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ABSTRACT

In many situations of digital speech communication
(e.g. hands-free telephony or electronic hearing aids)
the speech signal picked up by the microphone is
disturbed by acoustic background noise. Therefore,
adaptive filtering techniques which aim at the reduc-
tion of the disturbing noise are subject of current
research activities (e.g. [1]). Although some of the
already known adaptive techniques — especially con-
cepts with two or more microphones — allow a sig-
nificant reduction of the noise, most of the adap-
tive strategies result, particularly at low SNR, in
a speech signal with an unnatural character due to
time-variant distortions, and the occurrence of musi-
cal noise. An alternative approach, which does not
affect the speech signal by time-variant distortions, is
the application of a microphone array with a fixed di-
rectivity pattern aligned to the speaker’s position, re-
sulting in a suppression of spatially distributed noise
sources. In this contribution it is shown that due to
the proposed optimization even with only two micro-
phones a reduction of diffuse noise sound up to 6 dB
can be achieved.

1 INTRODUCTION

The structure of a linear array with N = 4 micro-
phones is depicted in Fig. 1. The microphone signals
2 (k) (with 1 <n < N) are filtered with time invariant
impulse responses a, (k), which are designed to obtain
an output signal §(k) of maximum power for the di-
rection of principal incidence. Conventionally, the fil-
ters an (k) simply provide a compensation of the time
delay between the microphone signals, which occurs
for the direction of principal incidence. The resulting
structure is often called delay-and-sum-beamformer.
The destructive interference occurring for every other
angle of incidence leads to a reduced output signal for
directions outside the main lobe.

Although the delay-and-sum-beamformer is based on
a distinct theory, this approach is not very appro-
priate for the application in microphone arrays be-
cause it results in a poor directivity. Therefore, a
large number of microphones is required to obtain
an appreciable reduction of spatially distributed noise
sources. For this reason, this contribution deals with
the application of the theory known from superdi-
rective antennas to microphone arrays. The funda-
mentals of superdirective antennas have already been
discussed in [2] and have been applied to microphone
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Figure 1: Structure of a linear array with N =4
microphones

arrays in [3, 4, 5]. After a short review of superdirec-
tive arrays, it is shown in Section 2 that the super-
directive design yields an excellent directivity even if
a small number of microphones is used. A further
improvement of the directivity can be obtained by
the modified design proposed in Section 3. In conclu-
sion, the simulations described in Section 4 confirm
that significant speech enhancement can be achieved
in real acoustic situations.

2 DESIGN OF SUPERDIRECTIVE
ARRAYS

The characteristic of an array can be described by
means of the power directivity pattern U(f,9,¢),
which represents the power spectral density of the
output signal §(k) as a function of the direction of in-
cidence denoted by the angles 8 and ¢. In the follow-
ing, we focus on linear arrays, i.e. the microphones
have to be placed on a straight line as depicted in
Fig. 1. Due to the symmetry of the array, the power
directivity pattern is independent of the angle ¢ ac-
cording to

N 2
U(f,0) = ‘ZAn(f) exp (3 diic- (X — n) cos0)]
n=1

1
where Ay, (f) denotes the transfer function of ﬁlgel)"
an (k), dmic the distance between two adjacent micro-
phones, 3=2rf/c the propagation factor, and ¢ the
speed of sound. Alternatively, the directivity can be
measured by the gain G(f), which is defined as the
ratio of the power directivity pattern for the direction
of principal incidence, U(f,0p), relative to the power
spectral density of the array’s output signal in case
of an omnidirectional incidence of sound. In terms of
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Figure 2: Gain of linear end-fire arrays with four and two omnidirectional microphones, respectively, and a

microphone spacing of dyjc=5 cm.
-------- delay-and-sum-beamformer

superdirective array, microphones with identical transfer functions

— — — superdir. array, microphones with non-identical transfer functions (see description in the text)

spherical polar coordinates the gain reads
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where 0y represents the direction of principal inci-
dence. In case of a diffuse noise sound field the gain
according to equation (2) is equal to the improvement
of the SNR. By means of equation (1), an equivalent
expression of the gain can be obtained as
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G(f) = ;o (3)
where the coefficients hp,, (f) are given by:
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The robustness of an array against random errors of
the positions and the transfer functions of the micro-
phones can be evaluated by the susceptibility K(f).
In [2] it has been shown that the deviation of the
power directivity pattern averages to

E{AW(£,0)} = W(f,00)- A*(f)-K(f) ,  (5)

where A%(f) comprises the relative errors of the posi-
tions as well as of the microphone transfer functions.
Therefore, to obtain a small deviation of the power
directivity pattern, it is required that the susceptibil-
ity K(f) does not exceed an upper limit, which de-
pends on the variances of the microphones’ transfer
functions.

The design of a superdirective array aims at the maxi-
mization of the gain, while the susceptibility must not
exceed a presupposed upper limit. As a result, the

transfer functions A, (f) can be obtained by solving
the system of linear equations

S b () A () + 1 An(f)

m=1

= exp (—jﬁdmic-(%—n)cosﬂo) (6)

for 1 <n < N [2]. In equation (6), u denotes an
undetermined Lagrangian multiplier, which allows to
control the superdirectivity as well as the suscepti-
bility. The choice of a large multiplier p > 1 re-
sults in the conventional delay-and-sum-beamformer,
whereas the superdirectivity and the susceptibility
increase when pu tends towards zero. The impulse
responses an (k) are obtained by solving the system
of equations (6) for several discrete frequencies f, =
v-fs/M with 0<v<M/2, taking the inverse DFT of
length M of the A, (f,), and multiplying the resulting
time-domain sequences with a Hamming window. For
the arrays considered in this contribution, which are
designed for a sampling frequency of fs =16 kHz, im-
pulse responses a, (k) of length 256 have been used.

Fig. 2 a) depicts the gain of a linear end-fire array,
i.e. the direction of principal incidence is in parallel to
the array’s axis (§p=0). The array considered in this
example consists of four microphones placed with a
spacing of dmic=5cm. To examine the gain resulting
from the coupling of the microphones, an omnidirec-
tional characteristic is assumed for each individual
microphone. This is with no loss in generality be-
cause the results can also be applied to directional
microphones.

As indicated by the dotted line, the delay-and-sum-
beamformer results in an insufficient gain at low fre-
quencies. It can be stated that for the array con-
sidered in this example the well-known rule of thumb
—each doubling of the number of microphones leads to
an improvement of 3 dB — is only valid for frequencies
above 1500 Hz. Thus if delay-and-sum-beamforming
is supposed, quality enhancement at lower frequen-
cies requires that the number of the microphones or
the dimensions of the array have to be enlarged.

An alternative solution consists in the superdirective
design as shown in Fig. 2 a) by the solid line. The
superdirective design yields a significantly improved
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Figure 3: Power directivity pattern in dB of the two-microphone end-fire array (dmic=>5cm) at 1000 Hz

gain, especially in the frequency range up to 3 kHz,
which is of main importance for speech communica-
tion. The maximum gain of the superdirective array
approaches 20log,, NdB as p tends towards zero.
For frequencies above 3.3 kHz (i.e. for small wave-
lengths A\/2 < dpic) the superdirective array turns into
the delay-and-sum-beamformer.

However, the superdirective design results in a higher
susceptibility, which requires lower variances of the
microphones’ transfer functions. Although the solid
curve in Fig. 2 a) refers to an array with a moder-
ate superdirectivity (due to the choice of y=0.01),
the gain of the array decreases significantly if micro-
phone transfer functions with realistic variances are
considered. This is indicated by the dashed curve in
Fig. 2 a), which has been obtained by averaging the
gains of 100 arrays with randomly disturbed micro-
phone transfer functions. In average, the magnitude
transfer functions have been disturbed by 10 % and
the phases have been affected by deviations of 0.03 .
Since the susceptibility increases as the number of
microphones is enlarged, the superdirective design is
not appropriate for arrays consisting of a large num-
ber of microphones. However, if only a small number
of microphones is used (which is the case in most ap-
plications of digital speech communication), the sus-
ceptibility resulting from the superdirective design is
small enough to cope with the variances of real micro-
phone transfer functions.

To demonstrate this, the gains depicted in Fig. 2 b)
refer to an endfire array consisting of only two micro-
phones placed at a distance of 5 cm. According to the
application of two microphones, the maximum gain of
the superdirective array reaches only 20log;,2 dB =
6 dB. However, since the two-microphone array pro-
vides a lower susceptibility, the gain is much less re-
duced by the non-identical transfer functions as com-
pared to the four-microphone array. This is indicated
by the dashed curve in Fig. 2 b), which refers to the
same variances of the microphone transfer functions
as described before.

3 IMPROVEMENT OF THE
DIRECTIVITY PATTERN

Fig. 3 depicts the power directivity pattern ¥(fo,6)
at fo=1000 Hz of the delay-and-sum-beamformer (a)
and of the superdirective array (b), both consisting
of two omnidirectional microphones at a distance of
dmic =bcm. According to its insufficient gain at low
frequencies, the delay-and-sum-beamformer shows an
almost omnidirectional characteristic. Although the

directivity of the superdirective design is much su-
perior, there is still a distinct secondary lobe in the
rear direction. The extent of the secondary lobe is
caused by the fact that the superdirective design aims
at the maximization of the gain. Because of the term
sin @ in the denominator of equation (2), the rear di-
rection (i.e. @ = 1) causes a much smaller influence
on the gain than any other direction. Consequently,
the maximization of the gain does not force a small
secondary lobe in the rear direction.

However, in many acoustic situations (e.g. if the ar-
ray is applied to an electronic hearing aid) a small
secondary lobe in the rear direction is of greater im-
portance than an optimal SNR, in case of an omni-
directional incidence of noise sound. For this reason,
in the following a modified design for the impulse re-
sponses an (k) is derived, which is based on a two-
dimensional definition of the gain. According to this
two-dimensional definition of the gain, all directions 6
have the same contribution. Therefore, the influence
of the rear direction is enlarged, so that the maxi-
mization of the two-dimensional gain forces a lower
secondary lobe in the rear direction. The modified
gain resulting from this two-dimensional approach is
given by

\Ij(fa 00)
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Equation (3) also holds for the two-dimensional gain
if the coefficients hpypn (f) are replaced by

27
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Therefore, the resulting set transfer functions A, (f),
which maximizes the two-dimensional gain, can be
obtained by solving the system of equations (6) if the
coefficients A/, . (f) are applied. Similar to the three-
dimensional approach, the impulse responses af, (k)
emerge by an inverse DFT and appropriate window-
ing.

Unfortunately, the integral in equation (8) can not
be solved in closed form. A numerical solution can
be approximated as follows:

iy

R (F) = %/COS(ﬁdmn cos6) df (9)
0 L-1
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Figure 4: Coefficients h13(f) (———) and hi5(f) (—)

for di2 = 5cm

In Fig. 4 the functions h{,(f) resulting from the two-
dimensional approach and hi3(f) corresponding to
equation (4) are compared. The plots refer to a two-
microphone array with a spacing of dy2 =5cm. For
the array dimensions and the frequency range con-
sidered here, it is possible to choose the upper limit
of the sum in equation (9) as L =20, which has been
confirmed by numerical evaluations.

Fig. 3 ¢) proves that the two-dimensional approach
reduces the secondary lobe in the rear direction by
3 dB. Furthermore it can be observed that the im-
provement is at the expense of an only marginally
enlarged angle of the main beam.

4 SIMULATION RESULTS

To demonstrate that the designs discussed in this con-
tribution can successfully be applied to real micro-
phone arrays, an array consisting of two omnidi-
rectional microphones at a distance of dpn;c = bem
has been assembled. The impulse responses a, (k)
of length 256 are designed for a sampling frequency
of 16 kHz. Using this arrangement, the microphone
signals have been recorded in an anechoic chamber
for different angles of incidence. To determine the
narrow-band power directivity pattern depicted in
Fig. 5, the microphone signal z;(k) and the out-
put signal §(k) are applied to a band-pass filter at
1000 Hz. The directivity pattern emerges by calcu-
lating the power ratio of the narrow-band signals for
different angles 6.

Fig. 5 confirms that the insufficient directivity of
the delay-and-sum-beamformer at frequencies below
1000 Hz can be improved significantly by the super-
directive design without any complications resulting
from the variances of real microphone transfer func-
tions. Furthermore, it can be observed that the de-
sign based on the two-dimensional approach yields a
significantly reduced secondary lobe in the rear direc-
tion of the measured directivity pattern.

To evaluate the speech enhancement resulting from
the optimized directivity, microphone signals have
been recorded which refer to an acoustic situation
where the array is aligned to a single speaker. The
noise sound field is approximately diffuse. Informal
listening tests confirm a significant reduction of the
noise. In contrast to most adaptive noise reduction
systems, the array’s output signal is of high natu-
ralness because of the absence of time-variant distor-
tions. Since the improvement is independent of the

Figure 5: Power directivity pattern in dB of a real
array with two microphones at 1000 Hz
----- delay-and-sum-beamformer
— — — superdirective design
superdirective, two-dim. approach

input-SNR, the superdirective array can successfully
be applied even in situations with extremely poor

SNR.
5 CONCLUSIONS

In this contribution it has been shown that the super-
directive design known from antenna arrays can suc-
cessfully be applied to microphone arrays. Simula-
tions considering idealized as well as recorded micro-
phone signals confirm that the susceptibility resulting
from the superdirective design is small enough to cope
with the variances of real microphone transfer func-
tions, if a small number of microphones is used. The
directivity pattern can be further improved by a novel
design, which is based on a two-dimensional defini-
tion of the gain. Listening tests confirm a significant
reduction of spatially distributed noise sources. Ac-
cording to the application of time-invariant filtering
the output signal is not affected by any time-variant
distortions, which results in a very high naturalness.
Therefore, the two-microphone array with optimized
directivity is a powerful alternative to state-of-the-
art noise suppression techniques based on adaptive
filtering.
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