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We advocate facial image compression technique in the scope of distributed source coding framework. The novelty of the proposed
approach is twofold: image compression is considered from the position of source coding with side information and, contrarily
to the existing scenarios where the side information is given explicitly; the side information is created based on a deterministic
approximation of the local image features. We consider an image in the overcomplete transform domain as a realization of a
random source with a structured codebook of symbols where each symbol represents a particular edge shape. Due to the partial
availability of the side information at both encoder and decoder, we treat our problem as a modification of the Berger-Flynn-Gray
problem and investigate a possible gain over the solutions when side information is either unavailable or available at the decoder.
Finally, the paper presents a practical image compression algorithm for facial images based on our concept that demonstrates the
superior performance in the very-low-bit-rate regime.
Copyright © 2006 Hindawi Publishing Corporation. All rights reserved.

1.

INTRODUCTION

The urgent demand of eﬃcient image representation is recognized by the industry and research community. Its necessity is highly increased due to the novel requirements of many
authentication documents such as passports, ID cards, and
visas as well as recent extended functionalities of wireless
communication devices. The document, ticket, or even entry pass personalization are often requested in many authentication or identification protocols. In most cases, classical
compression techniques developed for generic applications
are not suitable for these purposes.
Wavelet-based [1, 2] lossy image compression techniques
[3–6] have proved to be the most eﬃcient from the ratedistortion point of view for the rate range of 0.2–1 bits per
pixel (bpp). The superior performance of this class of algorithms is justified by both decorrelation and energy compaction properties of the wavelet transform and by the eﬃcient adaptive both interband (zero trees [5]) and intraband
(estimation quantization (EQ) [7, 8]) models that describe
the data in the wavelet subbands. Recent results in waveletbased image compression show that some modest performance improvement (in terms of peak signal-to-noise ratio
(PSNR) up to 0.3 dB) could be achieved either taking into
account the nonorthogonality of the transform [9] or using
more complex higher-order context models of wavelet coefficients [10].

During years, a standard benchmark database of images for wavelet-based compression algorithm evaluation
was used. It includes several 512 × 512 grayscale test images
(like Lena, Barbara, Goldhill) and the verification was performed for the rates 0.2–1 bpp. In some applications, which
include person authentication data like photo images or fingerprint images, the operational conditions might be diﬀerent. In this case, especially for strong compression (below
0.15 bpp), the resulting image quality of the state-of-the-art
algorithms is not satisfactory enough (Figure 1). Therefore,
for this kind of applications more advanced techniques are
needed to satisfy the fidelity constrains.
In this paper, we address the problem of classical waveletbased image compression enhancement by using side information within a framework of distributed coding of correlated sources. Recently, it was practically shown that it is
possible to achieve a significant performance gain when the
side information is available at the decoder, while the encoder
has no access to the side information [11]. Using the side information from an auxiliary analog additive white Gaussian
noise (AWGN) channel in the form of a noisy copy of the
input image at the decoder, it was reported a PSNR enhancement in the range of 1–2 dB depending on the test image
and the compression rate. It could be noted that the performance of this scheme strongly depends on the state of the
auxiliary channel, which should be known in advance at the
encoding stage. Moreover, it is assumed that the noisy copy
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Figure 1: (a) 256 × 256 8-bit test image Slava. Results of compression with rate 0.071 bits per pixel (bpp) using (b) JPEG2000 standard software (PSNR is 25.09 dB) and (c) state-of-the-art EQ coder
(PSNR is 26.36 dB).
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Figure 2: Slepian-Wolf coding.

of the original image should be directly available at the decoder. This situation is typical for the distributed coding in
the remote sensing applications or can be simulated as in
the case of analog and digital television simulcast [11]. In
the case of single-source compression, the side information
is not directly available at the decoder.
The main goal of this paper consists in the development of a concept of single-source compression within a
distributed coding framework using virtually created side information. This concept is based on the accurate approximation of a source data using a structured codebook, which
is shared by the encoder and decoder, and the communication of the residual approximation term within the classical
wavelet-based compression paradigm.
The paper is organized as follows. In Section 2, fundamentals of source coding with side information are presented. In Section 3, an approach for single-source distributed lossy coding is introduced. A practical algorithm for
a very-low-bit-rate compression of passport photo images is
developed in Section 4. Section 5 contains the experimental
results and Section 6 concludes the paper.
Notation 1. Scalar random variables are denoted by capital
letters X, bold capital letters X denote vector random variables,
letters x and x are reserved to denote the realization of scalar
and vector random variables, respectively. The superscript N is
used to denote N-length vectors xN = x = {x1 , x2 , . . . , xN },
where the ith element is denoted as xi . X ∼ pX (x) or X ∼ p(x)
indicates that a random variable X is distributed according to
pX (x). The mathematical expectation of a random variable
X ∼ pX (x) is denoted by E pX [X] or E[X]. H(X), H(X, Y ),
H(X | Y ) denote the entropy of the random variable X, the
joint entropy of the random variables X and Y , and the conditional entropy of the random variable X given Y , respectively.
By I(X; Y ) and I(X; Y | Z), we denote the mutual information

2.
2.1.

DISTRIBUTED CODING OF CORRELATED SOURCES
Slepian-Wolf encoding

Assume that it is necessary to encode two discrete-alphabet
pair wisely independent and identically distributed (i.i.d.)
random variables X and Y with joint distribution pXY (x, y) =
N
k=1 pXk Yk (xk , yk ). A Slepian-Wolf [12, 13] code allows performing lossless encoding of X and Y individually using two
separate encoders, and the decoding is performed jointly as
presented in Figure 2. Using a random binning argument, it
was shown that the eﬃciency of such a code is the same as in
the case when joint encoding is used. It means that the encoder bit rates pair (RX , RY ) is achievable when the following
relationships hold:
RX ≥ H(X | Y),
RY ≥ H(Y | X),
RX + RY ≥ H(X, Y).
2.2.

(1)

Lossy compression with side information

In the lossy compression setup, it is necessary to achieve the
minimal possible distortions for a given target coding rate.
Depending on the availability of side information, several
possible scenarios exist [14].
No side information is available
Imagine that it is needed to represent an i.i.d. source sequence X ∼ pX (x), X ∈ XN using the encoding mapping
fE : XN → {1, 2, . . . , 2NRX } and the decoding mapping fD :
{1, 2, . . . , 2NRX } → XN with the minimum average bit rate R
bits per element. The fidelity of representation is evaluated

using the average distortion D = (1/N) Nk=1 E[d(xk , xk )],
where the distortion measure d(x, x) is determined in general
N → R+ . Due to Shannon [12, 15], it
as a mapping XN × X
is well known that the optimal performance of such a compression system (Figure 3) (the minimal achievable rate for
certain distortion level) is determined by the rate-distortion
function,
RX (D) =



p(x|x):

min

x,x

p(x|x)d(x,x)≤D





I X; X .

(2)
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Figure 4: Wyner-Ziv coding.

In this case, the performance limits coincide with the previous case and the rate-distortion function could be determined using (2) [16].
Side information is available only at the decoder
(Wyner-Ziv coding)
Fundamental performance limits of source coding systems
with side information available only at the decoder (Figure 4)
were established by Wyner and Ziv [12, 17]. The Wyner-Ziv
problem could be formulated in the following way: given the
side information only at the decoder, what will be the minimum rate RX necessary to reconstruct the source X with average distortion less than or equal to a given distortion value
D? By other words, assume that we have a sequence of independent drawings of pairs {Xk , Yk } of dependent random
variables, {X, Y} ∼ p(x, y), (X, Y) ∈ XN × YN . Our goal
is to construct an RX -bits-per-element encoder fE : XN →
{1, 2, . . . , 2NRX } and joint decoder fD : {1, 2, . . . , 2NRX } ×
N such that the average distortion satisfies the fiYN → X
delity constraint:
 







=



p(x, y)p x | x, y ≤ D.

(3)

x,x

Using the asymptotic properties of random codes, it was
shown [17] that the set of achievable rate-distortion pairs of
such a coding system will be bounded by the Wyner-Ziv ratedistortion function:
RX (D)WZ
X |Y =

min

 

p(u|x)p(x|x,y)

I U; X) − I(U; Y ) ,

(4)

where the minimization is performed over all p(u | x)p(x |
x, y) and all decoder functions fD satisfying the fidelity constraint (3). U is an auxiliary random variable such that |U| ≤
|X| + 1 and Y → X → U forms a Markov chain. Hence, (4)
could be rewritten as follows:
RX (D)WZ
X |Y =

min

p(u|x)p(x|x,y)

NRX
Joint
decoder

Y

Figure 5: Berger-Flynn-Gray coding.

Side information is available only at the encoder

E d X, fD Y, fE (X)

Encoder X

I(U; X | Y ),

(5)

where the minimization is performed over all p(u | x)p(x |
x, y) subject to the fidelity constraint (3).
It is worth to note that for the case of zero distortions, the
Wyner-Ziv problem corresponds to the Slepian-Wolf problem, that is, RX (0)WZ
X |Y = H(X | Y ).

Lossy compression of correlated sources
(Berger-Flynn-Gray coding)
This problem was investigated by Berger [18] and Flynn and
Gray [19], and the general scheme is presented in Figure 5.
As in the previous case, Berger-Flynn-Gray coding refers
to the sequence of pairs {X, Y} ∼ p(x, y), (X, Y) ∈ XN × YN ,
where now Y is available at both encoder and decoder, while
in the Wyner-Ziv problem it was available only at the decoder. It is necessary to construct an RX -bits-per-element
joint coder fE : XN × YN → {1, 2, . . . , 2NRX } and a joint deN such that the avercoder fD : {1, 2, . . . , 2NRX } × YN → X
age distortion satisfies E[d(X, fD (Y, fE (X, Y)))] ≤ D. In this
case, the performance limits are determined by the conditional rate-distortion function,





RX (D)BFG
X |Y = min I X; X | Y ,
p(x|x,y)

(6)

where the minimization is performed over all p(x | x, y) subject to the fidelity constraint (3). The Berger-Flynn-Gray rate
in (6) is, in general, smaller than the Wyner-Ziv rate (5) since
the availability of the correlated source Y at both encoder and
decoder makes possible to reduce the ambiguity about X.
Comparing the rate-distortion performance of diﬀerent
coding scenarios with the side information, it should be
noted that, in general, the following inequalities hold [20]:
BFG
RX (D) ≥ RX (D)WZ
X |Y ≥ RX (D)X |Y .

(7)

The last inequality becomes equality, that is, RX (D)WZ
X |Y =
RX (D)BFG
,
only
for
the
case
of
Gaussian
distribution
of the
X |Y
source X and mean square error (MSE) distortion measure.
For any other pdf, performance loss exists in the Wyner-Ziv
coding. It was shown in [20] that this loss is upper bounded
by 0.5 bit,
BFG
RX (D)WZ
X |Y − RX (D)X |Y ≥ 0.5.

(8)

Therefore, due to the fact that natural images have highly
non-Gaussian statistics [8, 21, 22], compression of this data
using the Wyner-Ziv strategy will always lead to the performance loss. The main goal of subsequent sections consists in
the extension of the classical distributed coding setup to the
case of a single-source coding scenario in the very-low-bitrate regime.
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(b)

one represents edges and textures. It is supposed that the
samples from the latter subset propagate along the transition
direction (Figure 7(c)). Accurate tracking of the region separation boundary in the coordinate domain setup or transition profile propagation in the transform domain setup allowed to achieve image denoising results that are among the
state-of-the-art for the case of AWGN [24].

(a)

3.2.

Codebook construction

(c)

Figure 7: (a) Test image Slava and its fragment (marked by square):
two-region modeling of the fragment, (b) in the coordinate domain,
and (c) in the nondecimated wavelet transform domain.

3.

PRACTICAL APPROACH: DISTRIBUTED SOURCE
CODING OF A SINGLE SOURCE

3.1. Coding block diagram
The block diagram of a practical single-source distributed
coding system with side information is presented in Figure 6.
The system consists of two main functional parts. The first
part includes the main encoder that is working as a classical
quantization-based lossy coder with varying rates. The second part includes the block of transition detection that approximates the image edges and creates some auxiliary image
Y, as a close approximation to X. The index encoder communicates the parameters of approximation model to the decoder. The shape codebook is shared by both transition detection block and decoder.
The intuition behind our approach is based on the assumption that natural images in the coordinate domain can
be represented as a union of several stationary regions of different intensity levels or in the nondecimated wavelet transform domain [23] using edge process (EP) model. This assumption and the EP model have been used in our previous
work in image denoising where promising results have been
reported [24].
Under the EP model, an image in the coordinate domain
(Figure 7(a)) is composed of a number of nonoverlapping
smooth regions (Figure 7(b)). Accordingly, in the critically
sampled or nondecimated wavelet transform domain, it is
represented as a union of two types of subsets: the first one
contains all samples from flat image areas, while the second

Contrarily to the image denoising setup, in the case of lossy
wavelet-based image compression we are interested in considering not the behavior of edge profile along the direction
of edge propagation, but the diﬀerent edge profiles. Due to
the high variability of edge shapes in real images and the
corresponding complexity of the approximation problem, we
will exploit a structured codebook for shape representation.
It means that several types of shapes will be used to construct a codebook where each codeword represents one edge
of some magnitude. A schematic example of such a codebook is given in Figure 8, where several diﬀerent edge profiles
are exploited for image approximation. This structured codebook has a coset-based structure, where each coset contains
the selected triple of edge profiles of a certain amplitude.
More formally, the structured codebook Y = {y(i)},
where i = 1, 2, . . . , M, and a coset (9) can be represented as
in Figure 9:
⎧ 1
⎫
1
1
⎪
(i)⎪
⎪
⎪
⎪ y12 (i) y22 (i) · · · yN
⎪
⎪
2
⎪
⎪
(i)⎪
⎨ y1 (i) y2 (i) · · · yN
⎬

y(i) = ⎪ ..
..
.. ⎪ .
..
⎪
.
.
.
. ⎪
⎪
⎪
⎪
⎪
⎪
⎩ y J (i) y J (i) · · · y J (i)⎪
⎭
1
2
N

(9)

Here, y j (i) represents the shape j from the shape coset i. All
shape cosets i consist of the same shape profiles, that is, j ∈
{1, 2, . . . , J }, and i ∈ {1, 2, . . . , M } for the example presented
in Figure 8.
Important points about the codebook are as follows: (a)
it is image independent, (b) the considered shapes are unidimensional, (c) the codewords shape could be expressed analytically, for instance, using apparatus of splines, and (d) the
codebook dimensionality is determined by the type of transform used and the compression regime. Therefore, a concept
of successive construction refinement [25] of the codebook
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Figure 10: Successive refinement codebook construction.
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· · · yN (M)

Figure 9: Structured codebook: shape coset index i (or magnitude)
is communicated explicitly by the main encoder as transition location and magnitude of quantized coeﬃcients, and shape index j
( j ∈ {1, 2, . . . , J }) is encoded by index encoder.

might be used. The intuition behind this approach could be
explained using the coarse-fine quantization framework presented in Figure 10.
It means that for the case of high compression ratios,
when there is not much rate to code the shape index, a single
shape profile will be used (like a coarse quantizer). In other
regimes (at medium or at high rates), it is possible to improve
the fidelity of approximation adding more edge shapes to the
codebook. In this case, we could assume that the high-rate
quantization assumption becomes valid.
The task of real edge approximation according to the
shape codebook can be formulated, for instance, like a classical  2 norm approximation problem,
y j (i) =

argmin



x − y j (i)2 ,

Fine
codebook

(10)

{y j (i)}, 1≤i≤M, 1≤ j ≤J

where the minimization is performed over the whole codebook in each image point.
3.3. Practical implementation: high-, medium-,
and low-bit-rate regimes
It is clear that in the presented setup, the computational complexity of image approximation in each point will be significant, and can be unacceptable in some realtime application
scenarios. To simplify the situation, searching space dimensionality might be significantly reduced using techniques that
simplify the edge localization. Canny edge detector [26] can
be used for this purpose.
The edge of a real image could be considered as a
noisy or distorted version of the corresponding codeword
j
j
j
{ y1 (i), y2 (i), . . . , yN (i)} (edge shape) with respect to the
codebook Y, that is, some correlation between an original

edge and a codeword can be assumed. Therefore, the structure of the codebook is similar to the structure of a channel
coset code [27], meaning that the distance between codewords of equal magnitude (Figure 8) in the transform domain should be large enough to perform correct shape approximation.
The coding strategy can be performed in a distributed
manner. In general, the main encoder performs the quantization of the edge and communicates the corresponding indices of reconstruction levels to the decoder. This information is suﬃcient to determine the shape coset index i at the
decoder for diﬀerent compression regimes, including even
very-low-bit-rate regime (besides the case when quantization to zero is performed). The index j of edge shape within
a coset is communicated by the index encoder to the decoder. Having the coset index and the shape index, the decoder looks in the coset bin i for y j (i) and generates the reproduction sequence x = fD (x (i), y j (i)), where x (i) is the
data reproduced at the decoder based only on the index i.
In the case of high rates, the main encoder performs a
high-rate (high-accuracy) approximation of the image edges.
It means that the index encoder does not produce any output,
that is, both edge magnitude and edge shape could be reconstructed directly from the information contained in the main
decoder bit stream. Therefore, the role of side information
represented by the fine codebook consists in the compensation of quantization noise influence.
For middle rates, the edge magnitude prediction is still
possible using the main encoder bitstream. However, the
edge shape approximation accuracy for this regime is not
high enough to estimate the edge shape and its index should
be communicated to the decoder by the index encoder. One
can note that in such a way we end up with vector-like edge
quantization using the oﬀ-line designed edge codebook. The
role of the side information remains similar to the previous case and targets the compensation of quantization error.
At low rates, a single codeword (optimal in the mean
square error sense) should be chosen to represent all shapes
within the given image (coarse codebook in Figure 10). In
more general case, one can choose a single shape codeword
that is the same for all images. This is a valid assumption for
the compression of image databases with the same type of
images. Contrarily to the above case of middle rates, the decoder operates with a single edge codeword that can be applied to all cases where the edge coeﬃcients are partially preserved in the corresponding subbands. Moreover, the edge
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reconstruction is possible even when the edge coeﬃcients
in some subbands are completely discarded by the deadzone
quantization.
The practical aspects of implementation of the presented
single source coding system with side information are out
of the scope of the paper. In the following section, we will
present an application of the proposed framework to the
very-low-bit-rate compression of passport photo images.

14
10
6
2
−2
−6

4.

DISTRIBUTED CODING OF IMAGES WITH
SYMMETRIC SIDE INFORMATION:
COMPRESSION OF PASSPORT PHOTOS
AT VERY LOW BIT RATES

In this section, the case of single source distributed coding
system with side information is discussed for the case of
very-low-bit-rate (less than 0.1 bpp) compression of passport
photo images. The importance of this task is justified by the
urgent necessity to store personal information on the capacity restricted media authentication documents that include
passports, visas, ID cards, driver licenses, and credit cards using digital watermarks, barcodes, or magnetic strips. In this
paper, we assume that the images of interest are 8-bit gray
scale images of 256 × 256 size. As it was shown in Figure 1,
existing compression tools are unable to provide the satisfactory quality solution to this task.
The scheme presented in Figure 6 is used as a basic setup
for this application. As it was discussed earlier, for the case
of very-low-bit-rate regime, only one shape profile (simple
step edge) is exploited. Therefore, index encoder is not used
in this particular case since only one index is possible as its
output and, therefore, it is known a priory by the decoder.
Certainly, better performance can be expected if one approximates transitions using complete image codeword (Figure 6).
The price to pay for that is additional log2 J bits of side information per shape, where J is the number of edge shapes
within each coset.
In the next subsections, we discuss in details the particularities of encoding and decoding at the very-low-bit rates.
4.1. Transition detection
Encoding
Due to the fact that high-contrast edges consume a significant amount of the allocated bit budget for the complete image storage, it would be beneficial from the reconstructed image quality perspective to reduce the ambiguity about these
image features.
On the first step, the position of the principal edges (the
edges with the highest contrast) is detected using the Canny
edge detector. Due to the fact that the detection result is
not always precise (some position deviation is possible), actual transition location is detected using the zero-crossing
concept.
Zero-crossing concept is based on the fact that in the nondecimated wavelet transform domain (algorithm a trois [23]

−10

Zero-crossing point

−14

1st subband
2nd subband

3rd subband
4th subband

Figure 11: Zero-crossing concept: 4-level decomposition of the step
edge in the nondecimated domain.

is used for its implementation) all the representations of an
ideal step edge from diﬀerent decomposition levels in the
same spatial orientation cross the horizontal axis in the same
point referred to as the zero-crossing point (Figure 11). This
point coincides with a spatial position of the transition in
the coordinate domain. Besides, the magnitudes of principle peaks (maximum and minimum values of the data in
the vicinity of transition in the nondecimated domain) of
the components are related pairwise from high to low frequencies with certain fixed ratios which are known in advance. Therefore, when the position of the zero-crossing point
is given and, at least, one of the component peak magnitudes
is known from original step edge, it is possible to predict and
to reconstruct the missing data components with no error.
Consequently, if it is known at the decoder that an ideal
step edge with a given amplitude is presented in a given image
location, it is possible to assign zero rate to the predictable
coeﬃcients at the encoder, allowing higher quality reconstruction of unpredictable information.
Decoding
For this mode, it is assumed that the low-resolution version
of the original data obtained using main encoder bitstream
is already available. Detection of the coarse positions of main
edges is performed on the interpolated image analogically to
the encoder case. To adjust detection results, a new concept
of zero-crossing detection is used.
In the targeted very-low-bit-rate compression scenario,
the data are severely degraded by quantization. To make zerocrossing detection more reliable in this case, more levels of
the nondecimated wavelet transform can be used. The additional reliability is coming from the fact that the data at
the very low-frequency subbands almost do not suﬀer from
quantization. The gain in this case is limited by the information that is still presented at these low frequencies: only the
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2

at both encoder and decoder, the gain in the rate-distortion
sense of coding the Gaussian mixture instead of the global
Laplacian source is given by

Maximum (3rd)
1

Maximum (4th)

RL (D) − RMG (D) ≈ 0.312 bit/sample,

(12)

0

−1

Zero-crossing point
−2

3rd subband
4th subband

Figure 12: Zero-crossing concept: decoding stage.

edges propagating in all the subbands could be detected in
such a way.
In order to reconstruct high-frequency subbands, both
edge position and edge magnitude are predicted using
low-frequency subbands. In Figure 12, the position of the
zero-crossing point is estimated based on the data from the
3rd and 4th subbands. Having their maximum magnitude
values, the reconstruction of high frequency subbands can
be performed accurately based on the fixed magnitude relationships (Figure 11).
4.2. Main encoder
To justify the main encoder structure, we would like to point
out that the main gain achieved recently in wavelet-based
lossy transform image coding is due to the accuracy of the
underlying stochastic image model.
One of the most eﬃcient and accurate stochastic image models that represent images in the wavelet transform
domain is based on the parallel splitting of the Laplacian
source firstly introduced by Hjorungnes et al. [28]. The main
underlying assumption here is that global i.i.d. zero-mean
Laplacian data can be represented, without loss according to
the Kullback-Leibler divergence, using an infinite mixture of
Gaussian pdfs with zero-mean and exponentially distributed
variances,
λ (−λ|x|)
=
e
2

∞
0

1
2
2
2
e(x /2σ ) λe(−λσ ) dσ 2 ,
2πσ 2

√

(11)

where λ is the parameter of the Laplacian distribution. The
Laplacian distribution is often used to model the global
statistics of the high-frequency wavelet coeﬃcients [8, 21,
22].
Hjorungnes et al. [28] were the first who demonstrated
that, if the side information (the local variances) are available

where RL (D) and RMG (D) denote the rate-distortion functions for the global i.i.d. Laplacian source and the Gaussian
mixture, respectively.
The practical problem of the side information communication to the decoder was elegantly solved in [7, 8]. The
developed EQ coder is based on the assumption of the slow
varying nature of the local variances of the high-frequency
subband image samples. As a consequence, this variance can
be accurately estimated (predicted) given its quantized causal
neighborhood.
According to the EQ coding strategy, the local variances
of the samples in the high-frequency wavelet subbands are estimated based on the causal neighborhood using maximum
likelihood strategy. When it is available, the data from the
parent subband are also included to enhance the estimation
accuracy.
At the end of the estimation step, the coeﬃcients are
quantized using a uniform threshold quantizer selected accordingly to the results of the rate-distortion optimization.
In particular, the Lagrange functional should be minimized,
that on the sample level is given by
yi = ri + λdi ,

(13)

where ri is the rate corresponding to the entropy of the quantizer output applied to the ith sample, di is the corresponding
distortion, and λ is the Lagrange multiplier. The encoding of
the quantized data is performed using the bin probabilities
of the quantizers, where the samples fall, by an arithmetic
coder.
While at the high-rate regime the approximation of the
local variance field by its quantized version is valid, in the
case of low rates it fails. The reason for that is the quantization to zero most of the data samples that makes local variance estimation extremely inaccurate.
The simple solution proposed in [7, 8] consists in the
placement of all the coeﬃcients that fall into the quantizer
deadzone in the so-called unpredictable class, and the rest in
the so-called predictable class. The samples of the first one
are considered to be distributed globally as an i.i.d. generalized Gaussian distribution, while the infinite Gaussian mixture model is used to capture the statistics of the samples in
the second one. This separation is performed using a simple rate-dependent thresholding operation. The parameters
of the unpredictable class are exploited in the rate-distortion
optimization and are sent to the decoder as side information.
The experimental results presented in [7, 8] allow to conclude about the state-of-the-art performance of this technique in the image compression application.
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Table 1: Benchmarking of the developed compression method versus existing lossy encoding techniques.
Slava (PSNR, dB)
Bytes
(bpp)

300
(0.037)
400
(0.049)
500
(0.061)
600
(0.073)
700
(0.085)
800
(0.099)

ROI
JPEG
2000

ROI
SPIHT

EQ

21.04

25.27

22.77

Julien (PSNR, dB)
DSSC

ROI
JPEG
2000

ROI
SPIHT

EQ

10.33

25.93

19.87

22.82

26.08

18.56

26.81

21.47

24.92

26.85

22.36

27.41

25.78

27.41

25.96

26.66

27.96

27.39

28.56

Jose (PSNR, dB)
DSSC

ROI
JPEG
2000

ROI
SPIHT

EQ

DSSC

9.76

23.35

20.76

26.11

10.39

27.29

23.43

17.94

23.89

23.21

27.30

19.86

28.27

23.07

23.81

21.86

24.15

25.50

28.20

25.09

28.81

27.85

23.78

24.17

22.81

24.28

26.39

28.74

27.09

29.10

27.12

28.09

24.53

24.44

23.61

24.50

28.08

29.31

28.37

29.35

27.71

28.16

25.04

24.68

24.24

24.56

28.72

29.89

29.31

29.46

position of the rectangular region-of-interest, and four bytes
characterizing the background brightness.
4.3.
(a)

(b)

Figure 13: Test image Slava: (a) region of interest and (b) background four-quadrant splitting.

Motivated by the EQ coder performance, we designed
our main encoder using the same principles with several
modifications as follows:
(i) at the very-low-bit-rate regime, most of the information at the first and the second wavelet decomposition
levels is quantized to zero. We assume that all the data
about strong edges could be reconstructed with some
precision using the side information and do not allocate any rate to these subbands;
(ii) high-frequency subbands of the third decomposition
level are compressed using a region of interest strategy
(Figure 13(a)), where the region of interest is indicated
using three extra bytes. The image regions outside of
the region of interest will be reconstructed using lowfrequency information, and four extra bytes for the
mean brightness of the background of the photo image in four quadrants (Figure 13(b));
(iii) a 3 × 3 causal window is applied for local variance estimation;
(iv) no parent dependencies are taken into account on the
stochastic image model, and only samples from the
given subband are used [29].
The actual bitstream from the encoder is constituted by
the data from the EQ encoder, three bytes determining the

Index encoder

As it was mentioned in the previous subsection, only one
edge profile (the step edge) is used at the very-low-rate
regime. Thus, index encoder does not produce any output.
4.4.

Decoder

The decoder performs the reconstruction of the compressed
data using the main encoder output and the available side
information. The bitstream of the main encoder is decompressed by the EQ decoder. The fourth wavelet transform decomposition level is decompressed using classical algorithm
version, and the third level is reconstructed using region of
interest EQ decoding.
Having two lowpass levels of decomposition, the lowresolution reconstruction (with two high-frequency decomposition levels equal to zero) of the original photo using
wavelet transform is obtained. Final reconstruction of highquality data is performed based on the interpolated image,
and the transition detection block information in the nondecimated wavelet transform domain.
5.

EXPERIMENTAL RESULTS

In this section, we present the experimental results of verylow-bit-rate passport photo compression based on the proposed framework of distributed single source coding with
symmetrical side information (DSSC). A set of 11 images
were used in our experiments. The results for three of them
are presented in Table 1, Figures 14 and 15 versus those provided by the standard EQ algorithm as well as JPEG2000 with
region of interest coding (ROI-JPEG2000) [30] and set partitioning in hierarchical trees algorithm with region of interest
coding (ROI-SPIHT) [31].

9
25

27

24

25

30

PSNR (dB)

29

PSNR (dB)

PSNR (dB)

J. E. Vila-Forcén et al.

23

28

26

22

23

24

21

21
300

400

500
600
Bytes

ROI-JPEG 2000
ROI-SPIHT

700
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700
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ROI-JPEG 2000
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EQ
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Figure 14: Benchmarking of the developed compression method versus existing lossy encoding techniques: (a) Slava, (b) Julien, and (c) Jose
test images.

(1a)

(1b)

(1c)

(1d)

(1e)

(1f)

(1g)

(1h)

(1i)

(2a)

(2b)

(2c)

(2d)

(2e)

(2f)

(2g)

(2h)

(2i)

(3a)

(3b)

(3c)

(3d)

(3e)

(3f)

(3g)

(3h)

(3i)

Figure 15: Experimental results. The first column: the original test images; the second column: ROI-JPEG2000 compression results for the
rate 400 bytes; the third column: ROI-SPIHT compression results for the rate 400 bytes; the fourth column: EQ compression results for the
rate 400 bytes; the fifth column: DSSC compression results for the rate 400 bytes; the sixth column: ROI-JPEG2000 compression results for
the rate 700 bytes; the seventh column: ROI-SPIHT compression results for the rate 700 bytes; the eighth column: EQ compression results
for the rate 700 bytes; and the ninth column: DSSC compression results for the rate 700 bytes.

The performance is evaluated in terms of the peak signalto-noise ratio PSNR = 10 log10 (2552 / x − x 2 ).
The obtained results allow to conclude about the proposed method advantages over the selected competitors for
compression rates below 0.09 bpp in terms of both visual
quality and PSNR. Performance loss at higher rate in our case
in comparison with ROI-SPIHT and ROI-JPEG2000 is explained by the necessity of algorithm performance optimization for this rate regime that includes a modification of the
unpredictable class definition.

6.

CONCLUSIONS

In this paper, the problem of distributed source coding of a
single source with side information was considered. It was
shown that the compression system optimal performance
for non-Gaussian sources can be achieved using the BergerFlynn-Gray coding setup. A practical very-low-bit-rate compression algorithm based on this setup was proposed for coding of passport photo images. Experimental validation of this
algorithm performed on a set of passport photos allows to

10
conclude its superiority over a number of existing encoding techniques at rates below 0.09 bpp in terms of both visual quality and PSNR. The realized performance loss of the
developed algorithm at rates higher than 0.09 bpp is justified by the necessity of its parameters optimization for this
rate range. This extension is a subject of our ongoing research.
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Special Issue on
Super-resolution Enhancement of Digital Video
Call for Papers
When designing a system for image acquisition, there is generally a desire for high spatial resolution and a wide fieldof-view. To achieve this, a camera system must typically employ small f-number optics. This produces an image with
very high spatial-frequency bandwidth at the focal plane. To
avoid aliasing caused by undersampling, the corresponding
focal plane array (FPA) must be suﬃciently dense. However,
cost and fabrication complexities may make this impractical.
More fundamentally, smaller detectors capture fewer photons, which can lead to potentially severe noise levels in the
acquired imagery. Considering these factors, one may choose
to accept a certain level of undersampling or to sacrifice some
optical resolution and/or field-of-view.
In image super-resolution (SR), postprocessing is used to
obtain images with resolutions that go beyond the conventional limits of the uncompensated imaging system. In some
systems, the primary limiting factor is the optical resolution
of the image in the focal plane as defined by the cut-oﬀ frequency of the optics. We use the term “optical SR” to refer to SR methods that aim to create an image with valid
spatial-frequency content that goes beyond the cut-oﬀ frequency of the optics. Such techniques typically must rely on
extensive a priori information. In other image acquisition
systems, the limiting factor may be the density of the FPA,
subsequent postprocessing requirements, or transmission bitrate constraints that require data compression. We refer to
the process of overcoming the limitations of the FPA in order
to obtain the full resolution aﬀorded by the selected optics as
“detector SR.” Note that some methods may seek to perform
both optical and detector SR.
Detector SR algorithms generally process a set of lowresolution aliased frames from a video sequence to produce
a high-resolution frame. When subpixel relative motion is
present between the objects in the scene and the detector array, a unique set of scene samples are acquired for each frame.
This provides the mechanism for eﬀectively increasing the
spatial sampling rate of the imaging system without reducing the physical size of the detectors.
With increasing interest in surveillance and the proliferation of digital imaging and video, SR has become a rapidly
growing field. Recent advances in SR include innovative algorithms, generalized methods, real-time implementations,

and novel applications. The purpose of this special issue is
to present leading research and development in the area of
super-resolution for digital video. Topics of interest for this
special issue include but are not limited to:
•
•
•
•

Detector and optical SR algorithms for video
Real-time or near-real-time SR implementations
Innovative color SR processing
Novel SR applications such as improved object
detection, recognition, and tracking
• Super-resolution from compressed video
• Subpixel image registration and optical flow
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Special Issue on
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Intelligence Techniques for Power Line Communications
Call for Papers
In recent years, increased demand for fast Internet access and
new multimedia services, the development of new and feasible signal processing techniques associated with faster and
low-cost digital signal processors, as well as the deregulation
of the telecommunications market have placed major emphasis on the value of investigating hostile media, such as
powerline (PL) channels for high-rate data transmissions.
Nowadays, some companies are oﬀering powerline communications (PLC) modems with mean and peak bit-rates
around 100 Mbps and 200 Mbps, respectively. However,
advanced broadband powerline communications (BPLC)
modems will surpass this performance. For accomplishing it,
some special schemes or solutions for coping with the following issues should be addressed: (i) considerable diﬀerences
between powerline network topologies; (ii) hostile properties
of PL channels, such as attenuation proportional to high frequencies and long distances, high-power impulse noise occurrences, time-varying behavior, and strong inter-symbol
interference (ISI) eﬀects; (iv) electromagnetic compatibility
with other well-established communication systems working in the same spectrum, (v) climatic conditions in diﬀerent parts of the world; (vii) reliability and QoS guarantee for
video and voice transmissions; and (vi) diﬀerent demands
and needs from developed, developing, and poor countries.
These issues can lead to exciting research frontiers with
very promising results if signal processing, digital communication, and computational intelligence techniques are effectively and eﬃciently combined.
The goal of this special issue is to introduce signal processing, digital communication, and computational intelligence
tools either individually or in combined form for advancing
reliable and powerful future generations of powerline communication solutions that can be suited with for applications
in developed, developing, and poor countries.
Topics of interest include (but are not limited to)
• Multicarrier, spread spectrum, and single carrier tech-

niques
• Channel modeling

•
•
•
•
•

Channel coding and equalization techniques
Multiuser detection and multiple access techniques
Synchronization techniques
Impulse noise cancellation techniques
FPGA, ASIC, and DSP implementation issues of PLC
modems
• Error resilience, error concealment, and Joint sourcechannel design methods for video transmission
through PL channels
Authors should follow the EURASIP JASP manuscript format described at the journal site http://asp.hindawi.com/.
Prospective authors should submit an electronic copy of their
complete manuscripts through the EURASIP JASP manuscript tracking system at http://www.hindawi.com/mts/, according to the following timetable:

Manuscript Due

October 1, 2006

Acceptance Notification

January 1, 2007

Final Manuscript Due

April 1, 2007

Publication Date

3rd Quarter, 2007

GUEST EDITORS:
Moisés Vidal Ribeiro, Federal University of Juiz de Fora,
Brazil; mribeiro@ieee.org
Lutz Lampe, University of British Columbia, Canada;
lampe@ece.ubc.ca
Sanjit K. Mitra, University of California, Santa Barbara,
USA; mitra@ece.ucsb.edu
Klaus Dostert, University of Karlsruhe, Germany;
klaus.dostert@etec.uni-karlsruhe.de
Halid Hrasnica, Dresden University of Technology, Germany hrasnica@ifn.et.tu-dresden.de

Hindawi Publishing Corporation
http://asp.hindawi.com

EURASIP JOURNAL ON APPLIED SIGNAL PROCESSING

Special Issue on
Numerical Linear Algebra in Signal Processing
Applications
Call for Papers
The cross-fertilization between numerical linear algebra and
digital signal processing has been very fruitful in the last
decades. The interaction between them has been growing,
leading to many new algorithms.
Numerical linear algebra tools, such as eigenvalue and singular value decomposition and their higher-extension, least
squares, total least squares, recursive least squares, regularization, orthogonality, and projections, are the kernels of powerful and numerically robust algorithms.
The goal of this special issue is to present new eﬃcient and
reliable numerical linear algebra tools for signal processing
applications. Areas and topics of interest for this special issue
include (but are not limited to):
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• Singular value and eigenvalue decompositions, in-

cluding applications.
• Fourier, Toeplitz, Cauchy, Vandermonde and semi•
•
•
•

separable matrices, including special algorithms and
architectures.
Recursive least squares in digital signal processing.
Updating and downdating techniques in linear algebra and signal processing.
Stability and sensitivity analysis of special recursive
least-squares problems.
Numerical linear algebra in:
• Biomedical signal processing applications.
• Adaptive filters.
• Remote sensing.
• Acoustic echo cancellation.
• Blind signal separation and multiuser detection.
• Multidimensional harmonic retrieval and direction-of-arrival estimation.
• Applications in wireless communications.
• Applications in pattern analysis and statistical
modeling.
• Sensor array processing.
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