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ABSTRACT

This paper shows how the windowing technique base
on the use of the Kaiser window can be utilizedder
signing multiple prototype filters for generaliz&FT
(GDFT) modulated filterbanks (FBs). Some of thterfl

in these FBs are used for building a nonuniform M-
channel FB. Using the proposed approach resulta in
simple and fast design algorithm for generating FBs
having good overall properties, as is indicatednbgans

of examples.

1. INTRODUCTION

Multirate filterbanks (FBs) are nowadays an impatta
tool in many areas of digital signal processing-[3].
Although, in most cases uniform FBs, that is, FBgihg
equal bandwidths (equal decimation factors) irchdn-
nels, are used, there are many applications inhihiis
beneficially to use the so-called nonuniform FBE [4].

lays than those obtainable when using the secord ap
roach. The second approach will be used in thiepa
nd as such is described in more detail later on.
Moreover, the main emphasize is laid on oversampled
FBs generated from one or more prototype filters by
using the GDFT modulation [13]. Such oversampled FB
are of interest in various applications, for exaaph
adaptive filters [14]. Various design methods fbe t
design of oversampled FBs are discussed in{13].
Those methods, although efficient in finding goadus
tions, are based on complex optimisation technigunes
as such difficult to implement and use.
In order to simplify the design procedure, in th&
per the Kaiser window approach for designing finite
impulse response (FIR) filters [18] is utilized fbesign-
ing the prototype filters. In the design procedutes
number of parameters to be optimised is equal tmly
the number of different sections, with each section-
taining FB channels having equal channel bandwidth.

These FBs have subbands with different decimationThis considerably simplifies the complexity of th®&

factors, and correspondingly, different subbanddban
widths. A typical example of such applications geeach
processing where it is beneficially to have a FBhwi
channels that approximate the Bark scale [6], @y~

design.

The outline of this paper is as follows: Sectiogivi s
the structure of the nonuniform FBs consideredhis t
paper. The Kaiser window approach for designing FIR

coustic scale with bands corresponding to the humanfilters is reviewed in Section 3. The proposed giesi

hearing system.

There are two practical approaches for desigihihg
channel nonuniform FBs. The first approach is based
designing one or more suitable two-channel unifam
nonuniform FBs, and then, generating the requived
channel FB by using a tree structure [2] with the-t
channel FBs as building blocks. The second appr@&ach
to design one or more prototype filters and geeetia¢

FB by using the cosine, GDFT, or some other modula-

tion techniques. If only one prototype filter iseds then
some channels in the FB are obtained by recombimati
(subband merging) of the neighboring channels[H]],
[9]. Alternatively, two or more prototype filtersac be
used for designing different sections in the nofarn

FB [10]-[17]. In general, the first approach is easier to
design, but results in systems having longer system
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method is presented in Section 4 and two exampies o
the resulting FBs are given in Section 5.

2. GDFT-MODULATED FILTERBANKS

The block diagram of akl-channel FB is shown in Fig-

ure 1. This system consists of an analysis filtekba

(analysis filtersHy(2) followed by down-samplers by

factors of R), a synthesis filterbank (up-samplers by
factors of R followed by synthesis filter5,(2), and a
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Figure 1.M-channel filterbank.
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processing unit between them. Depending on thecehoi
of the decimation factors, and consequently, thedba
widths of the analysis and synthesis filters, tBeshown

in Figure 1 is either uniform or nonuniform. Botl o
them will be discussed next. o8

2.1. Uniform Filterbanks

For a uniform FB, the decimation factors in all chals
are identical, that iRRy=R; =...=Ry_1 =R with R being
smaller than or equal tdl, the overall number of chan-
nels. The filters in the analysis and synthesis BBs 02}
generated by using the following equations (GDFT
modulation):

o
o
T

Amplitude

o
IS
T

0 0.1 0.2 0.3 0.4 0.5
h[n] = hp[n]eizr(k+1/2)(n—D/2)/M forn=0,1,...,N; (1a) Normalised frequency (w/2c)
. g Figure 2.M-channel nonuniform filterbank fovl =9 contain-
f[n] = fp[r1]ej”(k+j/2)(n D2M forn=0,1,...,N, (1b) ing two uniform sections.
for k=0,1,...,M-1. In the above equationky[n] and Filters in each section are obtained by using the

fo[n] are real-valued coefficients of the two prototype GDFT modulation, as given by (1a) and (1b). A difet

filters andD is a positive integer corresponding to the prototype filter is used for each sectiéior later use, the

FB delay. prototype filter used for designing thi section will be
In order to simplify the design, it is assumed thralty denoted by,g) )

one linear-phase FIR prototype filter is used fothtthe

analysis and synthesis FBs. In this case, the F&yde

D =N, and the impulse response of the synthesis filters

are related to those of the analysis filters as

In order to cover the overall spectrum of a redited
input signal, that is, the interval [0, the following
criterion must be satisfied in the most generaécas

. S m
filn] = h [N, -n] (2 ZM—=1. 3)
for k=0,1,...,M-1. Here, * stands for the complex con- _ -1 _
jugate. whereSis the number of sections, wherddsandm are

Two major points should be emphasized here. First,the total number of channels of the uniform FB ét-s
although the prototype filters are filters with rgalued ~ tion § and the number of used channels in sec8on
coefficients, due to (1a) and (1b), the chann&triil are  respectively. In the example case of Figure 2, ¢hise-
filters with complex-valued coefficients. Secord, in sponds td5=2, M; =12, M,=6, m; =6, andm,=3. The
(1a) and (1b) corresponds to number of filters hie t overall number of channels in the FB is

interval [0, ]. This is enough when processing real- S
valued signals. M=>m. (4)
i=1
2.2. Nonuniform Filterbanks Again, in the above example, this corresponds to

M=m+m,=9.

An alternative method considered in [14], is toeirts
a separate transition filter between two uniforrctisas.
This transition filter enables having different téi
lengths in each section and/or different filtemsiion
bandwidths and stopband attenuations. In this paipisr
transition filter is omitted in order to prepardamst de-
sign routine. However, a compromise is made, that i
the transition bandwidth of all filters in the &ibank is
the same. Consequently, the filter order is dictéie the
highest stopband attenuation.

For nonuniform FBs, in turn, the decimation facteasy
from channel to channel. In the most general caaeh
channel has a different decimation factor, that is,
Ro#R:y#...#Ry_1. In order to keep the flexibility provid-
ed by the nonuniform FB concept and in order tgpéiim
fy the FB design, the main emphasize in this cbation
is laid on nonuniform FBs that are constructed bnal
two or more uniform sections, each of them having a
different down-sampling factor. In each of thesetisais
only some filters in the corresponding uniform F&e
used. An example of a FB having two sections i®igiv
in Figure 2. The first section, denoted &s consists of .
six filters belonging to a 12-channel uniform FBlghe 2.3. Critically Sampled and Oversampled FBs
second section, denoted 8s consists of three filters In the past, the main emphasize has been put tcadyi
belonging to a 6-channel uniform FB. sampled (maximally decimated) FBs, that is, FBshwit
down-sampling factors given a& =My [1], [2]. When
using critically sampled FBs the smallest achiegabl
number of samples in each channel is obtained witho
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loosing information, and as such the fewest nundfer N
operations is required to process signals in tlbands. H(2) = Zh[n]z‘n . (8)
However, due to the critical sampling, signals fradja- n=0

cent channel are aliasing into the neighboring ok when designing such a filter using the window tech-
These alias errors are canceled in the synthef#s ut  njque, the filter impulse-response coefficients dee
only in the case where the signals are not alterate rived as [18]
subbands (for example in the case of lossless ghdin hinl = h
This assumption is not valid for most applications. [n] =g [nw[n] (92)
Therefore, it is beneficially to use oversampledsfFBat forn=0,1,...,N, where

is, FBs withR,< My [15]. sin(@g(n— N /2))

0<n<N
2.4. Basic Relations halnl =1 z(n-N/2) _ (9b)
. . . . 0 otherwise
The input-output relation for the nonuniform FB in
Figure 1 is are the truncated (finite) impulse-response coiefiis of
Y(2) = T-(2) X (Z an ideal lowpass filter with the cut-off frequeney and
(2) Mog IX( )R:l ) w[n] is a window function defining the filter stopband
~F (2 & | Iy 5 attenuation as well as filter transition bandwidt.or-
kzz(:) R E Hi (VR IX (2VR ) der to achieve the required flexibility when chaoasthe
2R filter attenuation, an adjustable window functiGnpwn
whereWg=e""" and as the Kaiser window, is used in this contributiGor
M-1 the Kaiser window, the window function is given
1 , given[ig]
To(d) = Y =-H (DR (2 (6)
k=0 Rk n
is the overall input-output distortion transfer étion. Lol A= N/z_l (10)
When designing filters building the FB it is desirto w[n] =
obtain a system having good frequency selectivity i lo(B)
subbands as well as low distortion at the outphat is, for n=0,1,...,N, where Io(f) is the modified zeroth-

yln]=x[n-D]. When designing such nonuniform FBs the qrqer Bessel function expressed as
overall input-output transfer function can be reshlic 5
only to the amplitude distortion, that is, ® r
y P () =1+ | XA}
Y(2) = To(X(2) . 7 al

In order for this equation to be a good enough @dpr  Here g is an adjustable parameter that controls the min-

mation of the system under consideration, it ium@l i attenuatioms,=—20log(&) in the filter stopband
that the decimation factaR is chosen adequately, as nq can be very accurately estimated as

illustrated in Figure 3, that isz/R; has to be larger than

(11)

the channel bandwidth including both transition dsan O'lloiAsb_&n for A >50
In this case the alias error is on the level of filter p =105842 A, — 21)™ + 0.0788 A, - 21) for 21< A, <50 (12)
stopband attenuations, and as such can be ignored. 0 for A, <21

Moreover, the aliasing errors are negligible evetheé ~ The minimum filter order that guarantees the desire
subband signals change. stopband attenuation can be estimated by usingwell
ing formula:
Hi1 Hx Hi1 N = 2.056A,,-164
- 2.28540)

with Aw being the normalized transition bandwidth. This
- windowing technique is used next for designing FBs.

(13)

IR
4. PROPOSED APPROACH
Figure 3. Relation required between the channahsition) . ) ) ) .
bandwidths and the decimation factor. As shown in Section 2, nonuniform FBs discussetthis
paper are designed by combining two or more uniform
3. KAISER WINDOW TECHNIQUE FOR DESIGN- sections, each of them derived by using the GDFT

modulation of one prototype filter. In order to giify

ING FIR FILTERS . - .
) L the design, the same prototype filter is used eratialy-
The transfer function of aNth-order FIR filter is given s and synthesis side. The goal now is to dedign t

by: prototype filters for all uniform sections such tttitae
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overall FB has good properties, that is, high cleann
selectivity and low reconstruction error.

In the case of FBs with many channels and high-stop

band attenuation, the orders of the prototyperéltee-
come high. Therefore, some sophisticated optinonati
techniques are required for designing those filt&ech
techniques are complicated to implement as weliinas
consuming for using. In order to speed up the desig
process, this paper presents the use of the Kaisdow
method for designing the prototype filters.

4.1. Design Prablem

This paper considers the following design problemain
M-channel nonuniform FB, as shown in Figure 1:
Givens, the desired number of sectiondyil/the widths
of channels in each sectiom, the number of channels
in each section, andy for i=1,2,...,S the stopband
attenuations for the sections as well as the dislexi-
mation factorsR,,

minimize & (14a)
such that
Toe)|- <5 (14b)
and fori=1,2,...,.S
‘HS)(ei”) <& for we|:%,7l'i| (14c)
with
. M-1 1 . :
To(€'?)= D =—H, ()R (e'"), (14d)
ko R«
and
5 =104, (14e)

In the above problem, the goal is to minimize tie F

Aw, (15)

_ l_LJ
R M,
Second, the values of the Kaiser windowfn] for
n=0,1,...,N; andi=1,2,...,S (each section) are deter-
mined by using (9)(12).
Third, the cut-off frequencie®® required for gener-

ating the ideal filters, as given by (9b), are akdted by
solving the following simple optimization problem:
Minimize:

) (16a)
such that
o€ @) -4<6 (16b)
with Ty(e'®,m,) given by (14d). Here,
T
(0N =[a)1(0) a)éo) ....a)éo)] (16¢)

is the vector containing the unknown parameteids, i)
the cut-off frequencies of the ideal filters forchasec-
tion. For evaluating (16b), the distortion function
To(€“,m0) is evaluated on a grid of frequencies. It should
be noted that the stopband attenuation and tlee fithn-
sition width are fixed by selecting an appropriktgser
window as discussed at Steps 1 and 2. This optfiniza
problem can be solved quickly by using any avadabl
unconstrained optimization routine, for examplee th
function fm ni max included in the Optimization
Toolbox [21] provided by MathWorks, Inc..

Fourth, the prototype filters are generated by @isin
(9a) and (9b), whereas the filter in the FB areegated
out of those prototype filters by using the GDFTdue
lation as given by (1a) and (1b).

If the resulting FB does not satisfy all criteriben it
is necessary to increase some or all filter oradeis re-

distortion & subject to the filter stopband constraints, that Peat the procedure.

is, the stopband attenuation in each section hd tas
good as or better than given by the specificatibisy
to select prototype filter orders and solve thevalyorob-
lem is discussed in the next section.

4.2. Proposed Design Method

In this paper, the problem stated in Section 4 dolsed
by properly applying the windowing technique thatsw
discussed in Section 3. For this purpose, the viatig
four-step procedure is used:

First, based on the design requirements, th&,i8/;,
m, andA for i=1,2,...,S the prototype filter order in
section§ is determined by using (13).The transition
width of theith prototype filter can be evaluated as:

11t should be noted that (13) is just an approxiomafor the
filter order. The required (best) filter order midhe lower or
higher.

4.3. Discussion about the Proposed Design
Method

The following points regarding the proposed method
should be emphasized. First, by utilizing the windwy
technique, a design method has been derived thavea
used to quickly design prototype filters for norfanin
FBs under consideration. This is mostly due to fau
that there are onlg unknowns to be optimized.

Second, the implementation of the method is very
easy and straightforward. For solving the optimdrat
problem under consideration any basic optimization
routine, for examplé m ni max, can be used.

Third, although a simple design method is used, the
generated FBs possess low distortion errors ansfasat
tory stopband attenuations. This is achieved bwgusi
filters building the FB of higher order than it wdibe
required in the optimum case. Nevertheless, tHierdi
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ence is negligible comparing to the easiness ofdie
sign.

Fourth, in the proposed method, linear-phase HIR fi
ters are used. Therefore, the FB delay is equah¢o
order of the longest prototype filter. Low-delay $-Ban
not be designed in this way due to the restricabtthe
windowing technique. This might be a problem inlapp
cations where the FB delay is critical. In thiseaan-
other design method, like the one proposed in fib3]to
be used.

5. EXAMPLES

In this section two different nonuniform FBs are- de
signed by using the proposed method.

Example 1: It is desired to design a nonuniform FB hav-
ing two sections and the following channel disttibo:

my =24, M; =48, m,;=8, M,=16 as shown in Figure 4.
The required filter stopband attenuations Are60dB
and the down-sampling factors &Re=32 andR,=20.
The distortion transfer function given by (14d)steeen
evaluated in 1024 points on the interval /),

In this case, the required filter order, for botiotp-
type filters as given by (13), aMy =N,=237. The opti-
mal values of the cut-off frequencies asg= [0.043875
0.109094]. The amplitude responses of the prototype
filters are shown in Figure 5, whereas the ampditud
responses of the filters building the filterbankd ahe
distortion of the overall bank are shown in Figuesnd
7, respectively. The optimal value féican be seen from
Figure 7. The overall design took 3.7 seconds ¢tCa
with a 2.8 GHz Pentium 4 processor running Matldéh 6
under Windows XP.

0.8
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Normalised frequency (w/2p)

Figure 4. Example 1 — channel distribution.
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Figure 5. Example 1 — Amplitude response of theqtype
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Figure 6. Example 1 — Amplitude response of anslfjiers.
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Figure 7. Example 1 — Amplitude distortion.
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Example 2: It is desired to design a nonuniform FB hav-
ing three sections and the following channel disttibn:
m,=16,M;=48,my=4,M,=12, m;=2, M3=6 as shown
in Figure 8. The required filter stopband atteraratiare
A=80dB and the down-sampling factors aRe=32,
R,=16, andR;=9. Again, 1024 points have been used
for evaluating (14d).

In this case, the required filter order, for botiotp-
type filters as given by (13), ai, =N,=N3;=315. The
optimal values of the cut-off frequencies are
®o=1[0.042583 0.140760 0.271657]. The amplitude
responses of the prototype filters are shown infeid.0,
whereas the amplitude responses of the filtersdimgjl
the filterbank and the distortion of the overalhkaare
shown in Figures 9 and 11, respectively. The ogdtima
value for § can be seen from Figure 9. In this case the
overall design took 2.9 seconds.
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Figure 8. Example 2 — channel distribution.
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Figure 9. Example 2 — Amplitude distortion.
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