error probability, the decoder requests for more parity
bits from the encoder via feedback channel; otherwise, the
current bitplane turbo decoding task is considered success-
ful and another bitplane starts being turbo decoded.

3.1.2 Transform domain Wyner–Ziv video coding

In a non-distributed source coding scenario, transform cod-
ing is another source coding technique used to reduce the
transmission rate. Typically, the energy of a frame is stored
only in a few significant coefficients which need to be trans-
mitted, reducing the bit rate: the remaining coefficients do
not offer a major impact into the reproduced image qual-
ity. In DVC, transform domain tools have been also intro-
duced in order to exploit the spatial redundancies exhibited
in a video frame in a similar way of traditional video coding.
Several proposals have been reported in the literature aiming
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Fig. 2 Traditional pixel domain architecture

to implement different transform coding tools. In the follow-
ing paragraphs, some of the most prominent ones which use
DCT and DWT are introduced.

The first architecture of DVC working in transform do-
main was proposed by Aaron et al. in [5] and it is based on
turbo codes. In this system, the DCT is applied before to
quantization and each band of coefficients is encoded inde-
pendently using a turbo coder. The decoder uses previously
reconstructed frames to generate side information to condi-
tionally decode the Wyner–Ziv frames. Simulation results
show significant gains above DCT-based intraframe coding
and improvements over the pixel-domain Wyner–Ziv video
coder [5].

Brites et al. extended the Aaron et al. work [6] propos-
ing an improved transform domain Wyner–Ziv video codec
using the integer block-based transform defined in the
H.264/MPEG-4 AVC standard, quantizer with a symmet-
rical interval around zero for AC coefficients, a quantiza-
tion step size adjusted to the transform coefficient bands
dynamic range, and advanced frame interpolation for side
information generation.

On the other hand, there exist more highlighted architec-
tures in the literature which make use of the transform tool
to improve the performance to the pixel domain and which
are based on Discrete Wavelet Transform instead of DCT. It
has been proved that DWT can overcome the ‘block-effect’
brought by block-wise DCT and achieve better coding per-
formance in image coding. Wang et al. [9] proposed a DVC
paradigm based on lattice vector quantization in wavelet do-
main. In this scheme, the authors use a fine and a coarse
lattice vector quantizer to wavelet coefficients, and the dif-
ference of two lattice quantizer is coded by turbo encoder
which is different from the one given in [5, 6] based on

scalar quantization. At the decoder, side information is grad-
ually updated by motion-compensated refinement. Bernar-
dini et al. [10] have proposed another wavelet domain dis-
tributed coder for video which allows scalability and does
not require a feedback channel. Efficient distributed cod-
ing is obtained by processing the wavelet transform with a
suitable folding function and compressing the folded coeffi-
cients with a wavelet coder. At the receiver side, the authors
use the statistical properties between similar frames to re-
cover the compressed frame. Experimental results show that
the proposed scheme has good performance when compared
with similar asymmetric video compression schemes.

3.2 Channel coding techniques for DVC

Turbo coding is a channel coding technique widely appre-
ciated for use in DVC. A turbo encoder is formed by paral-
lel concatenation of two recursive systematic convolutional
(RSC) encoders separated by an interleaver, as illustrated in
Fig. 3.

The construction of an RSC encoder is determined by
the generator polynomial which takes the form: G(D) =
[1, g2(D)/g1(D)], where g1(D) and g2(D) are feed-
forward and feedback polynomials, respectively. Figure 4
illustrates an example of RSC encoder with the generator
polynomial (1,13/15) in octal form.

In the context of DVC, the turbo decoder plays the key
role of correcting the errors in the side information stream,
which is considered to resemble a Laplacian noise model
when compared with the original Wyner–Ziv frame. The
parity bit stream received from the encoder is used in the
turbo decoder for achieving the above purpose. Turbo cod-
ing was proposed by Berrou et al. in 1993 for channel coding
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Fig. 3 Turbo Encoder

Fig. 4 Example of an RSC Encoder

in communications [11]. This concept has been successfully
adopted for DVC. The structure of the turbo decoder is il-
lustrated in Fig. 5.

Soft channel outputs containing received parity bits
(Lcykl1) from the first encoder and the systematic bits (side
information—Lcyks) is fed into SISO Decoder 1. In case of
rate compatible punctured turbo (RCPT) codes, parity bits
are punctured, thus on the receiver side, zeros are inserted
into the punctured positions. At the first iteration, there is
no a priori information about the sent bits, thus log likeli-
hood ratio (LLR) L(uk) is initialized to 0. After the first
iteration of SISO Decoder 1, the LLR Le(uk) of bits are
interleaved and become the a priori information for SISO
Decoder 2. The inputs of SISO Decoder 2 consist of inter-
leaved version of systematic bits (from side information)
(Lcyks), punctured parity bits from Encoder 2 (Lcykl2), and
a priory information L(uk) that is derived from the other
constituent decoder in the previous iteration. Here, L(uk)

is an additional information that helps the Turbo decoder to
converge. SISO Decoder 2 then produces a posteriori infor-
mation L(uk | y). The extrinsic information yielded from
this is then de-interleaved and becomes a priori informa-
tion for the next iteration. The iterative turbo coding usually
converges and saturates in 4 to 8 iterations. Finally, a hard
decision decoding is performed to extract the binary output
of the decoder.

4 Our approach

This section shows our approach, i.e., Turbo Trellis Coded
Modulation (TTCM) (Sect. 4.1) adapted to DVC architec-
tures and its practical applications which use it in both pixel
and transform domain (Sect. 4.2).

4.1 TTCM codes for DVC

Turbo Trellis Coded Modulation [12] is a joint coding and
modulation technique that has a similar structure to the well-
known turbo codes, but involves Trellis Coded Modulation
(TCM) [13] as the component codes. TCM utilizes a set par-
titioning based signal labeling mechanism in order to max-
imize the protection of the unprotected bits by maximizing
the Euclidean distance of those bits in the signal constella-
tion. It is reported that TTCM can achieve a given bit error
rate (BER) on a noisy communication channel at a lower
Signal to noise ratio (SNR) compared to Turbo coding [13]
due to the higher coding gain.

4.1.1 TTCM encoding

In the conventional implementation of TTCM for communi-
cations channels, the symbols are generated by combining a
number of data bits with additional parity bits introduced for
protecting the data bits. For example, 1 data bit and 1 par-
ity bit would be enclosed into one Quadrature Phase Shift
Keying (QPSK) symbol, as illustrated in Fig. 6.

The set partition for this case is given in Fig. 7, where the
data bit to be protected would be placed at the second level
with a higher Euclidean distance (d1) between two constel-
lation points compared to first level (d0). When higher order
modulation is encountered (e.g., 16-QAM) with possibly not
all bits being protected by parity, the unprotected bits would
be placed at the highest Euclidean distance points on the sig-
nal constellation.

In the proposed solution for the DVC implementation
based on TTCM, the process of generating the TTCM sym-
bols is distributed between the encoder and decoder since
in Wyner–Ziv coding only the parity bits are transmitted
from the encoder to the decoder. The original data bits are
discarded after generating the parity bit stream. At the de-
coder, the side information estimated by the motion com-
pensation of the key frames is used to generate the symbols,
in combination with the parity bits received from encoder.
This process is illustrated in Fig. 8. These symbols are then
passed into the TTCM decoder.

4.1.2 TTCM Decoding

The TTCM decoder incorporates a non-binary symbol based
MAP algorithm [13]. The schematic of the TTCM decoder
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Fig. 5 Turbo Decoder

Fig. 6 TTCM symbols with QPSK modulation

Fig. 7 QPSK set partitioning

is presented in Fig. 9. Since the parity bit stream is punctured
at the encoder for shrinking the bit rate, the symbol mapping
needs to be adapted by identifying the punctured bit posi-
tions. This purpose is served by the de-puncturer module
placed before the symbol-by-symbol MAP algorithm. The

hard decision decoding is performed after a number of soft
iterations of the TTCM decoder as shown in the Fig. 9.

4.2 Proposed transform domain Wyner-Ziv codec

The majority of the architectures of DVC in transform Do-
main available in the literature have been carried out using
Turbo Codes. Both DCT and DWT have been used, but al-
ways keeping Turbo Codes as the channel coding technique.
On the other hand, Sect. 4.1 describes TTCM as an exten-
sion of turbo codes and which has been demonstrated in our
previous works based on pixel domain [11] to be able to im-
prove the PSNR at the same bitrate with less memory com-
pared to the turbo coded pixel domain. Within this frame-
work, in this work we continue to improve the performance
of our pixel domain TTCM based architecture into a further
paradigm, i.e., transform domain TTCM based DVC codec.

Figure 10 shows the block diagram of the proposed video
codec implementation in transform domain. There are some
differences between our solution and the previous solutions
proposed in the literature (see Sect. 3), particularly in chan-
nel codes employed, the behavior of Slepian–Wolf codec,
DCT and quantizer modules. In short, the video sequence
is divided into WZ frames and key frames which are coded
with H.264 AVC [14] Intra Coding. Over each WZ frame,
X2i , a 4 × 4 block-based DCT as defined by the H.264
AVC video standard [14] is applied. The DCT coefficients
are then grouped together, according to their position, form-
ing DCT coefficients bands. After the transform coding op-
eration, each DCT band is uniformly quantized with 2Mk

levels, where the number of levels, 2Mk , varies depending
on each band. The turbo decoder–encoder structure is sim-
ilar to the one used in pixel domain and has been depicted
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Fig. 8 Symbol mapping at the
Wyner–Ziv decoder

Fig. 9 Schematic diagram of
the TTCM decoder

Fig. 10 Proposed architecture
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in Sect. 3.1.2. The redundant information for each block is
stored in a buffer and sent in small amounts upon decoder
request. The decoder performs frame Motion Compensated
Temporal Interpolation (MCTI) using previous and next ad-
jacent frames in order to get an estimate of the WZ frame.
The residual statistic between the WZ frame (X2i ) and its
side information (Y2i ) is assumed to be modeled by a Lapla-
cian distribution and the alpha parameter is estimated of-
fline for entire sequence in a frame level. In future works
we will estimate this hard information separately for each
band dynamically using an on-line process. The decoded
quantized symbol stream associated to each block can be
obtained through an iterative turbo decoding procedure sim-
ilar to the one explained in Sect. 4.1. The decoder has an
ideal error detection capability in order to determine if the
decoding block is considered successful in a similar way to
the rest of architectures available in the literature. The recon-
struction function generates the reconstructed symbol from
the side information and q ′

2i to reconstruct each DCT band
of the frame. After all, a block-based IDCT is performed and
the reconstructed frame X′

2i is obtained. In the next sections
we are going to describe in depth each of the most important
modules of our architecture.

4.2.1 Discrete cosine transform

The transform employed in our architecture relies on the
4 × 4 block-based DCT as defined by H.264 AVC [12]; the
transform is applied to all 4 × 4 non-overlapping blocks of
the X2i frame, from left to right and from top to bottom.
The major characteristic of this transform is that it is carried
out using integer arithmetic (keeping the philosophy of low-
complexity encoder), i.e., all the operations can be executed
using only additions, subtractions, and shifts without accu-
racy loss. Moreover, all operations can be performed using
16-bit arithmetic, reducing the computational complexity.
At the decoder, the DCT is also applied over the side infor-
mation, so TTCM decoder uses it to obtain the reconstructed
symbol; and it is necessary that both WZ frame and side in-
formation are in the same domain (frequency domain).

4.2.2 Quantization

Once DCT is applied, the coefficients are passed to the
quantization process. The amplitude of the AC coefficients,
within a 4×4 DCT coefficients block, tends to be higher for
the coefficients close to DC coefficient and decrease as the
coefficients approach the higher spatial frequencies. Since
Human Visual System (HVS) is more sensitive to lower spa-
tial frequencies, the DCT coefficients representing lower
spatial frequencies are quantized using low quantization step
sizes, i.e., with a higher number of quantization intervals
(levels).

By letting the decoder know, for each X2i frame, the dy-
namic range of each DCT coefficients band (i.e., in what
range the DCT coefficients vary) instead of using a fixed
value, it is possible to have a quantization interval width ad-
justed to the dynamic range of each band similar to [6]. Be-
sides, we also need the number of quantization levels. Fig-
ure 11 indicates the number of quantization levels associ-
ated to each DCT coefficients band. These matrices are used
to achieve the different RD performance point in the eval-
uation. In Fig. 11, the coefficients bands assigned value 0
means that there is no rate spent for this band and the cor-
responding band in the side information will be replaced in
the reconstructed frame. The matrices are also used in the
literature [5, 6]. In fact, five of them are extracted from [6]
and the last one has been introduced by the authors in order
to test our approach for higher bit rates. In our solution, we
use the sign bit of the DC coefficient band to enhance the
precision since all DC coefficients are always positive.

4.2.3 TTCM encoder/decoder

After quantizing the DCT coefficients bands, the quantized
symbols (represented by integer values) are converted into a
binary stream. The bits of same significance in the quantized
symbols (e.g., the most significant bit) are grouped together
forming the corresponding bitplane array. In [5, 6], these ar-
rays are independently turbo encoded, i.e., the turbo encoder
works on different bands independently. In our solution, the
input-length of turbo encoder was studied and we observed
better performance, working block by block.

Next, the Slepian–Wolf encoder based on TTCM codes
incorporates the bit plane extractor and then the Turbo Trel-
lis Encoder (depicted in Sect. 4.1). Each rate 1/2 compo-
nent encoder of our implementation has a constraint length
K = M + 1 = 4 and a generator polynomial of [1102] in
octal form. A pseudo-random interleaver is used in front
of the second constituent encoder. Only the parity bit se-
quence thus generated is retained in the parity buffers and
the systematic bits are discarded. The side information to-
gether with the parity bits passed from the encoder, upon re-
quest, form the PSK symbols to be processed in the TTCM
decoder. A multilevel set partitioning is done with the con-
stellation mapping of the TCM symbols in order to maintain
the maximum Euclidean distance between the information
bits. Where parity bits are not available due to puncturing
being effective, the symbol automatically reduces to a lower
modulation level. In the implementation under discussion, a
combination of 4 PSK and Binary-PSK is used based on the
availability of the parity bits for the constellation mapping.

5 Performance evaluation

In order to evaluate the rate–distortion performance of the
proposed architecture in this paper, four test sequences were
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Fig. 11 Quantization matrices
associated to our transform
domain DVC codec

Table 1 Main characteristics of the video test sequences

Video Sequence Name Container Foreman Hall Monitor Mother & Daughter

Total Number of Frames (evaluated) 300 300 300 300

Spatial resolution QCIF QCIF QCIF QCIF

Temporal Resolution 30 fps 30 fps 30 fps 30 fps

considered. Table 1 provides a brief description of the main
characteristic of each test sequence.

We split up this section into three different scenarios
which correspond to the next sections. The first one includes
the lossless coding performance where the key frames are
considered available in the decoder without compression. It
is an impracticable solution, but in this framework we can
focus on the performance just of the WZ frames and do not
take into account the effect of the degradable quality of key
frames. In the second scenario, we include the most reli-
able architecture introducing key frames coding (lossy cod-
ing scenario) and showing the performance of the whole ar-
chitecture. Finally, in the last one, we show a comparative
performance of our architecture with some of the state-of-
the-art techniques proposed in the literature.

In this entire scenario, we have considered only the lumi-
nance data in the RD performance. The puncturing pattern
is varied dynamically inside the codec, in order to gener-
ate an optimum decoded output with respected to the quan-
tized input fed to the encoder. Further, it is noted that our
implementation of the encoder uses a memory length of 3,
whereas the codec proposed in [6] uses length 4. Shorter
memory length means reduced computational complexity.
The maximum allowable decoding iterations number is 6,
in other solutions [6] it was considered 18 to allow the
turbo decoder to converge. Less iteration means less com-
plexity at the decoder. When we compare Pixel Domain
architecture with the Transform Domain, the only differ-
ences between both are the inclusion of DCT and the cor-
responding changing of the quantization (more significant
bitplanes in pixel domain instead of quantization matrices

in transform domain) and, when we compare Turbo Codes
with TTCM, the only change in the architecture is the en-
coder/decoder, the rest of modules and attributes inside them
are the same.

5.1 Lossless coding

This scenario shows the performance of our architectures
based on TTCM codes compared to the traditional ones
based on turbo codes when the key frames are available at
the decoder without any compression, which is well-known
in the literature such as lossless coding scenario. Figure 12
shows the RD performance where only the WZ frames for
rate and PSNR calculations have been considered. These re-
sults show the improvement of TTCM codes for both Pixel
and Transform Domain. For a better comparative perfor-
mance analysis of rate–distortion function, we also show
the average PSNR difference (�PSNR) and the average bit-
rate difference (�Bitrate) in the Table 2. The PSNR and bit-
rate differences are calculated according to the numerical
averages between the RD-curves derived from the proposed
transform domain DVC codec and the different codecs, re-
spectively. The detailed procedures in calculating these dif-
ferences can be found in the JVT document authored by
Bjontegaard [15]. Note that PSNR and bit-rate differences
should be regarded as equivalent, i.e., there is either the de-
crease in PSNR or the increase in bit-rate, but not both at the
same time.
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Fig. 12 RD performance for the lossless coding scenario

Table 2 Quantitative comparative performance (transform domain proposed vs. other architectures both for pixel and transform, and TC and
TTCM. Lossless coding of test sequences)

Container Foreman Hall Monitor Mother & Daughter

�Bitrate �PSNR �Bitrate �PSNR �Bitrate �PSNR �Bitrate �PSNR

(%) (dB) (%) (dB) (%) (dB) (%) (dB)

PDTC −261.62 0.418 −143.46 1.0 −92.6 0.459 −45.02 0.590

PD TTCM −28.07 0.262 −124.88 0.863 −33.21 0.321 −82.47 0.515

TD TC −20.22 0.07 −15.36 0.163 −10.3 0.036 −17.75 0.136

5.2 Lossy coding

Lossy coding scenario is referred in the literature when the
key frames of the sequence have been taken into account in
the work of the WZ frames. This scenario is more realis-
tic than the previous one, and these results can be useful to
generalize a better performance of the proposed architecture
for all possible situations. The key frames have been coded

using H.264 AVC Intra, where the QP factor has been cho-
sen following the criterion to keep the same quality of WZ
frames as Key frames. Tables 3 and 4 show theses QP se-
lections for both kinds of architectures: pixel and transform
domains. Figure 13 shows the RD performance for the lossy
key frames coding for the sequences under study and, the
average PSNR and bit-rate differences are shown in Table 5
in a similar way to Table 2.
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Table 3 QP selection for H.264 AVC [14] for key frames. Architecture in pixel domain

Video Sequence Name Container Foreman Hall Monitor Mother & Daughter

QP 4 12 24 21 17

QP 5 13 27 22 19

QP 6 13 28 24 19

QP 7 14 29 24 20

Table 4 QP selection for H.264 AVC [14] for key frames. Architecture in transform domain

Video Sequence Name Container Foreman Hall Monitor Mother & Daughter

(a) 12 20 20 14

(b) 12 23 22 17

(c) 13 26 24 18

(d) 13 27 24 19

(e) 14 28 24 19

(f) 15 29 25 20

Fig. 13 RD performance for the lossy coding scenario
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Table 5 Quantitative comparative performance (transform domain proposed vs. other architectures both for pixel and transform, and TC and
TTCM. Lossy coding of test sequences)

Container Foreman Hall Monitor Mother & Daughter

�Bitrate �PSNR �Bitrate �PSNR �Bitrate �PSNR �Bitrate �PSNR

(%) (dB) (%) (dB) (%) (dB) (%) (dB)

PDTC – 0.772 −566.24 1.787 −113.45 0.805 −119.65 0.797

PD TTCM – 0.710 −179.19 1.532 −52.52 0.6 −1393.0 0.723

TD TC −82.71 0.154 −16.89 0.328 −25.51 0.348 −17.18 0.150

Fig. 14 Proposed vs. H.264, Aaron, Brites, Wang, and Bernardini

5.3 Comparison with other known results

In this section, a comparative performance evaluation in
terms of the RD performance results of the proposed Trans-
form Domain Distributed Video Codec is carried out with
other transform domain architectures proposed in the liter-
ature, namely by Aaron, Brites, Wang, and Bernardini, de-
scribed in Sect. 3.2. In order to compare our results with
other architectures depicted in Sect. 3.2, we have employed
the side information generation proposed in [6] and we were
working in lossless key frames coding scenario. Figure 14
shows the results for the first 101 frames of the Foreman and
Mother & Daughter sequences. We also included the H.264
results for comparison.

Table 6 shows quantitative results of a better compara-
tive performance of rate–distortion function, in terms of the
average PSNR difference (�PSNR) and the average bit-rate
difference (�Bitrate). As seen in Table 6, the usage of our
transform domain DVC codec outperforms the other codecs
with significantly lower bit-rate.

Table 6 Quantitative Comparative Performance (Transform Domain
Proposed vs. H.264, Aaron, Brites, Wang, and Bernardini Architec-
tures. Foreman and Mother & Daughter Sequences)

Foreman Mother & Daughter

�Bitrate �PSNR �Bitrate �PSNR

(%) (dB) (%) (dB)

H.264 IBI 23.29 −1.572 41.02 −0.555

Brites et al. −118.9 0.579 −117.81 0.522

Wang et al. −48.08 0.77 – –

Bernardini et al. −133.67 1.052 – –

Aaron et al. −97.21 1.095 – 3.237

H.264 I −217.24 3.891 – –

6 Conclusion

This paper presented the utilization of TTCM in DVC in
contrast to the more conventional Turbo coding based im-
plementations, with its attractive high coding gain evident in
communications. The discussion was concentrated on mod-
ifying the transform domain DVC framework to use TTCM.
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The generation of TTCM symbols was distributed between
the DVC encoder and decoder to suit the Wyner–Ziv coding
framework. The simulation results show that the proposed
TTCM based codecs can significantly outperform the state-
of-the-art DVC codecs which are based on turbo codes.
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