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Abstract Yy
a

The aim of this paper is to analyze the performance of adaptive synthesigfi nks for

image compression at low bit rates. In adaptive synthesis filter banks,
comprises of linear phase filters whereas, synthesis secti x es j

a co i
phase and non linear filters (in form of delay filterstivg syM filter banks have
(a

advantages over conventional adaptive filter ban use t no synchronization
issues between analysis and synthesis filters a re compatible with the existing subband
coding systems. Their performance is evalu n%inst vani ompression ratios by using
biorthogonal filters ‘4.4° and ‘5.5  whi est adapgive synthesis filter banks achieve

significant gain in PSNR at compressiQQ 0.3 ;\ er pixel.

Keywords: Compression r%@tive s@is filter banks, peak signal to noise ratio,

biorthogonal filters, bit rate@ ®
1. Introduction ’\Q

adapti ﬁhesis filter banks have been widely used over two

applicatipp’sareas for time-frequency decomposition, processing, and
reconstruction. many (ofjthese applications, including speech, audio, image, and video
subband coding syst e signal properties and statistics are varied by changing the
analysis and synthesisNfilters coefficients in response to the input [1-4]. This can be done by
dynamically switching back and forth among analysis/synthesis filters with different spectral

and tempor, response) characteristics.

For | compression applications, the subbands are quantized, which in turn
in noise into the system. The traditional approach is to use high quality exact or
n xact reconstruction analysis-synthesis filters, in conjunction with good

guantization and entropy coding schemes. This works well relatively speaking, but
naturally reconstruction quality degrades when bit rates are lowered. However, this
longstanding challenge has been resolved by designing adaptive filter banks (in form
time varying filter banks) for subband image compression systems that have shown
improved reconstruction quality at low bit rates. A degree of performance improvement
has been reported, but a major issue of these filter banks however, is that the synthesis
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filters must be changed in lock step with the analysis filters in order to perform
reconstruction, which requires dynamic synchronization. Furthermore, they become
more complex as the interval between switching decreases and the number of switches
increases. This issue was explored by Arrowood [5-6] that synchronization could be
done in either a backward adaptive or forward adaptive mode. But in either way, it adds
a layer of computational overhead to the encoder, which in many situations is
unattractive.

Adaptive synthesis filter banks [7] have no issue of maintaining dynamic
synchronization between the analysis and synthesis filters as analysis section is non
adaptive, which also simply the operation of filter banks. They have the ability to
improve the reconstruction quality in particular at lower bit rates, by exp, iWe
phase diversity of the synthesis section in an adaptive mechanism. Such.s S are
also compatible with the existing sub band coding systems. @

il

In the sections to come, we first present adaptive synth i%e? ban\Qg s and then
guality measures of image compression system. Afterw&,a ulations performed on
number of bench mark images by using bi-orthogo rs ‘4.4 @x{j’ to evaluate the
performance of adaptive synthesis filter banks at Iow@ates anw results are discussed

and concluded. Q
O &

*

2. Adaptive Synthesis Filter Ban N

Y A\
In adaptive synthesis filter bankd\analysis 55%#0 is conventional, while the synthesis
u

section is adaptive. The motivati ch typef filter banks comes from the recognition
that the phase diversity (or ival iversity in group delay) in the synthesis
section, which is compre ively ex%. Consider the fact that quantization error in
a coded image is dise ated to\the signal amplitude and that the characteristics of
the error are influ\ y t delay characteristics of the synthesis filters. The
adaptive synthe er bankmmtly reconstruct the input image with a multiplicity
of reconstr 0 filter with different group delay characteristics but same
magnitude response. @)f these filter pairs (low pass and high pass) generates a
unigque reconstructi s the reconstructions are performed on the same quantized
signal, the res econstructions will each contain the signal plus the associated
noise spatially diSplaced. Since spatial regions with high amplitude changes generate
proportio igher gquantization noise and this noise is spatially shifted across the
divers structions and suppressed as part of the process of merging the images
t he final image is constructed by choosing the most accurate pixels (on a
p%by pixel basis) from each of the reconstructed images to enhance the
reconstruction quality, thereby exploiting the phase diversity of the system.

The general block diagram of adaptive synthesis filter bank is shown in Figure 1. The
synthesis section consists of “n” filters (where n is an odd integer) and it is composed of “n-
1” delay filters along with linear phase filters. Odd length filters are preferred because of their
superior performance in compression.
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Figure 1. General block diagram conventional an and a% yntheS|s

filter bank

If “K” is the length of the longer analysis filter, 6”
with linear phase filters can be designed by usmg the 0 wmg t|

\

where “A” is a block Toeplitz matri anal % coefficients, “S” is a matrix of
synthesis filter coefficients, and “B’% reconst& matrix.

In a more expanded form, e atmn@ expressed as

@ - & -
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o

s delay filters along
aln equation
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The length of shorter filter is adjusted to “K” by zero padding at the back end. The
submatrices of “P” are defined as

P} = [ho(i)h1(7)]
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where “hy(i)” and “h(i)” represent the lowpass and highpass analysis filters and the “Q”
matrices contain the lowpass and highpass synthesis filter coefficients. The “Q” matrices are
given by

Qo = [90(0)g0(1)].

Q; = [91(0)g1(1)],
Qy = [90(2)g0(3)],
Q3 = [91(2)g1(3)],

and so on until all the synthesis filter coefficients are included. Flnally, “JR” @ struction
matrix “B” defined as

1 GQ 0
The position of “Jg” in the reconstruct \I’IX ‘s ’\@)Is the phase characteristics of the
synthesis filters. Given a desire s delay, positioned in the “d—1" location of
matrix “B” where “d” is the desi stem.d Thus we can easily design optimal filters

with group delays ranging from miimu mum phase.

The synthesis dela Q&s are c@ from common analysis filters by using equation

(1) as Q
O 6@ S.=(ATA)TATB,

S, =(ATA)TATB,
\&® S:=(ATA)' ATB;
O B
&>

=(ATA'ATBn s 2)
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The reconstruction errors of synthesis delay filters are computed by using the equation (2) as

2
€1 = |[AS:-Balr

2
g2 = || AS;— B ||

2
€3 = || AS;—Bs|lr

) L 4
m= I ASm=Bmlle S
and reconstruction error of these filters is minimized by optimizing their ¢ f@s. For low
pass filters, the sum of the odd coefficients and the sum even igients both are
ilte sum of the odd

coefficients and the sum of the even coefficients .7071 and -0.7071

made approximately equal to 0.7071. Similarly, for i
respectively.

dee\t

The synthesis delay filters are then d1V1ded 1 ction groups (where “m” is
the number of delay filters and it is ever? pr0|t| ptlmal phase diversity of the
@ along with linear phase filters. If

synthesis section. Each group comprises dela
“S¢”and “Sy” are delay and linear p {Q nthem%@ respectively and “d” represents the

delay, where A .
N4

TR O
then synthesis fllter@ upe@

O 66 G1=Sy, Sm Sp

GZ = SZ! Sm—la Sp

$® Gs3=S3, Sma, Sp
O : :

@ Gmiz-1= Smiz-1+ Smiz+2: Sp

Gmiz = Smizs Smmiz)+1, Sp v (4)

To illustrate the phase diversity of the synthesis filters, consider the step response of the
lowest delay (minimum phase) and the highest delay (maximum phase) filters shown in
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Figure 2 [8]. The top plot shows the output of a minimum phase filter after filtering an image
step edge. The bottom plot shows the same for a maximum phase filter. The phase dispersion
results in massive oscillation on the trailing part of the edge for the maximum phase case but
no such oscillation on the leading part of the edge. The reverse characteristics are evident for
the minimum phase filter case. Furthermore, each of these outputs is shifted spatially by
different amounts.

"

in

Figure 2. (a) Lowest delay (minimum rﬁ) eyl pr%E ter step response.

(b) Highest delay (maximum ph wpas r step response.

&

In the reconstruction process synthem@a are s e in an adaptive mechanism, i.e., at
edges delay filters are used and in t th reconstructlon is accomplished by
linear phase filters. The selecti |o ed 0 ison of three outputs of each group on
pixel by pixel basis. Let y,(i), and V(i Q@e outputs of the lowest delay, linear phase
and highest delay filters re @tlvely, th

o Q\\Q *yo(l) = ya(i)
O Yali) # Yali)

reconstruction is acco d by the highest delay filters. Similarly, if

@ Yn() = yn(i)
and
oF

r uction is done by the lowest delay filters. In case, if none of the delay filter of each
group meet the above criteria, then reconstruction is accomplished by linear phase filters.

Yo(i) # Yn(i)

€ 9 “ 255

Since for “n” synthesis filters, there will be possible reconstruction combinations.
However, this computational complexity can be reduced to “2n-1" by combining each set of
delay filters with corresponding linear phase filters only because other combinations do not
significantly contribute in optimal image reconstruction [9].
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Placing configuration of various reconstruction groups in the synthe3|s i e |s very
important, as it places the groups at different location '&d&r to m different
priorities. Because at a given pixel valve, different re tio gro have different
ear as rs by keeping the

in the order of 6 sg}\g

1% S, 4 m/2
% .
positions respectively in the syfthesis fi k and the same placing configuration is
implemented up to “level the sub tree and in all the remaining levels, linear phase
filters are used.

3. Quality s of Im\@ﬁ)mpressmn System

The perfo es of iy ompression techniques are mainly analyzed on the basis of
two measures. Compr @ Ratio (CR) and Peak Signal to Noise Ratio (PSNR). The
compression ratio is ined as ratio of the size of original data set to the size of the
compressed data

A4
N\ l Comprassion _ratio = E>< 100

umber of bytes in the original data set and B is number of bytes in the
d data set. The PSNR provides a measurement of the amount of distortion in a
with a higher value indicating less distortion. For n-bits per pixel image, PSNR is
defined as

R

2% 1
PSNR =20log,

db

where, RMSE is the root mean square difference between two images. The Mean Square
Error (MSE) is defined as
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2

M-1N-1
MSE = Z|y(m, n)—x(m, n)|
m=0n=0

where x(m,n), y(m,n) are respectively the original and recovered pixel values at the mth row
and nth column for MxN size image. The PSNR is given in decibel units (Db), which
measures the ratio of the peak signal and the error signal (difference between two images).

4. Design Example and Simulation Results

In this section, we implement adaptive synthesis filter banks for n = 5 by means of
biorthogonal filters “bior 4.4 and “bior 5.5”, whose longer analysis filter lengths are 9 11
respectively. So, we can design 12 and 16 different synthesis delay filters froppsthe espective
biorthogonal filters. In this design example, the adaptive synthesis filter b @comprised
of a set of four delay synthesis filters along with line e filte same placing
configuration is implemented upto level 3 of subband tr filters are used
in all the remaining levels. We have incorporated syn r banks in popular
SPHIT (Set Partitioning in Hierarchical Trees) codertand modify esis section so that all
the delay and linear phase filters take part in opti lmage.re@tructlon

Simulations are carried out on bench @, mages «“ “Camerman”, Peppers”,
for co n ratlo ranging from O 05 bpps to

ilter tﬁx d conventional filter bank by using
1 and. Table 2 respectively.

0.9 bpps. The results of adaptive synthg
e

‘bior 4.4’ and ‘bior 5.5’are shm

Table 1, Compatri of resu aptlve synthesis filter banks and
conventional fllters |ng b|o onal filters “4.4” for compression ratios
0 9 bits per pixel

CR \Fllter B,ag R in dB) Adaptive Synthesis Filter Bank (PSNR in dB)
(bpp) House uraman M\‘! Lena C:fl?r:fal House |Cameraman|Peppers| Lena Cr;)el?r:;;al

0.05 | 23.42 2169 (J\7236 | 2258 | 2145 | 2344 | 2170 | 2236 | 2258 | 2146

01 | 2556 2245\ 2458 | 24.62 23.11 25.59 23.76 2459 | 24.62 23.12

02 | 2917 |, 26" 6 27.12 | 2750 25.16 29.21 26.27 2713 | 2751 25.18

03 | 3130 N™2785 | 2875 | 2936 | 2651 | 3130 | 2787 | 2877 | 2037 | 2654

0.4 29.27 30.41 | 31.23 27.70 32.87 29.30 30.45 | 31.24 27.73

0.6 31.52 32.74 | 33.79 29.57 35.13 31.55 32.76 | 33.80 29.60

0.7 32.49 33.80 | 35.04 30.29 35.95 32.52 33.82 | 35.05 30.31

0.8 33.61 34.97 | 36.07 31.02 36.56 33.63 3498 | 36.08 31.03

0. ﬁ 30.52 3175 | 3255 | 2870 | 3410 | 3056 | 3178 | 3257 | 2874
/35.08
35.93
36.56
37.30

0.9 34.73 35.93 | 36.90 31.75 37.27 34.75 35.93 | 36.90 31.75
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Table 2. Comparison of results of adaptive synthesis filter banks and
conventional filters by using biorthogonal filters “5.5” for compression ratios
0.05 ~ 0.9 bits per pixel

CR Conventional Filter Bank (PSNR in dB) Adaptive Synthesis Filter Bank (PSNR in dB)
(bpp) House | Cameraman | Peppers| Lena Cf;)elzwr:;:al House [Cameraman|Peppers| Lena Cr;ﬁg:fal

0.05 | 22.40 21.14 22.18 | 22.40 21.25 22.48 21.20 2220 | 2241 21.26

0.1 24.95 23.24 24.08 | 24.18 22.59 25.06 23.31 2411 | 24.20 22.61

0.2 28.28 25.71 26.68 | 27.01 24.76 28.42 25.82 26.73 | 27.04 24.78

0.3 30.58 27.24 28.14 | 28.62 26.03 30.76 27.36 28.21 | 28674 26.06

04 | 3211 28.24 29.91 | 30.82 26.98 32.28 28.41 29.97 | 30! 01
05 | 33.01 29.85 31.10 | 32.07 28.40 33.17 29.98 31.16 f?;{ 28.45

&

0.6 34.35 30.88 31.94 | 33.02 29.22 34.44 3\98 32ﬁ‘ WS 29.26

07 | 3531 31.68 3265 | 3472 | 2986 | 35.32 \31*7 3290 Jr3470 | 2988

0.8 35.92 32.48 3419 | 35.78 30.41 M 32. 56 4, 35.73 30.42

09 | 3650 33.67 3531 | 3647 | 3097 @.49 i 330( 526 | 36.40 | 30.97

5. Conclusions
Adaptive synthesis filter banks have |mpr§v ts in PSNR at low bit rates and
ts

their performance degrades when bit incre en compression ratio is increased
from 0.05 bpp to 0.2 bpp, there r@ht impro in PSNR and the improvements in

general become quite agmﬂcﬁ pressighiLatios 0.3bpp ~ 0.6bpp. Peak improvements
in PSNR vary from image to i and ar hted in bold. From compression ratios 0.7

bpp to 0.9 bpp, the improyements in re declined in most of images. So in image
compression appllcatlo ive sy the filter banks should be used for compression ratio
0.3bpp ~ 0.6bpp in d& 0 btam um gain in PSNR.
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