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Filter Bank Design for
Subband Adaptive Microphone Arrays

Jan Mark de Haan* Nedelko Grbié

Abstract— This paper presents a new method for the de-
sign of oversampled uniform DFT-filter banks for the special
application of subband adaptive beamforming with micro-
phone arrays. Since array applications rely on the fact that
different source positions give rise to different signal delays,
a beamformer alters the phase information of the signals.
This in turn leads to signal degradations when perfect re-
construction filter banks are used for the subband decompo-
sition and reconstruction. The objective of the filter bank
design is to minimize the magnitude of all aliasing com-
ponents individually, such that aliasing distortion is min-
imized although phase alterations occur in the subbands.
The proposed method is evaluated in a car hands-free mo-
bile telephony environment and the results show that the
proposed method offers better performance regarding sup-
pression levels of disturbing signals and much less distortion
to the source speech.
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I. INTRODUCTION

ILTER banks have been of great interest in a num-

ber of signal processing applications. Two important
applications of filter banks are subband coding [1], and
subband adaptive filtering [2]. Examples where subband
adaptive filtering is applied successfully are acoustic echo
cancellation (3], [4], [5], 6], [7], single microphone speech
enhancement [8], [9], signal separation [10], [11], and mi-
crophone arrays [12]. Modulated filter banks have been
of special interest because of their simplicity and efficient
implementations [13], [14], [15].

Perfect reconstruction decimated filter banks have been
of great interest in subband coding. However, these filter
banks are less suitable for subband adaptive filtering, since
the perfect reconstruction property with aliasing cancella-
tion is not maintained when the subband signals are modi-
fied by filters with arbitrary magnitude and phase response.
This implies that aliasing is present in the reconstructed
output of the subband adaptive filter. Design methods for
filter banks for subband adaptive filtering have been pro-
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posed in [16], [17], [18].

Also, low filter bank delays are important in speech com-
munications, since speech conversations are impaired by
additional transmission delays, [7]. Design methods for
perfect reconstruction filter banks exist where the delay can
be chosen independently of the filter length, e.g. biorthog-
onal filter banks, [19]. Design of oversampled DFT filter
banks with minimum delay and perfect reconstruction has
been proposed in [20].

This paper proposes a new method for the design of anal-
ysis and synthesis uniform DFT-filter banks, using uncon-
strained quadratic optimization, where the main goal is
that adaptive filtering in the subbands should cause mini-
mal source signal degradations at the output. The design
method aims at minimizing aliasing in the subband sig-
nals as well as minimizing magnitude, phase, and aliasing
distortions in the reconstructed output signal.

The proposed method consist of two steps. In the first
step the analysis filter bank is designed in such way that
the aliasing terms in each subband are minimized individu-
ally, contributing to minimal aliasing at the output without
aliasing cancellation. In the second step the synthesis filter
bank is designed to match the analysis filter bank where
the analysis-synthesis response is optimized while all alias-
ing terms in the output signal are individually suppressed,
rather than aiming at aliasing cancellation. Both design
steps include constraints on the signal delay.

The paper is organized as follows. In Section II, the uni-
form DFT-filter bank concept is outlined and discussed to
some depth. Section III, the filter bank design method is
presented. Further, Section TV gives performance relations
of the filter banks relative to numerous parameter choices.
In Section V, the filter banks are used in automobile hands-
free subband adaptive microphone array application. Fi-
nally, Section VI concludes the paper.

II. UnirorM DFT-FILTER BANKS

A. Definitions and Notations

Fig. 1. Analysis and synthesis filter banks with subband filtering.



IEEE TRANSACTIONS ON SPEECH AND AUDIO PROCESSING

properties of the resulting filter. However, filter design
techniques with complex approximation for filters with ar-
bitrary phase exist [22]. These methods do not take the
behavior of the filter bank into consideration. However, an
extension of the filter design method to filter bank design
has been proposed in [23].

An appropriate design criterion may be to minimize the
following objective function

*= _1~/ T VB () — Ha(e)Pdw (12)
2"‘)23 —Wp

where Hy(7) is a desired frequency response of the proto-
type analysis filter in the passband region Q, = [~wp, wy).
The desired frequency response is defined as

Hy(e?®) = evn w €L (13)
where 75 is the desired group delay of the prototype anal-
ysis filter and, consequently, the desired delay of the whole
analysis filter bank.

By only specifying a complex specification for the pass-
band region, a suitable prototype filter cannot be obtained.
The stopband regions of the prototype analysis filters must
also be defined, otherwise significant inband-aliasing distor-
tion may occur in the subbands.

One approach to combat the undesired inband-aliasing
is to minimize the energy in the stopband. This can be
done with any filter design method where passband and
stopband can be defined separately. A more appealing ap-
proach would be to address the inband-aliasing directly in
the objective function. This can be done by complement-
ing the design criterion with an inband-aliasing distortion
term. The design criterion is complemented by adding the
energies of all D—1 aliasing terms in subband m = 0 to the
objective function in Eq. (12). This will address all alias-
ing in the analysis bank due to the modulated structure.
The objective function becomes

€n = ah + Fn, (14)

with the Passband Response Error

1 Wp ) .
an = —— / |H(e™) — Hy(e™)Pdw,  (15)
2wp —Wyp

and the Inband-Aliasing Distortion

x D—1
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The passband response error can be rewritten as

1 wp . )
_ = Jwy _ Jwyi2
Oh 2 ), [H(e?Y) — Hg(e?) | dw
1 Wp . . .
= o [1H(e’)]* — 2Re {H}(e)H (e7)} +
P J—wp

+HHa(e™) ] du, (17)

where Hy(z) is the desired frequency response, defined in
Eq. (13). The prototype analysis filter response H(z) can
be expressed in terms of its impulse response, A(n), accord-
ing to

Ly—1

H(z)= > h(n)z™" = hT¢y(2), (18)

n=0
where b = [h(0),...,h(Ln — D)7 and ¢n(z) =
(1,274, ..., 27 et T Substituting Egs. (18) and (13) into
Eq. (17) yields

1 “p

ool DGR CHCS

—2Re {7 h" ¢y (e7*)} + 1] dw,

ap =
(19)

where (-)# denotes conjugate transpose. Eq. (19) can be
rewritten in the quadratic form

an =hTAh—-2h"b + 1, (20)
where the Ly x Ly, hermitian matrix A is
1 wp N A H o
A = o [T o,
wp J
and the Ly x 1 vector b is
1 “r . .
b = — Re {e7“™ ¢y, (e7) } duw. (22)
2wy —wp

Calculating the integrals in matrix A and vector b, the
matrix entries A; ; are given by

sin(wp (4 — 7))
Ay = ——E2 1 23
s wp(] _ Z) ( )
and the vector entries b; are given by
b, sin{wy (75 — z)) (24)

wp (T — 17)

where ¢,7=0,..., Ly — 1.
The inband-aliasing distortion term of the objective
function, Eq. (16), can be rewritten as

D-1
1 4 : .
= 5= S| [ o Wt P W) o] b,
d=1 -
(25)
which can be written in quadratic form
Bn = h' Ch, (26)

where the Ly x Ly hermitian matrix C is defined as
= ‘
C=o- ST (@ PWEGH (7 PWEY dw.  (27)
d=1v""T

Calculating the integral in matrix C, the matrix entries
C;,; are given by

6, — £U = Dsin(r(i - )/D)

G-y
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where

p(n)=D > d(n—kD)-1.

k=00

(46)

The optimal prototype analysis filter, in terms of mini-
mal total response error and minimal energy in the aliasing
components, is found by minimizing the weighted objective
function

ee(h) = vg(h) + vdg(h).

A weighting factor v is introduced in order to emphasize on
either the total response error (0 < v < 1) or the residual
aliasing distortion (v > 1). Inserting Eq. (36) and Eq. (43)
into (47) yields

(47)

eg(h) = g7 (E +vP)g — 2g7f + 1, (48)
The solution
gun = argmin {eg(h)} (19)
can be found by solving the set of linear equations
(E+vP)g={. {(50)

IV. DESIGN PARAMETERS
A. Pre-specified Parameters

In order to use the design method, a number of param-
eters are set. These parameters are the number of sub-
bands, M, the filter lengths of the analysis and synthesis
filters, Ly and Lg, and the decimation factor, D. The
filter lengths are commonly set to multiples of the decima-
tion factor because it gives rise to the efficient polyphase
implementation, [25]. The parameters mentioned here in-
fluence both performance and complexity, as will be seen
in the following sections. Other design parameters are the
passband cut-off frequency, wp, optional weighting in the
synthesis filter bank optimization, v, the delay of the anal-
ysis filter bank 7, and the total delay 7. For the sake
of simplicity and clearness, the results for filter banks with
M = 4 subbands are presented in this section. The results
in this section show that an increment in degrees of free-
dom, which is obtained obtained by reducing the passband
cut-off frequency or decreasing the decimation factor, gen-
erally yields higher performance. However, decreasing the
decimation factor is at the expense of increased computa-
tional complexity. The results also show that the balance
between the group-delays of the filter banks can have a
large impact on different design measures.

B. Passband Cut-Off Frequency

The bandwidth of the prototype analysis filter is set by
selecting the passhand cut-off frequency wy,. The parame-
ter determines the bandwidth of the analysis filters. Proto-
type analysis filters, obtained from Eq. (31), with different
passband cut-off frequencies are shown in Fig. 2. The fig-
ure illustrates that a lower stop band level, and thus lower
inband-aliasing distortion, can be obtained by choosing a
lower passband cut-off frequency.

Prototype Analysis Filters
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Fig. 2. Prototype analysis filter responses with filter lengths Ly, = 8,
no. of subbands M = 4 and decimation factor D = 2. The
frequency response of the filters is shown for passband boundaries

_ = ___m _ = . .
Wp = 37, Wp = 357 and wp = 75r- The corresponding inband-
aliasing distortion, B, is also shown.

Design Measures
-10 ‘ ; ,
Residual Aliasing Distortion - 89 th) L.

Total Response Error - 'Yg (h)

-30 i ) i
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Normalized passband cut-off frequency o, (t M==1)

Fig. 3. Filter bank performance as a function of the passband cut-off
frequency. The solid line is the inband-aliasing distortion, 0,
the dashed line is the residual aliasing distortion, 5g(h), and the
dotted line is the total response error, vyg(h). The number of
subbands is M = 4 and the decimation factor is D = 2. The
filter lengths are set to Ly, = Lg = 4.

The passband cut-off frequency also affects the total re-
sponse error and the residual aliasing distortion since the
synthesis filter bank design has a dependency on the anal-
ysis filter bank design. Figs. 3 and 4 show how the inband-
aliasing distortion, g, from Eq. (16), total response error,
vg(h) from Eq. (34), and the residual aliasing distortion,
8g(h) from Eq. (35), are affected by the passband cut-
off frequency parameter in the analysis filter bank design.
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Minimum total response error, vg(h) as a function of the
decimation factor D. The filter lengths are set to Lp = Lg =
2M. Each curve corresponds to a specific number of subbands,
M = 4,...,64. In all cases, the passband cut-off frequency is
set to wp = §5; and the prototype filters have linear phase. The
circles denote decimation factors chosen as powers of two.

Residual Aliasing Distortion Sg(h)
0 : : . , ;

Decimation factor D

Fig. 8. Minimum residual aliasing distortion, §g(h), as a function of

A.

the decimation factor D. The filter lengths are set to Ly, = Lg =
2M. Each curve corresponds to a specific number of subbands,
M = 4,...,64. In all cases, the passband cut-off frequency is
set to wp = g% and the prototype filters have linear phase. The
circles denote decimation factors chosen as powers of two.

V. EVALUATION IN SUBBAND BEAMFPORMING
Least Squares Subband Beamforming

We evaluate the performance of the filter banks in the

case of a subband LS optimal beamformer with real data

recorded in a hands-free car situation, [26], [27].

In this

situation we have a target signal, an interference signal

Fig. 9.

Synthesis Filter Bank Design Measures
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function of Ty and Tr. The number of subbands is M = 8. The
decimation factor is set to D = 4. The filter lengths are set to

Ly = Lg = 32. The delay of the analysis filter-bank is set to
TH = %L},.
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Fig. 10. Design errors as a function of the analysis prototype filter

group-delay. The solid line is the inband aliasing distortion, the
dashed line is the residual aliasing distortion, and the dotted line
is the total response error. The number of subbands is M = 4,
the decimation factor is D = 2 and the prototype filter lengths
are set to Ly = Lg = 4M = 16. The desired system delay is set
to 7 = 8 in all cases. The delay of the prototype analysis filter
TH is varied from 0 to Tr, which means that the group-delay
of the prototype synthesis filter T varies from T to 0 since
Tr =TH + TG

causing echo at the far end of the communication link, and
background noise, see Fig. 12. The microphone array has
I input signals z;(n), where ¢ is the microphone index,
i=1,...

A linear array of six microphones was mounted in a car

, I, and the output signal is denoted by y(n).
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where w = 2xf, and f is the normalized frequency. The
constant, Cy, is defined as

3 I7 Py (w)dw

I Bonlw)du 9
where [:)zs (w), is a spectral power estimate of a single sen-
sor observation and, IADys (w) is the spectral power estimate
of the beamformer output, when the source signal is ac-
tive alone. The constant C,; normalizes the mean output
spectral power to that of the single sensor spectral power.
The measure of distortion in Eq. (54), is the mean output
spectral power deviation from the observed single sensor
spectral power. Ideally, the distortion is zero.

To measure the performance of the microphone array, the
normalized noise suppression quantity, Sy, is introduced as

f fEN(UOd%
fﬂ'
and the normalized interference suppression quantity, .Sy,
is introduced as

Sy = (56)

e (W)dw

fvrn Y1 (w)

Sr=C - 57
T By, (w)dw 7

where 1
Cs = on (58)

and where, P, (w) and P, (w) are spectral power esti-
mates of the beamformer output and the reference sensor
observation, respectively, when the surrounding noise is ac-
tive alone. In the same way P, (w) and P, (w) are spec-
tral power estimates when the interference signal/signals
are active alone.

The beamformer performance measures for the different
filter banks are shown in Table II for 1-tap filters in the
subband beamformers and in table III for 6-tap filters in
the subband beamformers. Fig. 13 shows short-time power
estimates of the reference microphone signal and the mi-
crophone array output signal for the first case shown in
Table ITT, with 70 = 256. It can be observed that the
background noise is suppressed by about 15 dB and that
the interference signal (the male speaker) is suppressed by
about 17 dB.

C. Aliasing Distortion Measures

To determine the level of aliasing present in the subband
signals ﬂcgm) (n), m =0,...,M — 1, and in the output en-
hanced speech, y(n), Signal-to-Aliasing Ratio (SAR) mea-
sures are introduced. The average SAR of the subband
signals (™ (n) is defined

gnals 27" (n) is defined as
I M- 1ff p(m)s(w)dw

1
MI Z Z f p 2 (™) A(w)dw

=1 m=0
where P ) o(w) denotes the PSD of the desired signal
component and P e 4(w) denotes the PSD estimate of

SARx§m> (59)

Car Noise and Echo Suppression
as 20 ms power estimates

Speech
Female

lLI
o O o o

Output Power [dB]
o
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a5 One microphone: Six microphones: |
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0 8 16
Time [s]
Fig. 13. Short time (20 ms) power estimates of the reference mi-

crophone input signal (left) and the beamformer output signal
(right). The figure corresponds to the first filter bank in Table
IIT in the evaluation.

the aliasing component in mgm) (n). The average subband
SAR measures from the evaluation are shown in Table IV.
The SAR of y(n) is defined as

JZs Py s(w)dw

SAR, = =z Y2 77
v I Py,A(w)dw

(60)

where P, 5(w) denotes the PSD estimate of the desired
signal component in y(n) and Py, A(w) denotes the PSD
estimate of the aliasing component in y(n). The output
SAR measures are also shown in Table IT and Table IIL. In
order for the aliasing components in the output signal to
be masked by the speech, the SAR, measures should be at
least 30 dB. If the measure is lower, the modulated charac-
ter of the aliasing will become audible in the signal. Table
IT and III show that the processing delay can be reduced
with the proposed method, without audible aliasing in the
output signal.

V1. CONCLUSION

A design method for uniform DFT-filter banks with re-
duced delay has been proposed for the application of over-
sampled subband adaptive microphone arrays. The design
aims at minimizing aliasing components individually, in or-
der to bound the aliasing effects when phase alterations are
applied by adaptive beamformers. The evaluation of a sub-
band beamformer in a microphone array in a automobile
environment shows that noise and interference suppression
levels are improved by 1-2 dB with the proposed method,
while the distortion caused by the subband beamformer is
reduced substantially. Further, the evaluation shows that
a filter bank with significantly reduced delay can be used,
without severe loss of performance.
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