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Abstract

In this thesis, a robust and efficient still image compression/decompression
system based on a fixed-length bit stream syntax is developed.

In the first part of the thesis, the current state of the standardization efforts
of the JPEG2000 project is reviewed. The current release of the Verification
Model (VM), i.e., 2.1, is investigated with regard to a bit stream syntax
which is robust to channel errors. The VM2.1 encoding system consists of
a subband decomposition, i.e., a discrete wavelet transform, a trellis coded
quantizer and a following binary arithmetic bit plane encoder with causal
contexts which provides variable-length code words to be transmitted over
error-prone channels.

Fixed-length coding is then, in the second part of the thesis, considered
to enable the decoder to re-establish synchronization which is usually lost
when transmitting variable-length codes over noisy channels. For a given
channel capacity, the objective is to minimize the mean-squared error bet-
ween the wavelet samples to be quantized and the reconstructed samples.
Nonuniform scalar Lloyd-Max quantizers are then employed, taking both the
source statistics and the rate constraint into account. Also, scalar quantiza-
tion (SQ) requires an optimal bit allocation procedure which is derived with
respect to the statistics of the wavelet samples and the preceeding subband
decomposition. For binary symmetric channels and burst error channels, it
is demonstrated that SQ yields significant improvements in PSNR, whereas
in the error-free case image quality degradations have to be accepted.

In the last part of the thesis, two codec structures for progressive coding
using nonuniform scalar quantizers are investigated. First, a look at the
VM with included SQ, where transform-based hierarchical coding is enabled,
is taken. There, it is possible to decode progressively, whereas it is found
that a hierarchical tree structure of scalar quantizers is not efficient for this
purpose.
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Chapter 1

Introduction

Given the explosive growth in multimedia communication and the wide use
of digital imaging materials, transmission of compressed still images over
error-prone channels has already become a very large market. Applica-
tions include Internet, mobile and wireless communications, surveillance,
etc. Therefore, it is important to provide coding algorithms that are inher-
ently robust to errors and that also define a robust bit stream syntax which
allow the concealement of errors.

1.1 Still Image Compression

The need for image compression becomes apparent when one computes the
number of bits required to represent a still image in digital form, i.e., in
binary data. For example, a 24 x 36 mm (35 mm) negative photograph
scanned at 12 pgm has 3000 x 2000 pel/color and, with a pixel representa-
tion of 8 bit/pel and 3 colors, needs 144 x 10° bits for its storage. Besides
the large requirements for memory, the transmission of the binary data over
a typical channel with a capacity of 64 kbit/s would approximately take
38 minutes, which is unacceptable in most applications.

Performance improvements and significant cost reductions of image scanners
and electronic still-cameras as well as improved sensors and associated elec-
tronics in satellite and medical imaging lead to a dramatic increase of the
number of digital still images being generated in recent years. Computer-
generated images are also becoming a major source of digital data.

The goal is therefore to obtain significant savings in the memory needed for
image storage and in the channel capacity required for image transmission.
This is being addressed by image compression. Still image compression aims
at taking advantage of the significant amount of redundancy usually con-
tained in a digital image. With respect to the perception of the human visual
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system (HVS), the redundancy and superfluous information is removed. The
goal hereby is to maximize the image quality for a given compression ratio.

1.2 Image Compression Standardization Activities

In recent years, large efforts have been made in standardizing image compres-
sion algorithms. For the compression standardization of continuous-tone,
still-frame, monochrome and color images a committee known as the Joint
Photographic Experts Group (JPEG) has been founded. The standards al-
ready released by this committee are IS 10918-1 (JPEG), IS 10918-2 and
IS 10918-3, as well as IS 10918-4 [1]. They not only facilitate the exchange
of images across application boundaries, but also help to reduce significantly
the cost of specialized hardware required in many real time image compres-
sion systems.

Currently, a new standard is being developed by the same standardization
subgroup, i.e., ISO/IEC JTC1/SC29/WG1. In this project, called JPEG-
2000, European needs are being addressed by the ESPRIT Working Group
(WG) EuroStill. The topic of this thesis has been proposed by the Core
Experiment Ad-Hoc Group (CEAHG) and is addressed by the Subgroup for
Error Resilience.

1.3 JPEG2000 Requirements

The next generation compression standard JPEG2000 is intended to ad-
vance standardized image coding systems to serve applications into the next
millenium. The main purpose of JPEG2000 is to offer a performance supe-
rior to the current JPEG standards at low bit rates, i.e., below 0.25 bpp,
for highly detailed gray-scale images without sacrifying performance on the
rest of the rate-distortion (RD) spectrum. Additionally, it will also provide
a wide set of features vital to many high-end and emerging imaging applica-
tions. JPEG2000 features and requirements are formulated in [2]. The ones
specially addressed in this thesis are:

1. Transmission in noisy environments : In the current JPEG standard
the image quality suffers dramatically when channel errors are en-
countered. JPEG2000 must be robust to errors due to noise in the
environment. [ts syntax shall provide an error resilience capability to
contain and conceal errors in order to minimize the effects of chan-
nel errors. Proper design of the code stream shall aid subsequent error
correction systems in alleviating catastrophic decoding failures. Errors
that may be encountered are random errors, i.e., bit errors, burst errors
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and packet loss/insertion or byte deletion/insertion, respectively. This
feature has highest priority when mobile and wireless communication
channels are used.

2. Progressive transmission by pizel resolution : Reconstruction of images
with increasing pixel accuracy is essential for many technologies, e.g.,
client /server applications. Using progressive image reconstruction, the
decompression process can be stopped at any given point in time when
the image quality satisfies the demands of the user. Only fixed-spacial
resolution solutions have been investigated in this thesis.

3. Fized-rate, fized-size, limited workspace memory : The fixed-rate (fixed
local rate) feature allows the decoder to run in real-time through chan-
nels with limited bandwidth. That means that the bit rate is equal
or less the channel capacity. In this case, a given target bit rate dur-
ing the image compression has to be achieved regardless of the image
quality.

The fixed-size (fixed global rate) feature allows decoding hardware
with a limited memory to hold the complete code stream. This means
that the number of bits used for image storage is equal or less a given
target image file size, again, regardless of the image quality.

4. Sequential build-up capability (real-time coding) : This feature says
that the standard should be capable of compressing and decompressing
images with a single sequential pass.

1.4 Contributions of the Thesis

Nonunifom scalar Lloyd-Max quantizers generating fixed-length code words
are proposed for inclusion in the current JPEG2000 Verification Model as
an option when error-free bit stream transmission is of no practical use like
in mobile and wireless communications.

As mentioned before, this thesis is involved in the JPEG2000 standardization
efforts. Its results were also submitted in form of two Core Experiment
reports [3, 4] to the JPEG2000 community and have been approved by the
CEAHG. This will lead to changes in the algorithm describing the current
standardization efforts of the JPEG2000 project. The changes will be made
by the Verification Model Ad-Hoc Group (VMAHG).
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1.5 Outline of the Thesis
The thesis is organized as follows:

e Chapter 2: A general compression/decompression scheme is pre-
sented. Then, analogies to the framework of the current VM2.1 are
shown. All components of the encoder side of the VM2.1 are discussed
in the following, including the bit stream syntax.

e Chapter 3: This chapter deals with the replacement of variable-
length coding by fixed-length coding. First, necessary changes in the
encoder as well as the decoder of the current VM2.1 are debated. Then,
SQ is introduced. The new codec structure and its specifications are
explained afterwards.

e Chapter 4: Here, the performance of the codec proposed in Chapter
3 is compared to the VM2.1. Both objective and subjective testing
results are given. They are discussed at the end of Chapter 4.

e Chapter 5: The progressive coding abilities of the VM2.1 are in-
vestigated. Then, the scalar quantizers introduced in Chapter 3 are
analyzed with regard to a tree structure allowing for progressive cod-
ing.

e Chapter 6: The results of the thesis are summarized. After that,
opportunities for future research are mentioned and discussed shortly.

e Appendix A: Here, the formulas of the objective evaluation criteria
used in the thesis are shown.

e Appendix B: This appendix shows plots and gives definitions of
the probability density functions mentioned troughout this thesis.

e Appendix C: The original images are presented including their
statistical properties.

e Appendix D: In this appendix, the two channel models used in
Chapter 4 are introduced and discussed.

e Appendix E: Here, the decision and reconstruction levels defining
the quantizer characteristics used in the thesis are given.

e Appendix F: The source code of the programmed CE implementa-
tions are listed in the last appendix.



Chapter 2

Theory and Previous
Standardization Work

For an accurate description of the current state of the JPEG2000 develop-
ment a Verification Model (VM) has been emerged. The VM consists of a
software implementation of an encoding and a decoding system with a de-
finition of input and output, the bit stream syntax, operational procedures
and documentation [5]. As it evolves with controlled revision, the VM pro-
vides a reference for Core Experiments (CEs) and will eventually lead to
the final JPEG2000 standard. During the work on the CE performed in this
thesis the Verification Models VMO0, VM2.0 and VM2.1 have been released.
This CE has evolved with the released VMs and is therefore based on the
latest release, i.e. 2.1.

2.1 Codec Framework

A general compression/decompression framework is depicted in Fig. 2.1. It
describes a lossy compression scheme, i.e., a scheme where quality degra-
dations in the reconstructed image are allowed in exchange for a reduced
bit rate when compared to lossless systems. A lossless compression scheme
denotes a system in which the reconstructed image is numerically identical
to the original on a pixel-by-pixel basis. Lossless compression can always be
achieved by the following steps:

1. Generate a low bit rate image through the use of an efficient lossy
compression scheme as depicted.

2. Reconstruct the image and form a residual by computing the difference
to the original image.
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3. Encode the residual using an appropriate lossless technique.

Original Compressed
image data image data

Decomposition / o _
transform Quantization —— Symbol encoding

Transmission/
Storage

Composition /
inverse transform

[

Dequantization <—— Symbol decoding

Reconstructed
image data

Figure 2.1: General codec framework

First, the original image data is analyzed, i.e., filtered, to create a set of
images, each of which contains a limited range of spacial frequencies. These
images are called subbands. The filtering process is fully reversible and
therefore lossless. It is also refered to as analysis or decomposition. The
analysis stage aims at taking advantage of the properties of the subbands and
allowing for the quantization errors to be distributed across the subbands in
a visually optimal manner (noise shaping). The subband information is then
passed to the quantizer which is the lossy part of the encoding process. Here,
the subband information is mapped to a limited number of code words. A
following entropy encoder completes the compression. Its goal is to construct
code words whose average number of bits per source symbol is as close as
possible to the source entropy (in bit) and therefore to reduce the number
of bits required to represent an image [6].

After transmission or storage a symbol decoder performs the inverse entropy
encoding. During the succeeding dequantization the code words are replaced
by suitable reconstruction levels, and thereby the subband information is
reconstructed. Finally, the inverse filtering is performed on the subbands.
This is called synthesis.

2.2 The VM2.1

The analog block diagram describing the basic principle of the encoder side
in the VM2.1 is shown in Fig. 2.2. Each encoder component is described in
the following.
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Scan Entropy
DWT algorithm TcQ encoder
- Rate
Classfier allocation

Figure 2.2: VM2.1 encoder block diagram

2.2.1 Wavelet Transform

The discrete wavelet transform (DWT) used in the VM2.1 performs the sig-
nal analysis and is fully defined by its filter coefficients and subband decom-
position hierarchy. Here, the default 7x9 wavelet filter bank and a Mallat
decomposition tree are used. With the application in mind, lossless cod-
ing is not relevant. Therefore, fixed-point (floating) arithmetic wavelets are
used. No integer wavelets are supported. The image data can be described
by a two-dimensional matrix. To reduce the memory requirements for the
compression/decompression process, larger images are split into smaller tiles.
Small images are processed as one tile. First, the row vectors of the image
are filtered by employing a symmetric wavelet transform (SWT). The same
procedure is then applied to the column vectors of the resulting array, re-
sulting in a two-dimensional decomposition into 4 subbands. For one level,
this is shown in Fig. 2.3, where x denotes the image information. Also, y;
and y;; are the subband signals, and h;(n) are the unit sample responses.

Yoo
, h,(n) |2 LL
h,(n) | 2 y
h,(n) |2 Ik
X
Yio
Y, ho(n) |2 HL
hy(n) |2 .
h,(n) | 2 R

Figure 2.3: 2-D subband decomposition

In Fig. 2.3, ho(n) consideres low-pass (LP) filtering, whereas hj(n) means
high-pass (HP) filtering. Since the filtering process generates the same num-
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ber of output coefficients as input samples, the output of the filters h;(n)
has to be down-sampled. Because of the use of one HP filter and one LP
filter, the sampling factor is 2.

To generate several decomposition levels, to any of the resulting 4 subbands
the same filter tree like in Fig. 2.3 may be applied, resulting in a filter
cascadation. For this CE, only the Mallat decomposition tree as depicted
in Fig. 2.4 is used. Here, only the low-frequency subband yg is further
split into 4 more subbands. For the images used in this thesis, this typically
results in I, = 8 subband levels and B = 25 subbands. For more information
the reader is refered to [5].

In Fig. 2.4, it is furthermore shown that one wavelet coefficient in decom-
position level [ corresponds to 4 wavelet samples in level [ — 1. This relation
defines the decimation factors d;:

diy1 = 4dy, (2.1)

The decimation factors for the different decomposition levels are specified
in Tab. 2.1. Their use will become clear during the development of the CE
in Section 3.2.5.

level 8 +

level 7

level 6

level 5

level 4

Figure 2.4: The Mallat decomposition tree
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One advantage of subband coding is that it is not block oriented like e.g. the
discrete cosine transform (DCT) which is used in the current JPEG stan-
dard, avoiding blocking artefacts which are often encountered when coding
at low bit rates.

Seq. | Subband No. of | Dec. | Decomp. | Mean | Std.
no. | belonging | samples | factor level dev.
0 0 80 | 16384 8 | 186.07 | 43.46
1 1 80 | 16384 8 -4.39 | 17.82
2 2 80 | 16384 8 0.13 | 13.57
3 3 80 | 16384 8 049 | 7.71
4 4 320 | 4096 7 0.89 | 12.56
5 5 320 | 4096 7 1.46 | 14.53
6 6 320 | 4096 7 -0.38 | 7.59
7 7 1280 1024 6 0.13 | 12.56
8 8 1280 1024 6 -0.62 | 11.57
9 9 1280 1024 6 0.08 | 6.73
10 10 5120 256 5 0.10 | 11.81
11 11 5120 256 5 -0.54 | 12.26
12 12 5120 256 5 0.07 7.19
13 13 17022 64 4 -0.18 5.70
14 13 3458 64 4 1.13 | 24.03
15 14 16820 64 4 -0.22 6.25
16 14 3660 64 4 1.91 | 22.65
17 15 17994 64 4 -0.10 | 4.01
18 15 2486 64 4 1.03 | 18.89
19 16 68088 16 3 -0.02 | 4.54
20 16 13832 16 3 0.13 | 25.67
21 17 67280 16 3 -0.03 | 4.87
22 17 14640 16 3 -0.42 | 25.58
23 18 71976 16 3 0.02 | 3.69
24 18 9944 16 3 -0.06 | 19.69
25 19 272352 4 2 -0.01 4.07
26 19 55328 4 2 0.21 | 23.00
27 20 269120 4 2 -0.01 4.34
28 20 58560 4 2 -0.1 | 22.45
29 21 287904 4 2 -0.00 | 2.93
30 21 39776 4 2 -0.18 | 17.31
31 22 | 1089408 1 1 0.01 | 3.15
32 22 221312 1 1 -0.01 | 18.45
33 23 | 1076480 1 1 -0.02 | 3.29
34 23 | 234240 1 1 0.03 | 16.75
35 24 | 1151616 1 1 -0.00 1.43
36 24 159104 1 1 0.01 8.72

Table 2.1: Sequence statistics
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2.2.2 VM Classification

After DWT, the VM classifier is applied to the subbands in order to split one
subband into 2 sequences with coefficients of similar statistics. This is also
denoted as adaptive mode. The motivation is that subsequent phases of the
encoder will take benefit of the common properties of each sequence. The
classification hereby complements the subband decomposition process. The
classification results in a split of only the higher-frequency subbands, i.e., the
subbands belonging to the decomposition levels 1 to 4. One can see in Tab.
2.1 that the VM classification splits a subband such that the generated first
sequence has a low variance, whereas samples falling into a larger dynamic
range become members of the second sequence, which therefore has a large
variance. Again, it is refered to [5].

2.2.3 Quantization

Then, the wavelet samples are passed to the quantization process, i.e., a
trellis coded quantization (TCQ). TCQ can be thought of as a time-varying
scalar quantizer. Each sample is quantized using one of 4 separate quanti-
zers. The allowable sequence of choices among these quantizers is specified
in the form of a trellis.

The rate allocation is computed before quantization and determines the step
sizes of the quantizers with respect to the size of the image and the target bit
rate. After quantization, the achieved bit rate is checked. If the difference
of target bit rate minus yielded bit rate is not below a threshold value
defined by the user the quantization is repeated with differing quantizer
step sizes. Thus, the process is refered to as multi-pass rate allocation. The
rate allocation criterion used in the VM2.1 is a Langrangian method which
minimizes MSE under a rate constraint. More on this topic can be found in

7).

2.2.4 Entropy Encoding

Variable-length coding (VLC) is used for lossless compression of the quan-
tizer output indices. The VMZ2.1 employs a binary arithmetic bit plane
(BP) encoder with causal contexts. For more information about VLC in the
VM2.1 the reader is refered to [5].

The loss of resynchronization during decoding frequently happens when
transmitting entropy codes, i.e., variable-length codes, over noisy channels.
This shall be be clarified by the help of an example: 5 source symbols are
encoded using the code book listed in Tab. 2.2: [z1, x3, T2, Z¢, 2]. In Fig.
2.5, the bit stream to be transmitted containing the code words is depicted
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in the upper half. During transmission, one bit in the second code word is
changed from ”1“ to ”0“ by a bit error. This results in several code words
which are not correctly decoded: [z1, z1, z3, Zo, Zo, z2]. Also, 6 code words
are obtained, which allows the decoder to detect the transmission error.

‘ Source symbol ‘ Code word ‘

i) 0

T 10
T9 110
T3 111

Table 2.2: Variable-length code book

encoding: 103 1113 1103 0 110

decoding:  10° 10° 111: 0: 0 110

}

Figure 2.5: Resynchronization loss for VLC

2.2.5 Bit Stream Syntax

In the case of resynchonization loss, the decoder output typically degenerates
into pure noise. Therefore, in [8, 9] and [10] data partitioning and insertion
of resynchronization markers in the bit stream to be transmitted have been
proposed in order to allow the decoder to re-establish synchronization after
error occurances. The bit stream syntax used in the VM2.1 is depicted in
Fig. 2.6. Each sequence generated by the VM classifier is an elementary
segment in the JPEG2000 VM bit stream.

Image/ Tile | Sea.resync. Coeffs. of Seq. resync. Coeffs. of
header marker Seq. no. sequence 1 marker Seq. no. sequence 2
2 bytes 1 byte

Figure 2.6: Bit stream syntax in the VM2.1

First, the header stream for the whole image or one of its tiles is transmit-
ted. It contains sensitive side information for the decompression process like
the type of wavelet filter and decomposition tree used on the encoder side
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and is refered to as overhead. Then, the sequences containing the wavelet
coefficients follow. Each sequence is prefixed by a 2-byte resynchroniza-
tion marker (zFFDO0) and 1 byte indicating the absolute sequence number,
allowing 28=256 sequences. The marker cannot be emulated by the arith-
metic encoder. The sequence ordering is always from the lowest to the
highest resolution according to conventions defined in the VM. This allows
for progressive decoding by pixel accuracy, where first a low-pass image is
transmitted, and then the pixel values are refined.

In the presence of errors on the channel, error detection can be accomplished
in two ways:

1. The decoder is confronted with an incorrect sequence number. This
appears if the byte indicating the sequence number or the marker itself
is affected.

2. The decoder detects an incorrect position of a sequence resynchroniza-
tion marker. This means that the resynchronization during decoding
of the sequences is lost due to coefficients affected by errors.

Error resilience is obtained by determining the sequence(s) having been af-
fected and by setting all coefficients of that sequence(s) to zero. This is
refered to as error concealment. If the resynchronization marker is affected
the previous and the following sequence are concealed. Exception is the
error treatment of the lowest-frequency subband (LFS): If this subband has
to be concealed its wavelet samples are replaced by the mean of the image.



Chapter 3

Core Experiment

In order to generate a bit stream syntax being more robust to channel errors,
a number of CEs has been set up [11]. One CE having been proposed deals
with the replacement of VLC by fixed-length coding (FLC) which is being
addressed in this thesis.

When introducing FLC instead of VLC, the inherent problem of loss of
resynchronization whenever a channel error occurs is removed. By this,
error propagation is prevented. In [12, 13] and [14], it could be shown
that a significant improvement in PSNR can be achieved when the image is
transmitted fixed-length encoded over binary symmetric channels or burst
channels, whereas in the error-free case VLC yields a somewhat higher cod-
ing gain than FLC. However, this result was found using a pyramid vector
quantization (PVQ) solution which has been viewed by the JPEG20000
community as a too radical departure from the current TCQ concept of the
VM.

As an alternative, this thesis proposes the use of nonuniform scalar (Lloyd-
Max) quantizers which output fixed-length code words (CWs). This coding
scheme is denoted as scalar quantization (SQ) in the following. SQ will
typically result in a somewhat reduced coding efficiency in the error-free case,
since then signal dimensionality and statistical inter-coefficient dependencies
are no longer exploited as in entropy encoders. However, it will be robust
to channel errors because each bit error (BE) only affects the value of one
input sample. SQ has also the virtue of a low complexity compared to the
TCQ, and it presents less a departure from the current VM.

13
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3.1 Replacing VLC by FLC

As mentioned in Section 2.2, the current ”default”! VM consists of a TCQ
combined with a succeeding binary adaptive arithmetic bit plane (BP) en-
coder with causal contexts, providing variable-length CWs. After each
resynchronization marker, the context probability models are re-initialized
to a uniform probability distribution, since there are no (or neglectible)
dependencies among the subbands containing the DWT coefficients.

In the VM2.1, bit allocation is performed with respect to a constraint on the
target bit rate and assuming VLC for the coding gain. The RD performance
for each subband is predicted using analytic expressions derived empirically
from generalized Gaussian probability functions, providing a minimum pre-
dicted MSE between original and reconstructed image. Therefore, it is not
possible to take out the arithmetic BP encoder only and insert FL.C instead
since the performance of the TCQ is absolutely dependent on VLC. Hence,
the replacement of both TCQ and arithmetic BP encoder by SQ of the
wavelet coefficients is considered. The design of the SQ is developed in the
following.

3.2 Encoder

Refering to Fig. 2.2 and taking the considerations of Chapter 3.1 into ac-
count, the entropy encoder is skipped completely. Also, TCQ is removed,
making the bit allocation algorithm superfluous. Subband decomposition,
i.e., DWT, succeeding VM classifier and scanning algorithm are maintained.

3.2.1 Structure

To make clear where the SQ is inserted in the VM, the new structure of the
encoder is depicted in Fig. 3.1.

Each component will be explained in the following Sections.

3.2.2 Subband Decomposition

The signal analysis stage aims at separating the frequency content of an
image into signal entities, the so-called subbands, each representing a range
of frequencies. Since the wavelet transform of the VM2.1 is maintained in
this CE, Chapter 2.2.1 also applies here. 1-dimensional decomposition can
be achieved by a structure as depicted in Fig. 2.3. For a 2-dimensional
decomposition, a decomposition tree as shown in Fig. 2.4 is employed.

!This denotes a codec with default command line parameters. A detailed enumeration
of parameters is listed in Chapter 4.
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Image : | Data
daa | suppand ) - | stream
3 Scan. L Block ) Quant.lzatlonl =| Normalization -—
decomposition agorithm \ | formation encoding I
I

T T T

3 Header

Variance . X ! stream
Classifier estimation || Bit | | Vaiance ==

and weighting allocation quantization

Figure 3.1: Encoder structure with inserted SQ

3.2.3 VM Classification

As mentioned before, the VM classification is maintained. This is due to the
fact that the VM with inserted SQ generally gains a performance improve-
ment when the classification is enabled. This is proved by Tab. 3.1. For
the testing images of this CE coded at 0.125 bpp and 0.5 bpp, the average
gain is found to be 1.58 dB and 2.83 dB, respectively. However, it should be
taken into account that the classification not only significantly enlarges the
computation time but also also adds side information to the header stream.
The size of the additional information corresponds to a bit rate of 0.00043
bpp on the average.

‘ ‘ 0.125 bpp ‘ 0.5 bpp ‘
With  Without Gain | With Without Gain
Bike 22.49 20.03 2.46 | 27.20 23.34 3.86
Cafe 18.67 18.17 0.50 | 21.74 20.41 1.33
Woman | 25.61 23.82 1.79 | 29.41 26.12 3.29

‘ Average ‘ 1.58 ‘ 2.83 ‘

Table 3.1: Performance with and without VM classifier

Furthermore, the statistical properties of the subband samples play an im-
portant role in the selection of a succeeding quantization/coding strategy.
Following [15], where the properties of image subband signals for represen-
tative images and decomposition trees are studied, some general statements
can be made:

e Intra-band correlation:  For an estimation of the intra-band corre-
lations, the sample-autocorrelation function is used. It is found that
the low-low (LL) bands have substantial sample-to-sample correlation
in both horizontal and vertical direction. The low-high (LH) and the
high-low (HL) bands have remaining correlation in the direction in
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which they were LP filtered, and none in the other. Eventually, the
high-high (HH) bands have neglectible sample-to-sample correlation.
For simplicity reasons, it is assumed in the following that the sub-
band samples are essentially uncorrelated. Under these circumstances,
scalar quantizers yield performances comparable to those of vector
quantizers, and for this reason the quantization process developed in
the following is restricted to SQ.

e Inter-band correlation:  Using the cross-correlation function, it is
found that cross-correlations between the subband signals generated
by the filter bank are either small or neglectible. This justifies the
treatment of each subband as a separate signal entity which is quan-
tized independently. Correlations among the different subbands are
not exploited.

o Probability distributions: The probability distribution function (PDF)
of samples belonging to HP subbands can closely be approximated by
a Laplacian distribution as shown in Fig. 3.2, whereas the distribu-
tion of LP subbands tends more to be Gaussian. However, a Laplacian
distribution for all subbands is assumed in the following, accepting a
(small) quantization error when quantizating LP subbands.

T T T T
T T - - - Gaussian distributidn
—— - Laplacian distributig

(a) HP subband (b) LP subband

Figure 3.2: Wavelet sample distributions

Having split an image into a set of subbands, the task at hand is the repre-
sentation of the subbands in a bit efficient manner, while at the same time
introducing a minimum of distortion in the reconstructed image. The coding
gain can be attributed to the fact that the various subbands are allocated
bits according to their perceptual importance.
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3.2.4 Scalar Quantization

Quantization in general can be viewed as the mapping of a source vector,
whose elements are one or more signal samples of the source, into a repre-
sentation vector from a finite set of such vectors. The process of assigning
code words to the representative vectors is refered to as encoding. It has
been assumed in Section 3.2.3 that the signals to be quantized are essen-
tially uncorrelated, which makes the use of a vector quantizer unefficient.
Thus, the source vector, i.e., one wavelet sample, is one-dimensional. The
quantization process can therefore be refered to as scalar quantization. In
determining a quantized representation of a source signal, one attempts to
make it as close to the source as possible, while at the same time facilitating
the selection of CWs in such a way that the number of bits required for their
representation is kept to a minimum.

The Lloyd-Max quantizer developed in [16, 17] attempts at minimizing the
total distortion of a quantizer with a given number of quantizer levels when
the PDF of the source signal is known. When the mean-squared error (MSE)
is used as the distortion measure, the total distortion D is given by

141

N-1 .4
D = Z / (z — 73)*pe(x)dz, (3.1)
i=0 Jdi
where

z represents the source signal with
pz(z) as its PDF,

dy, d1, ..., dy are the decision levels defined by

T T when z € [d;,dit1], i=0,1,... , N—1, (3.2)

r; are the reconstruction levels, and

N is the number of quantizer levels.

Mathematically, the decision and reconstruction levels are solutions to the
following set of non-linear equations:

1
d; = 5(7"1' + 7it1), (3.3)
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f;i“rl zpy(z)dz

= (3.4)
f;;“ pz(z)dz

where dp = —0 and (3.5)

dN = 0. (36)

In general, Eqs. 3.3 and 3.4 do not yield closed-form solutions, and they
have to be solved by numerical techniques. In certain cases, such as the
Laplacian PDF, a closed-form solution exists [18]. There, scalar quantizers
of type mid-tread are optimized for a Laplacian distribution with regard
to a minimum MSE between reconstructed and original image. The so
optimized quantizers have nonuniform spacing of the quantization levels,
i.e., decision intervals of varying size. Typically, the quantizer levels are
close to each other in regions with a high probability density, i.e. the peak
of the Laplacian distribution, and far apart in regions with a low probability
density. This is also shown in Fig. 3.4. For this CE, 6 Quantizers of type
mid-tread for CW lengths from 2 to 7 are generated according to [18].

dead-zone | :

(a) Mid-tread (b) Mid-riser

Figure 3.3: Scalar quantizer types

A mid-tread quantizer has the advantage that all input values close to the
origin are quantized to zero as depicted in Fig. 3.3, preventing coding arte-
facts like granular noise that is often encountered when a mid-rise quantizer
is used. The interval where the source samples are mapped to zero is refered
to as dead-zone. However, a mid-rise quantizer makes use of all possible
CWs for a given CW length, whereas 1 CW is omitted when a mid-tread
quantizer is used. For a CW length of e.g. n = 3 a mid-riser maps the
input values to 8 CWs, a mid-tread only to 7 CWs. Therefore, an objec-
tive performance evaluation will always find a somewhat higher performance
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of a mid-riser when compared to a mid-tread. It should be kept in mind
that this is valid only when the CWs are fixed-length coded. As mentioned
before, a mid-tread will not produce granular noise that may be generated
by a mid-riser. Hence, the subjective image quality of a mid-tread will be
slightly better than one of a mid-rise quantizer.

In Fig. 3.4, the quantizer characteristic for a CW length of n = 4 is depicted.
The CW length directly correspnds to the quantizer class. It should be
mentioned that, even though the fixed-length CWs generated by SQ are not
equiprobable, a subsequent entropy encoding should not be employed as it
would counteract the advantages of the FLC for robust transmission.

157
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Figure 3.4: Quantizer characteristic for CW length n =4

3.2.5 Block Formation and Bit Allocation

The traditional approach has been to allocate bits to whole subbands such
that the MSE between original and reconstructed image is kept to a mini-
mum [19]. In this case, it can be shown that the optimum allocation of bits
is given by

1 i
T, = R+ §l092 — (3.7)

where

r; is the bit rate in bit per pixel (bpp) for subband number i,
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R is the desired total bit rate in bpp,
0z, is the variance of subband no. i, and

N is the number of subbands.

Two main problems are encountered when this relation is employed for bit
allocation:

1. The r; values are not integers, they may even be negative.

2. A fixed bit allocation to whole subbands yields poor coding results
since the subband signals are rarely stationary.

The first problem is solved by the Ramstad algorithm [20], assigning one bit
per subband sample to the subband with the highest standard deviation.
The standard deviation of this band o, ; is then replaced by o, ;/f, where
f is refered to as the division factor. The division factor influences the
distribution of bits to the subbands. If f decreases, more emphasis is put
on the lower-frequency subbands by allocating them more bits. Hereby, the
decoded image becomes somewhat more defocused. On the other hand, more
bits can be allocated to the higher-frequency subbands by increasing f. This
results in slightly blurred images. The algorithm proceeds by successively
assigning bits to the subband which at any given point in time has the
highest standard deviation, and dividing this value by f. The algorithm
terminates when the bit pool of available bits is exhausted.

However, the algorithm allocates bits to whole subbands, hereby not ex-
ploiting local energy fluctuations. A superior strategy is therefore proposed
in [15]. Here, the subbands are divided into blocks. The block size has to be
kept small in order to exploit local energy variations, tending to a Gaussian
distribution of the samples for one block. This also keeps the needed com-
putation time small. At the same time, the block size should be as large as
possible to minimize the amount of side information, since the classification
of every block, i.e., the bit allocation table, has to be transmitted separately.
Larger block sizes also tend to a Laplacian distribution where the quantizers
have been optimized for.

Due to nonuniform subband splitting, the block sizes have to vary among the
subbands. This is because the decimation factors lead to a correspondance of
a small number of samples of a LP subband to 4 times the number belonging
to a subband on the next lower decomposition level as depicted in Fig. 2.4.
In [21], a block size of 16 was found to represent a good compromise between
a high degree of local adaptivity and the requirements for bits to be spent on
side information for equispaced subbands, i.e., subbands of the same size.?

2A 64-band split was realized.
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Fig. 3.5 shows that, for nonequispaced subband decomposition as the Mallat
tree, a block size of 4 for the LFS is reasonable, leading to block sizes of 16,
64, 256, etc. for the lower levels, as shown in Tab. 3.2. This results in an
average bit rate (BR) of 0.045-10~3 bpp for the bit allocation table, which
can be denoted as very small. Typically, the total header size corresponds
to a BR of 0.0006 bpp.

23—

22.5

PSNR [dB]
N
N = N
BN
/ / /

N
=4
3
/

3.4

4

division factor f
block size b

Figure 3.5: PSNR( f, k) for Mallat decomposition tree

Furthermore, one can see in Fig. 3.5 that for different division factors f the
PSNR is nearly stationary. The maxmimum value of f cannot be specified
exactly and may vary with the respective image. In the following, f = 1.75
is assumed. This has also been found as optimal for a uniform subband
decomposition in [15]. The size of the overhead for different block sizes b is
approxemately constant.

After block sizing of the sequences, the variance of each block is estimated.
Additionally, from the given target BR, the image size and the expected side
information, the number of bits available for quantization, i.e., the bit pool,
is found. Each block is then allocated bits according to its variance. In [22],
the aforementioned bit allocation algorithm is extended to nonequispaced
sequences, leading to a new bit allocation formula:

ri=R+ L log dlag’i (3.8)
7= a 2 ’ .
2 Hllcvzl(dlag,k)l/dl

where
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Seq. No. of | Decomp. | Block
no. | samples level size
0 80 8 4
1 80 8 4
2 80 8 4
3 80 8 4
4 320 7 16
5 320 7 16
6 320 7 16
7 1280 6 64
8 1280 6 64
9 1280 6 64
10 5120 5 256
11 5120 b) 256
12 5120 b) 256
13 17022 4 1024
14 3458 4 1024
15 16820 4| 1024
16 3660 4| 1024
17 17994 4| 1024
18 2486 4 1024
19 68088 3| 4096
20 13832 3| 4096
21 67280 3| 4096
22 14640 3| 4096
23 71976 3| 4096
24 9944 3| 4096
25 272352 2 | 16384
26 55328 2 | 16384
27 269120 2 | 16384
28 58560 2 | 16384
29 | 287904 2 | 16384
30 39776 2 | 16384
31 | 1089408 1| 65536
32 | 221312 1| 65536
33 | 1076480 1| 65536
34 | 234240 1| 65536
35 | 1151616 1| 65536
36 | 159104 1| 65536

Table 3.2: Block sizes for various sequences
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d; are the respective decimation factors.

The algorithm derived from this new formula is then as follows:

1. An estimation of the standard deviation (SD) o ; of each block is
made.

2. To take the block size into account, o, ; is then weighted with the
respective decimation factor

Oz,jweighted = dy - Og,j- (39)

3. The block with the largest o4 j weighted is allocated 1 bit per coefficient
out of the bit pool which is hereby reduced by the number of bits
spent.

4. Ox,j,weighted is now replaced by Um,j,weighted/f'

5. Continue with step 3 until all bits are spent.

The process of allocating bits to blocks of subband samples is also refered
to as block classification. Classification values from 2 to 7 denote which
quantizer to use for quantization and therefore the code word length of one
sample belonging to the respective block. A classification of 1 for mid-tread
quantizers is not possible. A classification of means that all samples within
the respective block are set to zero, whereas coefficients of a block with a
classification of 4 are quantized with a C  length 4.

3.2. Variance Quantization

For later transmission as side information, the SDs of the blocks now have
to be quantized. For this, all o, ; of a certain classification are collected,
and then their mean is computed, leading to  different quantized SDs o ;.
Taking the average values over all reconstructed test images, it is found
(Tab. 3.3) that the quadratic and arithmetic mean show nearly the same
performance, whereas for the geometric mean the performance degrades
approxemately .3 dB, when compared to the best case. enerally, the
arithmetic mean yields the best results. It is therefore used for CE testing
in the following.
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‘ Mean ‘PSNR dB ‘

arithmetic 22.47
quadratic 22.4
geometric 22.17

Table 3.3: Mean performances

The definitions of the means are as follows:

1
o ith — O (3.1)
i=1
1
o 4 —  o? (3.11)
1
Oge o 1 vt (3.12)

The alternative formulation for the geometric mean using the sum over the
values instead of the product is mentioned because of computation reasons.

A typical variance distribution is shown in Fig. 3. . Actually, the distribu-
tion suggests an optimal performance of the geometric mean. The superi-
ority of the arithmetic mean may be explained by the fact that, because of
the block formation, the distribution of the samples belonging to one block
differs from the aplacian distribution, leading to quantizer performance
degradations when normalizing with the geometric mean.

nfortunately, the weighting of the variances with the decimator factors
for the bit allocation procedure increases the dynamic range of a SD quan-
tization interval such that the error made when the wavelet samples are
normalized with the appropriate quantized SDs afterwards, grows. Thus, it
is proposed to collect the SDs according to their classification within each
decomposition level, as depicted in Fig. 3.7. hen is the number of de-
composition levels and  the number of block classifications, this results in
different SDs. Typically, we get 8 and , and hereby 48 SDs

0y, k- By this, the side information is slightly increased in comparison to a
codec where only SDs - one for each classification - are regarded as over-
head. The average PSNR performance for all testing images and for BRs of
.125 bpp and .5 bpp is thereby improved by .37 dB (see Tab. 3.4). The
increase of the side information depends on the number of bits representing
one quantized SD. ere, 32 bits (4 bytes) are used which results in a very
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Figure 3. : Typical variance distribution

high accuracy. All non-zero o, are drawn in Fig. 3. in addition to the
variance distribution.

\ \ .125 bpp \ .5 bpp \
Oy, Oz, k ain | oy, Oz, k ain
22. 8 22.4 3812 .78  27.18 A4
18.37 18. 7 3| 2137 21.74 37
25.21 25. 39 | 2897 29.39 42

‘ Average ‘ .35 ‘ .39 ‘

Table 3.4: Advanced quantization of SDs

Eventually, the wavelet samples are normalized by the respective o, , taking
sequence level and block classification into consideration. The blocks then
have a variance equal to one in accordance with the optimized quantizer
introduced in Chapter 3.2.4.

Finally, the normalized samples belonging to a block with non-zero clas-
sification are quantized in one pass. This meets Item 4 of the PE 2

requirements in Section 1.3. The samples of the block for which the bit pool
ran out of bits are quantized systematically until all bits are spent, achieving
exactly the target bit rate (or the target file size). The requirements for the
fixed-rate fixed-size feature (Item 3 in Section 1.3) are hereby fullfilled. The
remainding samples are set to zero. The block classification values are coded
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Figure 3.7: ne decomposition level

and written into the header bit stream, spending 3 bits for every value. The
C s are added to the data bit stream. Eventually, header and data stream
are merged to the final bit stream which is then written as a file.

In the M2.1, the compressed and transmitted bit stream is first passed
to an entropy decoder in analogy to the entropy encoder on the encoder
side. The succeeding inverse trellis coded quantization (ITC ) then replaces
the entropy decoded C s by appropriate reconstruction levels. This corre-
sponds to the encoding TC . A following inverse filtering, i.e., an inverse
discrete wavelet transform (ID T), completes the decoder.

Since the TC and the entropy encoder of the M2.1 were replaced for
this CE, entropy decoder and ITC have to be removed here as well. A
scalar reconstruction, i.e., the inverse scalar quantization (IS ), is inserted
instead. After having the C sreplaced by appropriate reconstruction levels,
a denormalization is performed. The so-reconstructed wavelet samples are
finally passed to the inverse M classification process and the following
ID T which is maintained from the M2.1. Because of the low complexity
of the decoder in comparison to the encoder side the codec can be denoted
as asymmetric. Its structure is depicted in Fig. 3.8.
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Before dequantization, the bit stream is split into header and data infor-
mation. After that, the header stream contains the bit allocation table and
the quantized normalization coefficients. First, block formation is done with
respect to the decomposition tree used for encoding, i.e., a Mallat tree. This
results in the same block sizes as on the encoder side. The C s are then
replaced by appropriate reconstruction levels , taking the respective block
classification into account. The are computed by the help of 18 and with
respect to Equation 3.4. The decoder uses the same nonuniform quantizer
characteristics as the encoder. That means, different quantizers for classi-
fications from 2 to 7 are employed. Finally, the dequantized wavelet samples
are denormalized by the respective normalization factors, again, according
to block classification and decomposition level.

The ID T performs a subband composition, using the inverse filter bank
and the same decomposition tree as on the encoder side to merge the different
subbands to the reconstructed image. The inverse filter bank is shown in
Fig. 3.9. The inverse P and P unit sample responses are denoted by
h (n) and h (n), respectively. Corresponding to the encoder side, the
upsampling factor is 2.

ith a scalar code representation there is no error treatment. The intro-
duction of a ray code improves the PSNR on the average by .3 dB when
the images are transmitted over a BSC with a BER of . 1, whereas the
rise in codec complexity stays small. A ray code is a code where neigh-
boring C s differ only one bit. In Tab. 3.5, the average PSNR (in dB) of
the reconstructed images is given for a bit rate of .125 bpp. 1 runs with
different error patterns are executed.
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Figure 3.9: 2-D subband composition

Image | Scalar | ray | ain |
21.27 | 21.58 31
18.18 | 18.34 1
23. 24. 9 43

‘Average‘ ‘ ‘ 3 ‘

Table 3.5: ray code vs. scalar representation

owever, the error resilience capabilities of the ray code are limited to
errors where only the lower-significant bits are affected. This is made clear
by the help of Tab. 3. where a mapping of C s to the respective recon-

struction levels for a classification of 4 is shown. It becomes apparent
that, when the ray C 1 1 isaltered to 111 by a BE, its absolute error
e iswith . smaller than the error 1.77 made

by the scalar code word which is changed from 11 to 1 by the same
error. owever, when the MSB of the ray C 1 1 and the scalar C
111 is changed to 1 and 11 , respectively, the ray code leads to a
larger error ( 7.2) than the scalar code ( 3.59). It should
be mentioned that, for a quantizer of type mid-tread, it is not possible that
the C is altered by a BE to 1 since the highest C  is not used.
Thus, a mid-tread supports the error concealment capabilities of the ray
code.
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Decimal | Scalar code ray code Reconstruction
base representation | representation level
-4.3 71
1 1 1 -2.8929
2 1 11 -2. 534
3 11 1 -1.4538
4 1 11 - 987
5 11 111 - .47
11 11 -.289
7 111 1

8 1 11 289
9 1 1 111 .47
1 11 1111 .987
11 111 111 1.4538
12 11 11 2. 534
13 111 111 2.8929
14 111 1 1 4.3 71

15 1111 1 -

Table 3. : C  mapping forn 4
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