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Abstract. The goal of this project is the evaluation and development of a new

adaptive image sequence coding approach. The codec is based on adaptive vec-

tor quantization and has been combined with several video coding techniques like

wavelet transform, quad-trees, and rate distortion optimization. In addition we pro-

vide a comparison with a state of the art video codec (H.263) and describe new

experiments with motion compensation. This project was supported by Micronas

Intermetall GmbH.

1 Introduction

As a part of the project \Adaptive Verfahren zur Bild- und Bildsequenzkodie-

rung", we evaluated the prospects of a new adaptive image sequence coding

scheme for very low bitrates. During the project, we developed and succes-

sively improved this new coding approach. The results have been published

in [1{4].

The codec is based on hierarchical adaptive vector quantization (AVQ) in

the wavelet domain and, unlike standard video coding, does not apply mo-

tion compensation. The hierarchical organization of the wavelet coe�cients

is made by a special tree data structure called quad-trees [5]. To achieve op-

timized results, we adopt techniques from rate distortion theory, the mathe-

matical foundation of lossy data compression[6{8].

Vector quantization (VQ) has been proven a powerful compression scheme

for coding of images and image sequences [9,10]. However, in most schemes

a static codebook is used. The vector quantizer applies only one �xed code-

book neglecting that image sequences typically are not stationary and that

di�erent sequences have di�erent statistical behavior. Thus, adaptive vector

quantization (AVQ) for image sequences was proposed [11,12]. In order to im-

prove the AVQ-codec, a rate-distortion (RD) optimization was investigated

in [4,13,14]. It was shown in [1{3] that vector quantization in the wavelet

domain and hierarchical organization of the wavelet coe�cients leads to ad-

ditional coding gains.



2 Outline of the Codec

In a preprocessing step a two times octave-band wavelet transform (9/7

biorthogonal �lter [15]) is applied to each frame. The coe�cients of the

transformed frames are regrouped into macro blocks each corresponding to

a 16� 16-pixel area in the spatial domain. The organization of the wavelet

coe�cients of a macro block is shown in Fig. 1. Each macro block consists of

16 coe�cients from subbands 1,2,3,4, respectively, and 64 coe�cients from

subbands 5,6,7, respectively, a total of 256 coe�cients.
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Fig. 1. Regrouping of macro blocks in the wavelet domain. (a) Subband grouping.

Coe�cients are grouped corresponding to their frequency. (b) Macro block group-

ing. Coe�cients are grouped corresponding to their spatial position.

For every macro block there are three possible decomposition levels from

coarse to �ne. Level-0 describes the whole macro block with all 256 wavelet

coe�cients. Alternatively, the level-0 block can be decomposed into four level-

1 blocks each one corresponding to a spatial 8 � 8-pixel area, containing

four coe�cients from subbands 1,2,3,4, respectively, and 16 coe�cients from

subbands 5,6,7, respectively. Thus a level-1 block consists of 64 coe�cients.

Moreover, one can decompose each level-1 block into four level-2 blocks each

one corresponding to 4 � 4-pixel blocks in the spatial domain containing

one coe�cient from subbands 1,2,3,4, respectively, and four coe�cients from

subbands 5,6,7, respectively. The grouping of the wavelet coe�cients for level-

1 and level-2 blocks within a macro block is depicted in Fig. 2. Obviously,

the decomposition of a macro block can be described by a quad-tree.

In order to create vectors from blocks, the blocks are scanned line by line,

excluding coe�cients from several subbands depending on the block level.

There are three kinds of vectors level-0, level-1 and level-2 vectors. For level-

0 vectors we take all coe�cients of the level-0 blocks, i.e. it is 256 dimensional.

For level-1 vectors, only the coe�cients from subbands 2,3 and 4 of level-1

blocks are taken. The coe�cients of higher subbands are set to zero, whereas
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Fig. 2. Grouping of wavelet coe�cients in (a) level-1-blocks and (b) level-2-blocks

the four coe�cients of subband 1 are handled separately. Thus the dimension

of level-1 vectors is 12. For level-2 vectors all coe�cients of level-2 blocks

are taken except the coe�cient of subband 1. This is, analogous to level-1

vectors, treated separately. Therefore the dimension of level-2 vectors is 15.

For level-0 vectors there is only one encoding mode. Replenishment is

applied, i.e. the content of the same position in the previously decoded trans-

formed frame is restored. For level-1 and level-2 vectors the AVQ-approach

is applied. There are three encoding modes:

Mode 0. Replenishment mode. This works like the replenishment mode for

level-0 blocks, i.e. the content of the same position in the previously

decoded frame is restored.

Mode 1. VQ-mode. Low-pass coe�cients are scalar quantized and encoded

separately. The vector containing the remaining coe�cients is quantized

and encoded by the VQ.

Mode 2. Update mode. Low-pass coe�cients are scalar quantized and en-

coded. The vector containing the remaining coe�cients is scalar quantized

and encoded.

For level-1 vectors and level-2 vectors di�erent vector quantizers are used

since level-1 vectors are 12-dimensional and level-2 vectors are 15-dimensional.

In order to maintain an e�cient variable length encoding, the codebooks

C1 = fx
1
0; : : : ; x

1
n1�1g and C2 = fx

2
0; : : : ; x

2
n2�1g of the two vector quantizers

are organized as follows. A frequency count is assigned to every vector. At

the beginning of the encoding of a frame, the vectors are sorted with respect

to the frequency count. The most frequent vector can be found at the begin-

ning of the codebook, the least frequent vector at the end. The vector at the

beginning of the codebook can be encoded with the shortest variable length

code (VLC), the vector at the end with the longest. This frequency count is



incremented by one every time a vector is used by mode-1-encoding. When

the encoding of a frame is �nished, all vectors are sorted again. After that, the

vectors encoded in mode 2 have to be inserted in the codebook by a heuristic

rule [4]. The new vectors are assigned a frequency count of f(bn
2
c) + 1 with

codebook size n and f(i) describing the frequency count of the ith vector in

the codebook; i.e. the frequency count of the vector in the middle of the code-

book is taken and incremented by one. After all mode-2-vectors have been

inserted, the vectors with the least frequency count are removed in order to

maintain a constant codebook size.

For variable length coding, an adaptive arithmetic coder is used. The

decision how to decompose the quad-trees and how to choose coding modes

is done with an algorithm based on the generalized BFOS algorithm [8]. Thus,

the modes and the quad-tree decompositions are selected in a rate-distortion

optimal fashion. For the encoding of the chrominance components, about
1
10
th of the given bitrate is used.

3 Rate-Distortion Optimization

In the last section we discussed the encoding options that could be used in

order to encode a frame. We didn't consider so far the issue of how to select

these options and which quad-tree decomposition should be used. Apparently

this is a constrained optimization problem. Given a frame X consisting of M

macro blocks (X0; : : : ; XM�1) and a previously decoded frame (reference

frame) Xr = (Xr

0 ; : : : ; X
r

M�1). Then the objective is to construct a represen-

tation frame X̂ = (X̂0; : : : ; X̂M�1) by means of encoding options described

in Sect. 2 in order to achieve the smallest possible overall distortion

D = d(X; X̂) =

M�1X

m=0

d(Xm; X̂m)

subject to R = r(X̂) =

M�1X

m=0

r(X̂m) � Rt; (1)

with d(x; y) =k x� y k22, r(X̂m) describing the bits needed to encode macro

block X̂m, and the target rate Rt.

Having the set of all possible encoding options I for a macro block, in-

cluding all encoding modes for all quad-tree decompositions, we can assign to

each i 2 I and each macro block Xm an encoding rate and the corresponding

distortion (Ri

m
; D

i

m
). Thus we can de�ne for each macro block a set of rate

distortion points Pm = f(Ri

m
; D

i

m
) : i 2 Ig.

The constrained minimization (1) can be transformed into an uncon-

strained minimization with the well known Lagrangian multiplier approach:

minimize

M�1X

m=0

D
im

m
+ � �

M�1X

m=0

R
im

m
; im 2 I (2)



The problem of (2) is that we have not only to determine the optimal

encoding options but also a value of � that yield a solution meeting the rate

constraint. Thus we have to iterate the minimization several times to �nd an

optimal �. With a �xed lambda, the minimization can be performed for each

macro block independently. The solution index of (2) for macro block Xm is

denoted by i
�

m
.

In order to compute the solution more e�ciently we make use of the

geometric interpretation of the Lagrangian multiplier approach. For this we

consider for each macro block Xm the set of RD-points Pm. The solution

(R
i
�

m

m ; D
i
�

m

m ) of (2) for macro block Xm can be constructed by the following

procedure. A line with slope � is drawn through the origin. Afterwards the

line is shifted towards the convex hull of Pm. The �rst point met is the

point (R
i
�

m

m ; D
i
�

m

m ). If we consider the lower convex hulls of the sets Pm as

\rate distortion curves" then the solution of (2) can be interpreted as a

\constant slope" condition (Figure 3). This suggests to compute the solution

by direct exploration of the lower convex hulls of all sets Pm. One simple

representative of this kind of algorithms is the algorithm by Westerink et al.

[16]. Starting from the minimal possible rate for each Pm, the lower convex

hulls are computed for increasing rates until the target rate is reached. This

works as follows: First, the smallest achievable bitrate is searched, i.e. for

every macro block Xm the encoding option im 2 I with the smallest rate Rim

m

is computed. For every macro block Xm the coding option jm describing the

next point (with a higher rate) on the lower convex hull (LCH) is determined.

Let �m be the slope between the RD-points speci�ed by im and jm. The

macro block n with the \steepest", i.e. minimal, �n is selected. The coding

option for Xn is changed in  jn. Then the next point on the LCH of Pm
is searched and the value of jn is updated accordingly. After that, again the

\steepest" �m is searched and so forth.

The BFOS algorithm [8] generalizes this approach in order to make it

applicable for tree structured coding. However, for this approach a mono-

tonicity condition is assumed, i.e. it must be assured that a larger tree leads

to a larger encoding cost and to a smaller distortion. In addition it is assumed

that there is only one encoding option for a node. Both assumptions are not

met in our hierarchically organized AVQ-codec. Thus, we developed a more

general approach without these restrictions.

Such optimization techniques can be summarized as incremental compu-

tation of the convex hull [2].

4 Results

In this section, we provide some coding results of our new codec and compare

it with older versions to show the successive improvement during the project.

In addition we present comparisons to the state of the art video coding stan-

dard for very low bitrates (H.263). The experiments are made with QCIF
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Fig. 3. Geometrical interpretation of the Lagrangian multiplier.

frames (176�144) and codebook sizes of n1 = 64 and n2 = 512. The codec

uses a frame rate of 8.3 frames/s. As usual, the peak signal to noise ratios

(PSNR) are computed using only the luminance component.
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Fig. 4. Comparison of the average PSNR of the AVQ-codec with and without quad-

trees for (a) Mother & Daughter and (b) Salesman.

Figure 4 shows the mean PSNR for several bitrates of our AVQ-codec and

the previous version without quad-trees. It can be seen that the application

of quad-trees leads to a coding gain of up to 0.5 db PSNR.

In order to show development of our codec during the project Fig. 5 is

provided. This �gure shows the average PSNR for several bitrates of preceding

codecs. The codec with the least performance is purely based on AVQ in the

spatial domain and is able to encode in real-time. The second best codec

applies RD-optimization to the latter one. The best one additionally uses

a wavelet transform and applies the AVQ scheme in the transform domain.

Together with the improvement by using quad-trees the performance was

improved up to 3.5 dB PSNR during the development.
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Fig. 5. Comparison of the average PSNR of the AVQ-codec for several development

stages for (a) Mother & Daughter and (b) Salesman.

Unfortunately only a small number of comparable results have been re-

ported for VQ coding of video sequences. Thus, we cannot provide fair com-

parisons with other VQ-approaches. To give the reader something at hand

to asses the performance of our codec, we provide a comparison with the

tmn codec (H.263). The tmn codec (version 3.0) is used with syntax based

arithmetic coding at a bitrate of 8000 bits/s and a frame rate of 8.3 frames/s.

The target bitrate is achieved by the o�-line rate control method of the tmn

codec, i.e. the codec tries to adjust an average bitrate of 8000
8:3

bits/frame over

the whole sequence. The result is depicted in Fig. 6. Figure 6a shows the

Mother & Daughter sequence. One can see that at the beginning the per-

formance gap between these two encoding schemes is very large. The gap is

decreasing during the encoding of the �rst 100 frames. After that an average

di�erence of about 1.2 dB PSNR between the tmn and the quad-tree codec

is maintained over the rest of the sequence. After subsequent 100 frames the

average performance ab is about 0.9 db PSNR. A similar observation can be

made for Salesman in Fig. 6b. This shows the adaptability of our approach

that needs more than 100 frames to evolve. Note that we are not using motion

compensation.

5 Experiments with Motion Compensation

In this section we describe an experiment combining the AVQ concept with

motion compensation. For this, we substitute the inter frame discrete cosine

transform (DCT) coding of the tmn-codec [17] by AVQ coding. Unlike Sect.

2 we now have to organize the inter-frame macro blocks of the tmn-codec in

the spatial domain. However, this still can be made by quad-tree structures

used in Sect. 2.

Again there are three block levels: Level-0 blocks describing the whole

macro block, level-1 blocks describing 8 � 8-pixel blocks and level-2 blocks
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Fig. 6. PSNR course for (a) Mother & Daughter and (b) Salesman for the tmn and

the AVQ-codec at 8000 bits/s

describing 4 � 4-pixel blocks. Level-0, level-1 resp. level-2 vectors can be

created by scanning level-0, level-1 and level-2 blocks line by line.

Level-0 vectors can only be encoded with replenishment. Level-1 vectors

have the additional option to be represented by a mean. For level-2 vectors

the full AVQ scheme is applied:

Mode 0. Replenishment mode.

Mode 1. VQ-mode. The full vector is vector quantized.

Mode 2. Update mode. The vector is scalar quantized and transmitted to

the decoder.

The codebook organization is made as described in Sect. 2. Apparently

this time there is only one codebook C. The codebook C contains only level-2

vectors with a codebook size of 512.

Within this framework we make the following experiment. First we run

the pure tmn-codec with a �xed quantization parameter q and the syntax

based arithmetic coder option. The bits used for every frame are stored. After

that we apply the new AVQ-tmn codec on the same frames, using for every

frame the same number of bits that the pure tmn-codec consumed. The frame

format is QCIF and every third frame is taken.

Figure 7a shows the result for the Mother & Daughter sequence and the

quantization parameter q = 20 resulting in an average of 800 bits per frame.

At the beginning, the pure tmn codec outperforms the AVQ-tmn codec by

about 0.4 dB PSNR. This is reversed after 50 frames. Then the AVQ-tmn

codec is about 0.4 dB PSNR better than the pure tmn codec. A similar

observation can be made for the salesman sequence in Fig. 7b. The coding

gain is, however, smaller than 0.2 dB PSNR.

The results of our �rst experiments show that, after an initialization

phase, the AVQ performs better or at least as well as the discrete cosine trans-

form. Note that the AVQ-tmn uses RD-optimization for the mode-decision.



In order to provide a fair comparison the pure tmn codec should also apply

RD-optimization for mode decision. However, applying RD-optimization only

on mode decision, without optimizing motion compensation, leads to an im-

provement less than 0.2 dB PSNR [18]. But optimizing motion compensation

would also improve the results of our AVQ-tmn codec.

6 Conclusion and Future Work

As a part of this project we have developed a new image sequence encoding

scheme for very low bitrates. This scheme is based on AVQ and quad-tree

coding in the wavelet domain. The codec uses an e�cient RD-optimization

mechanism.

The performance of the codec was successive improved during this project.

However, the comparison with standard transform coding shows a perfor-

mance gap of about 1 dB for some test sequences. We conclude that motion

compensation is essential also for codecs based on AVQ. In fact, �rst ex-

periments show promising results. Thus, for the rest of the project, we will

investigate combinations between our AVQ-approach and motion compensa-

tion.
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Fig. 7. Comparison of H.263 the AVQmotion compensated codec for the (a)Mother

& Daughter and (b) Salesman sequence. The resulting average number of bits per

frame is around 800.
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