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Abstract—A structure and design procedure for complemen- in terms of supporting arbitrary frequency decompositions
tary N-band IIR filterbanks is proposed. The N-band filterbank  with any number of bands, e.g. for approximating auditory

has a tree-like structure with cascaded 2-band complementg  fiarhanks. Synthesis filterbanks and multi-rate systemes a
filters and related all-pass filters. No inverse filterbank isneeded . .
not treated in this paper.

and the subband signals are simply added to re-construct the ) ! ) )
time-domain signal. While no perfect reconstruction is ackeved, The paper is organized as follows. Section Il reviews 2-band

the filterbank impulse response is all-pass with a well-beheed complementary IIR filters suitable for use with the proposed

group delay. The proposed filterbank is suitable for delay-dtical  fijlterbank design. The proposed design of an N-band comple-

audio processing applications. The computational compléty of oo vy filterbank is described in Section I1l. An example of

the proposed IIR filterbanks is significantly lower than that of . . . .

corresponding FIR filterbanks. a 12-band complementary filterbank is given in Section IV,

including its properties such as magnitude frequency nespo

and group delay. Discussion and conclusions are in Sections
When an audio processing or enhancement applicationMsand VI, respectively.

not delay-critical, it is often advantageous to use frame-

based processing. The use of a short-time Fourier trans- ||. Two-BAND COMPLEMENTARY IIR FILTERS

form [1], [2] or a downsampled filterbank [3], [4] implies ) ) . .

frame-based processing, whereas the frame-size cormgspon The proposed method considers, as a starting point, a pair

to the downsampling factor of the filterbank. Compared #9f filters which are complementary. The filtefs and I are

sample-wise processing, frame-based processing usteily E0mplementary if they satisfy

be implemented with lower computational complexity due " S

to efficient filterbank design and operation of an algorithm [F(e™) + F(e) =1, @)

in downsampled signal domains. The disadvantage of fran?_ee-_ their sum is an all-pass filter.

based processing is the delay which occurs because one has . '
wait until frame-size input samples arrived before proiress xample_magmtude responses O.f ‘WO complementary filters
are shown in Fig. 1, where the solid line shows the response

the S"’?mp'es- . . . . of a third order Butterworth low-pass filter with a cut-offr
A filterbank suitable for delay-critical audio processm% . .
L . . . uency of2 kHz and the dashed line shows the corresponding
applications processes the input signal sample-wise. Bhe lf';omplementary filter
of lIR filterbanks as opposed to FIR filterbanks for this appli '
cation has the advantage of lower computational complexity
We propose IIR filterbanks suitable for audio processing o
applications, not with a perfect reconstruction propebtyt
with perfect frequency magnitude reconstruction and irelbt
small and frequency-smooth group delay. Both of these proy.
erties are necessary to achieve high audio quality.

The proposed N-band filterbank has the structure of a tre:
based on a cascade of 2-band complementary (low- and hig
pass) IIR filters. It will be shown that in order to be N- 0 05 1 1-5Frequerfcy[kHZ]2-5 3 35 4
band complementary, all-pass filters, related to the variou
used 2-band complementary filters, need to be inserted img. 1.  The magnitude response of a low-pass filter (solid)l its
the tree. No synthesis filterbank is needed and the signalc¢splementary filter (dashed).
reconstructed by adding all band signals.

Up to 8-band complementary IIR filterbanks with uniform A practical way of implementing a pair of complementary
bands have been proposed in [5]. Additionally, [5] desaibdilters is to write the filterF as a sum of two all-pass filters
the use of synthesis filterbanks for implementation of mult[6]. The complementary filtef” can then be expressed as the
rate systems. The procedure described here is more flexibiflerence between the same all-pass filters. This resutlid

I. INTRODUCTION

Magnitude [dB]
AN
o




for a wide range of digital filters [7] and can be applied tolwel K. The N transfer functiondd,,, including additional all-pass
known low-pass Butterworth, Chebyshev, and elliptic @it filters G,,, should verify the complementary property:
filters of odd orders [8].

N—-1
H, (&) -G, (e°)| =1. 6
I1l. N-BAND COMPLEMENTARY |IR FILTERS 7;) (e7) (™) ©)

The proposed method extends the 2-band complementagt K = {0,1,..., K — 1} be the set of indexes used to enu-
IR filters, discussed in Section II, to N-band complementamerate the filters}, and F},. Since the filterbank is a cascade
lIR filterbanks. This is achieved by cascading any numbef 2-band complementary filters, the band(0 < n < N)
of 2-band complementary IIR filters with arbitrary transiti transfer functionH,, can be written as a product,
frequencies.

As a first example, a simple case wifli = 3 bands is Hu(z) =[] Fitz)- [] Fi(2), (7)
considered, illustrated in Fig. 2. i€1n JE€Tn
whereZ,, and 7, are the two subsets df containing the
ol indexes of the filters used for bamd Because of the cascade
‘ structure of the proposed filterbank, both subggtsand 7,
o cannot be simultaneously empty and their intersection és th
. £ y1[n) empty S(_at, i.eI,.L NTn = 0. The corresponding all-pass filter
G, that is applied to band is
F y2[n] ~
: : Gu(2) = [T (A=) + Ai(2)), (®)
€Ly
Fig. 2. Example of a 3-band complementary IR filterbank ienpénted . . .
using a cascade of two 2-band complementary IIR filters. whereL,, is K excluding the union of,, and 7,,

The transfer function for each band (0 < n < N) is Ln =K\ (Tn U Tn). ©
denoted as,,. For the 3-band example, using the filtefs Thus, the resulting filterbank transfer function, correspo
and Fy, with k£ = 0,1, the transfer functions are ing to the sum of the all-pass (8) filtered subband signals (7)

can be written as

{ Ho(z) = Fo(2) - F1(z) N K
Hy(z) = Fo(2) - F1(z) 2 >

i Hz) = S Hy(2)- Go(z) = F Fr(2)). (10
oo = B, (2)= 3 Hul2)- Gul2) g(m+m0()
The corresponding transfer function of the sum of the sufphe right side of this equation implies thét is all-pass, and
bands is therefore the described filter cascade with the all-pasrdilt

corresponds to an N-band complementary filterbank.
H(z) = Ho(z)+ Hi(z) +~H2(Z) : The proposed tree structure can be further simplified. If all
Fo(2) - (F1(2) + F1(2)) + Fo(2) . (3) all-pass filters3,,, related to bands involving the same 2-band
) o ) complementary filters in the tree, include the same all-pass
Th|s transferfunctlon is not all-pass and thus, as is, thai®  fjier term F+F (8), then this term can be removed from
filterbank Is not complementary. _ the all-pass filter€s,, and moved to the input of these 2-band
_ To obtain a 3-band complementary filterbank, the all-paggmplementary filters. This retains the same filterbanksfem
filter } function, while less all-pass filter terms are used. Baseithisn
Ga(z) = Fi(2) + Fi(2), (4) insight, the goal is to move all all-pass terms into the filark
_ _ ) ) o ] tree such that the minimum number of terms are used. The
is applied to the third band signal, resulting in a filterbankjterhank band transfer functions can then be written as (7)

transfer function R R
_ ) Ho(2)Gu(2) = [[ Fi(2)Ai2) - [[ Bi(@)A(). (1)
H(z) = (Fo(2) + Fo(2)) - (F1(2) + F1(2)) - () i€T, JETn

This transfer function is a product of the sum of two comwhere, for0 < k < K, A and 4, are expressed as products
plementary filters, i.e. a product of two all-pass filters,ichh of all-pass terms (8)
is all-pass (1). Thus, the 3-band filterbank with the adddio

all-pass filterG, is complementary. Ap(z) = H (Fp(z) + Fp(z)) J (12)
In the following, this result is extended to a filterbank with PEPk

any number of band8’ using any form of cascade of 2-bancand

complementary filters. The cascaded 2-band complementary Ak(z) — H (Fq(z) +Fq(z)) i (13)

filters are implemented using filters, and F,, with 0 < k < 1€



Py and Qq are two subsets ok determined at the first 2- A filterbank, approximating an auditory filterbank witf2
band complementary filters of the tree: whenever the filtbands each having a bandwidth of approximately two times
F, (respectivelyFy) leads to output subband signals with allthe equivalent rectangular bandwidth (ERB) [9], at a sangpli
pass filters7,, including the same terrﬁm+ﬁm, this latter is rate of8 kHz, is considered.

moved right after filtetF;, (respectivelyFy). This procedureis  Fig. 3 shows the structure of the example filterbank, where
then repeated to the other 2-band complementary filters ( the filters F;, have been designed as Butterworth low-pass
0) of the tree until all all-pass filter terms have been movdilters of order7 with the cut-off frequencieg,, defined in
inside of the tree. For the 2-band complementary filteys Table I.

whenever filterF}, leads to output subband signals including

. X ) . . TABLE |
the same term in thelr aII-pass fllte&“ thIS te_rm 1S mo_ved CUT-OFF FREQUENCIES OF THE EXAMPLHE 2-BAND COMPLEMENTARY
to Fx. Thus, the subseP;. corresponds to the intersection of FILTERBANK.
subsets,, whose bands involve filtering by filtersy, i.e.
k Ter A7 k Ter A7
< _ _ 0 1415 6 3260
VE, 0<k<K, Po=( () L)\(JP). (19 0 o s il
nlk€L, r<k 2 2460 8 370
. - 3 250 9 615
Similarly, subsetQy, is: T 300 0 1005
5 1905
vk, 0<k<K, Q=( ()] £o\(JQ). (15

n|keTn r<k

_ L _ The complementary high-pass filtef$, corresponding to
This procedure minimizes the number of all-pass filter termge |ow-pass filters?,, are derived using the method described
which are used, while the transfer function (10) of the awdi i [g]. The all-pass filters1, and A, are derived as explained
structure before all-pass moving is retained. in Section II, resulting in the subsef, (14) andQ;, (15) as

shown in Table II.
IV. EXAMPLE FILTERBANK

TABLE I
ALL-PASS FILTERS IN THE EXAMPLEL2-BAND COMPLEMENTARY
*yo[n} FILTERBANK.
G
3 * il k Pk Ok
+ ! 0 {2,5,6 {1,3,4,7,8,9,10}
M N 0 ! {£.9.10F ENA;
- 3 8 7
s : 9
0 m 5.6,7,8,9,10 [0} [4]

Fy = ya[n]

* i
| P el
* i

The frequency responses of th2 bands of the filterbank
are shown in Fig. 4. Note that these magnitude frequency
responses do not depend on whether all-pass filtgrsare
included or not.
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Fig. 4. Magnitude frequency responses of the 12-band exafiifdrbank.

Fig. 3. Example 12-band complementary IIR filterbank.

The magnitude frequency response of the sum of all bands
is all-pass, as expected, since the filterbank is compleanent

To illustrate the proposed technique of N-band complemeand as indicated by the bold solid line in Fig. 5. The magritud
tary IIR filterbank design, an example filterbank is desdaibdrequency response of the sum of bands without all-passsfilte
in this section. is also indicated in the figure as thin solid line, indicating



that without the all-pass filters the filterbank is not
complementary.
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Fig. 5. Magnitude frequency responses of the 12 bands (dasied
magnitude frequency response of the sum of the 12 bands halld 6olid)
and without (thin solid) all-pass filters.

nearlis not achieved, but for high audio quality these considlenat

should be made:

The group delay of the filterbank is shown in Fig. 6, with

(bold line) and without (thin line) all-pass filters. Not gnl

reconstructed signal.
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Fig. 6. The group delay of the impulse response of the sum efbtnds
with (solid) and without (thin) all-pass filters.

V. DISCUSSION

« The relative group delay (difference between minimum

and maximum) should be small. A number of papers
have discussed the perceptibility of group delay, see
e.g. [10], [11]. The data given in Fig. 7 of [10] may

imply that the group delay of the described filterbank
(bold line in Fig. 6) is such that the reconstructed signal
in indistinguishable from the original signal, because the

relative group delay of the filterbank is below the given
threshold.

« The more frequency-smooth the group delay is, the more

is linear-phase property approximated, and the smaller
is the perceived difference between the original and
reconstructed signal.

VI. CONCLUSIONS

) The proposed method describes a practical way to imple-
_the magnitude response, but als_o the group delay responsgént N-band complementary IIR filterbanks with any desired
improved by using the all-pass filters versus not using themequency bands. Such filterbanks are useful for delajeatit

The group delay with all-pass filters is relatively small angludio processing applications. The full-band signal isonec
frequency-smooth, as is desired for high audio quality ef thstructed by adding the filterbank bands.

The proposed N-band complementary IIR filterbanks have
a tree-like structure, based on simple-to-derive 2-bard-co
plementary low-pass and high-pass filter pairs and all-pass
filters related to the complementary filters. Filterbankshwi
any desired band frequencies can be designed, using any tree

structure based on 2-band complementary filters with any
transition frequencies.

(1]

(2]
(3]
(4

The proposed method allows to build N-band complemertS]

tary filterbanks with any desired transition frequenciesng
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