DESIGN OF BROADBAND SPEECH BEAMFORMERSROBUST AGAINST
ERRORSIN THE MICROPHONE ARRAY CHARACTERISTICS

S mon Doclo, Marc Moonen

Katholieke Universiteit Leuven, Dept. of Elec. Engineering (ESAT - SISTA)
Kasteelpark Arenberg 10, 3001 Leuven, Belgium
{si mon. docl o, mar c. nrbonen}@sat . kul euven. ac. be

ABSTRACT

Fixed broadband beamformersfor speech applicationsusing small-
sized microphone arrays are known to be highly sensitive to er-
rors in the microphone array characteristics. This paper describes
two procedures for designing broadband beamformers with an ar-
bitrary spatial directivity pattern, which are robust against gain and
phase errors. The first design procedure optimises the mean per-
formance of the broadband beamformer and requires knowledge
of the gain and phase probability density functions, whereas the
second design procedure optimises the worst-case performance by
using a minimax criterion. Simulations with a small-sized micro-
phone array show the performance improvement that can be ob-
tained by using arobust broadband beamformer design procedure.

1. INTRODUCTION

In many speech communication applications, such as hands-free
telephony, hearing aids and voice-controlled systems, the micro-
phone signals are corrupted by background noise and reverber-
ation. Fixed and adaptive beamforming are well-known multi-
microphone signal enhancement techniques for noise reduction
and dereverberation [1]. Fixed beamformers are frequently used
for creating the speech reference signal in a Generalised Sidelobe
Canceller, for creating multiple beams [2], in highly reverberant
acoustic environments and in applications where the position of
the speech source is approximately known, e.g. hearing aids [3].

In [4][5] several procedures are presented for designing broad-
band beamformers with an arbitrary spatial directivity pattern us-
ing an FIR filter-and-sum structure. Several cost functions can be
used, leading to e.g. weighted |east-squares (L S) filter design, non-
linear optimisation [6], a maximum energy array or eigenfilters.
Whatever design procedure is used, fixed beamformers are known
to be highly sensitive to errors in the microphone array charac-
teristics (gain, phase, position), especially when using small-sized
microphone arrays. The robustness against random errors can be
improved by limiting the white noise gain [7] or by performing a
calibration procedure with the used microphone array [8].

This paper discusses the design of broadband beamformers
that are robust against unknown gain and phase errorsin the micro-
phone characteristics. In Section 2 the far-field broadband beam-
forming problem is introduced. Section 3 discusses the weighted
LS cost function, which can be used for broadband beamformer
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design when the microphone characteristics are exactly known.
Section 4 describestwo proceduresfor designing robust broadband
beamformers, without a need for calibration or measurement. The
first procedure optimises the mean performance, whereas the sec-
ond procedure optimises the worst-case performance. In Section 5
simulation results are presented and it is shown that robust broad-
band beamformer design gives rise to a significant performance
improvement when gain and phase errors occur.

2. BROADBAND BEAMFORMING: CONFIGURATION

Consider the linear microphone array depicted in Fig. 1, with NV
microphones, N L-taps FIR filters w,, (with real coefficients) and
d, the distance between the nth microphone and the centre of the
array. The characteristics of the nth microphone are described by

Ap(w,0) = an(w,0)e @D p—0. . . N-1, (1

where both the gain a,, (w, ) and the phase v, (w, #) can be fre-
guency and angle-dependent. Assuming far-field conditions, the
spatial directivity pattern H(w,6) for a source S(w) with fre-
guency w at an angle 6 from the microphone array is defined as
H(w7 9) = WTg(w7 9) ) (2)
with w the real-valued M -dimensional vector (M = LN) of fil-
ter coefficients, w=[w{ ... wi_,] ' and the steering vector
g(w, ) equa to
g(W, 9) = A(w7 0) ) g(w7 9) . (3)

A(w,0) isan M x M diagonal matrix consisting of the micro-
phone characteristics and g(w, 0) is the steering vector assuming
omni-directional microphones with aflat frequency response,

Ao(w, )1,
A1 (w, G)IL
A(w,0) = ’ (@

ANfl(w, 0)1[,

gw,0) = [eF (w)e 7w eT(w)e_j“TN*1(9>]T7 (5

withe(w)=[ 1 e ... eV |"andI theLx L
identity matrix. The delay 7, (6) isequal to
ru(l) = 20y ©)

C
with ¢ the speed of sound (¢ = 3407) and f5 the sampling fre-
quency. The steering vector g(w, #) can be decomposed into areal
and an imaginary part, g(w, §) = gr(w,0) + jgr(w, 0), where
gr(w,0) = Ar(w,0)gr(w,0) — Ar(w,0)gr(w,0) ,  (7)
with A g (w, 8) and A (w, 6) thereal and imaginary part of A (w, 6)
andgr(w,0) and g;(w, 0) therea and imaginary part of g(w, 9).
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Fig. 1. Microphone array configuration (far-field assumption)
Using (2), the spatial directivity spectrum | H (w, §)|? isequd to
|H(w,0)” = H(w,0)H* (w,0) = w G(w,0)w , (8
with G(w, 0) = g(w, 6)g" (v, #), which can be written as
G(w,0) = Aw,0) - G(w,0) - A (w,0) , )
with G(w, 0) = g(w, 0)g™ (w, §). Thematrix G (w, ) can be de-

composedintoareal andanlmaglnarypartGR(w 0)and G (w, ).

Since G (w, 0) isanti-symmetric, | H(w, §)|? isequal to
|H(w,0)]” =w" Gr(w,0)w , (10)

wheretheredl part G z(w, ) can be written as

AR(wv G)GR(wv G)AR(U’)’ 0)+A1(w7 G)GR(wa G)AI (wa 6) -

Ar(w,0)G1(w,0)ARr(w,0)+AR(w,0)G1(w,0)A1(w,0), (11)

with Gr(w, 0) and G (w, ) therea and imaginary part of G (w, ).

3. WEIGHTED LEAST-SQUARES COST FUNCTION

The design of a broadband beamformer consists of calculating the
filter w, such that H (w, 0) optimally fits the desired spatial direc-
tivity pattern D(w, 0), where D(w, 0) isan arbitrary 2-dimensional
function. Several design procedures exist, depending on the spe-
cific cost function which is optimised. In this paper, we will only
consider the weighted least-squares cost function. In [4][5], aso
eigenfilter-based and non-linear cost functions are discussed.

Considering theleast-squares (L S) error |H (w, 8) —D(w, 0)|?,
the weighted LS cost function is defined as

JLs(w //Fw& (w,0) —

where F'(w, ) isapositive real weighting function, assigning more
or less importance to certain frequencies and angles. This cost
function can be written as the quadratic function

D(w,0)]%dwdd , (12)

Jrs(w) =w' Qrsw — 2w’ a+dyrs , (13)
with (assuming D(w, 6) to be real-valued)
Qs = / / F(w,0)Gg(w,0)dwdd (14)
a = /@/QF(wﬁ)D(wﬁ)gR(w,@)dde (15)
drs = /@ /Q F(w,0)D?(w, 0)dwdd . (16)

Thefilter w,s, minimising the weighted LS cost function, is
Wrs = QZ; a. (17)
When the microphone characteristics are independent of w and

6 (i.e. for omni-directional, frequency-flat microphones), a and
Qrs areequd to

a=Agrpa—A;a’ (18)
QLs=ArQrsAr +A1QLsA; — A1Q7sAr + ArRQlsAs
with
/@ /Q F(w,0)D(w,0)gr(w,0)dwdd  (19)

a® = //F(w,G)D(w,G)g[(w,H)dwdﬁ (20)
Q

Qrs = /@ /Q F(w,0)G r(w, 0)dwdd 21)

Qis = /@/QF(w,H)GI(w,@)dde. (22)

Theith element of a and the (4, j)-th element of Qs are equal to

a'=an(cosy,a’ +siny, a®’) (23)
Qs =antn (05 (3 —7m) Qs +sin (3—7) Q35). (29
withn = [ ] andm = [ 11 ].

4. ROBUST BROADBAND BEAMFORMING

Using the cost function in Section 3, it is possible to design beam-
formers when the microphone characteristics are exactly known.
However, small deviations from the assumed microphone charac-
teristics can lead to large deviations from the desired spatial direc-
tivity pattern [7][9]. Sincein practice it is difficult to manufacture
microphones with the same nominal characteristics, a measure-
ment or calibration procedureisrequired in order to obtain the true
microphone characteristics. However, after calibration the micro-
phone characteristics can still drift over time. Instead of measuring
or calibrating every individua microphonearray, it isbetter to con-
sider all feasible microphone characteristics and to either optimise:
e the mean performance, i.e. the weighted sum of the cost
functions, using the probability of the microphone charac-
teristics as weights (cfr. Section 4.1).
e the worst-case performance, i.e. the maximum cost func-

tion, leading to aminimax criterion (cfr. Section 4.2).
The same problem of gain and phase errors has been studiedin [9].
However, in [9] only the narrowband case for a specific directivity
pattern and a uniform pdf has been considered. The approach pre-
sented hereis more general because we consider broadband beam-
formerswith an arbitrary spatial directivity pattern, arbitrary prob-
ability density functions and several cost functions [4]. However,
in this paper we will only use the weighted LS cost function. We
refer to [4] for robust design based on other cost functions.

4.1. Weighted sum using probability density functions

Thetotal cost function J}%(w) is defined as the weighted sum of
the cost functionsfor all feasible microphone characteristics, using
the probability of the microphone characteristics asweights, i.e.

Ji%(w /AO /AN IJLS w) fa(Ao) ... fa(An-1)
dAg ... dAn_1, (25)
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with f4(A) the pdf of the stochastic variable A = ae ™77, i.e. the
joint pdf of the stochastic variables a (gain) and v (phase). We
assume that f.4(A) isindependent of frequency and angle, or that
fa(A) isavailable for different frequency-angle regions. Without
loss of generality, we also assume that al microphone character-
istics are described by the same pdf f4(A). Furthermore, we as-
sume that a and ~ are independent variables, such that the joint
pdf is separable, i.e. fa(A) = fa(a)fg(7y), with fo(a) the pdf
of the gain a and fg () the pdf of the phase v. These pdfs are
normalised such that [ fa(a)da =1and fv fo(y)dy=1.

By combining (13) and (25), the total cost function is equal to

Jz‘gv (W) = WTQtOtW — 2WTﬁtUz + dLS 5 (26)

which has the same form as (13), with

étot:\/...‘/x éfA(Ao)...fA(AN71)dA0...dAN71
Ao An_

1

QtotZ/... QLSfA(AQ)H.fA(ANfl)dAQ‘..dANfl.
Ao AN-1

Using (23), the :th element of a;,. isequal to

ayor :/ / an (cosyn @' +sinvy, a®) fa(an) fo (vn)dandyn,
anY Yn

such that

ot = Palts A+ paps A’ 27)
with 11, the mean of the gain pdf, 1o = [, afa(a)da, and p5 and
15 equal to

o= [ cosatondr, = [smrfolar. @

Y

Using (24), the (i, 5 )-th element of Q.. isequal to

/ / / / U Am <C()S ( Yn — Y ) QijS sin (’yn—"ym) L@éj)
an’ am’ Yn’ Ym v I
f(x (an)fa (am)fg( )n)fg (A m) landamd’y Ld’Ym ) (29)

Ifn=m,QY, isequal to

73& = / a?zfa(an)dan QLL]S = 0121 LL]S ) (30)

with o the variance of the gain pdf, i.e. o = [, a” fo(a)da.
Ifn#m, QY, isequal to

QL = 12 [05QYs +03Q3Y | | (31)

o //COS(%—Wz)fg(%)fg(w)d%dw (32)

q
Il

: / / sin (v1 —72) fo(n1)fo(r2)dmdyz , (33)
such that

c c 2 S 2 S S c c S
o5 = (15)" + (13)", Oy = fiypy = papy = 0. (34)
The matrix Q.. can now be computed as

2 2 2
Oq 1L :U/ao"cy 1. Mao'f/ 1L
2 ¢ 2 2 ¢
B Mooy 1n  oglp Haos 1r
Qiot = ©Qrs,
2 ¢ 2 ¢ 2
HaoS 1L pgos o.oo5 g

where 1y isan L x L-matrix with all elements equal to 1 and ®
denoting element-wise multiplication. As can be seen, we only
need the mean and the variance of the gain pdf f.(a), whereasin
general complete knowledge of the phase pdf fg(+) isrequired.

When optimising the mean performance, it is however still
possible - although typically with alow probability - that for some
specific gain/phase combination, the cost function is quite high.
If thisis considered to be a problem, the worst-case performance
should be optimised (cfr. Section 4.2).

4.2. Minimax criterion

For the minimax criterion, we first have to define a (finite) set of
microphone characteristics (K, gainvaluesand K, phase values),

7"/K'y :'Vmaz},

as an approximation for the continuum of feasible microphone
characteristics, and use this set of gain and phase values to con-
struct the (K, K, )™ -dimensional vector F(w),

{amin:ah- 0K, :amaz}, {'Vmin:’yly e

F(w) = [ Fi(w) Fe v (w) 17, (35)

which consists of the used cost function (weighted LS or any other
cost function) at each possible combination of gain and phase val-
ues. The goal then isto minimise the L..-norm of F(w), i.e. the
maximum value of the elements F, (w),

Fy(w)

min ||F(w)||cc = min max Fi(w), (36)

which can be done using a sequential quadratic programming (SQP)
method [10]. In order to improve the numerical robustness and the
convergence speed, the gradient

|: OF (w) OF>(w)

OF g, )N (W) } . @D
ow ow ow

whichisan M x (K,K.,)~ -dimensional matrix, can be supplied
analytically. As can be seen, the larger K, and K, the denser
the grid of feasible microphone characteristics, and the higher the
computational complexity for solving the minimax problem.
When only considering gain errors and using the weighted LS
cost function, it can be proven that for any w, the maximum value
of F(w) occurs on a boundary point of an N-dimensional hyper-
cube[4],i.e. an = @min OF an, = Gmaz,n = 0...N — 1. This
impliesthat K, = 2 suffices and F(w) consists of 2V elements.

5. SSIMULATIONS

We have performed simulations using a small-sized non-uniform
linear microphone array consisting of N = 3 microphones at posi-
tions [-0.01 0 0.015] m. We have designed an end-fire beam-
former with passband specifications (25, ©,) = (300—4000 Hz,
0°—60°) and stopband specifications (2, ©,) = (300-4000 Hz,
80°-180°) and f, = 8kHz. The filter length L = 20 and the
weighting function F'(w, 8) = 1. We have designed several types
of broadband beamformers using the weighted L S cost function:
1. anon-robust beamformer (i.e. assuming a, = 1,v, = 0°)
arobust beamformer using a uniform gain pdf (0.85,1.15)
arobust beamformer using a uniform phase pdf (—5°,10°)
arobust beamformer using a uniform gain/phase pdf
arobust beamformer using the minimax criterion (only gain
eITors, min = 0.85, dmaz = 1.15, K, = 2)
For all beamformers, we have computed the following cost functions:
1. thecost function J without phase and gain errors (A,, = 1)

a Wb
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2. thecost function J 4., for microphonegains[ 0.9 1.1 1.05] Design I Jaew T I JYT Jmas
3. the mean cost function J£°* for the uniform gain pdf NO_I']-I’ObUQ 0.313 2201 1233 62.67 1857 9613
4. the mean cost function J°* for the uniform phase pdf Gain 0474 0685 0642 0576 0744 1441
5. the mean cost function J'* for the uniform gain/phase pdf Phase 0431 0700 0666 0557 0791 1749
6. the maximum cost function .J,..... when the gain varies be- Gain-phase | 0518 0652 0.653 0596 0732 1368

Ween o — 0.85 80 G e 115 Minimax | 0.747 0843 0803 0792 0849 1035

Table 1 summarisesthe different cost functions. Obviously, the de-
sign procedure optimising a specific cost function leads to the best
value for this cost function (bold values). Thisimplies that when
no errors occur, the robust design procedures give rise to a higher
cost function J than the non-robust design procedure. However,
when gain and/or phase errors occur, the non-robust design proce-
dure produces very bad results (e.g. compare J,,.q. for al design
procedures and see Figure 3), whereas all robust design procedures
produce satisfactory results.

Figure 2 shows the spatial directivity plots of the non-robust,
the gain/phase-robust and the minimax beamformer for several fre-
guencies, when no gain and phase errors occur. As can be seen, the
performance of the non-robust beamformer is the best, but the per-
formance of the robust beamformersis certainly acceptable.

Figure 3 shows the spatial directivity plots in case of (small)
gain and phase errors (microphone gains=[0.9 1.1 1.05] and
phases=[5° —2° 5°]). Ascan be seen, the performance of the
non-robust beamformer deteriorates considerably. Certainly for
the low frequencies, the spatial directivity pattern is almost omni-
directional and the amplification is very high. On the other hand,
the robust beamformers retain the desired spatial directivity pat-
tern, even when gain and phase errors occur.

6. CONCLUSION

Inthis paper we have described two proceduresfor designing broad-
band speech beamformers that are robust against gain and phase
errors. Thefirst design procedure optimises the mean performance
using gain and phase pdfs, whereas the second design procedure
optimises the worst-case performance using a minimax criterion.
Simulations for both design procedures show the performance im-
provement that is obtained when gain and/or phase errors occur.
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