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ABSTRACT

A small-scale microphone array generally adopts the
subtractive beamforming technique, which constructs
sharp notches in a spatial beampattern, so that tar-
get sound sources are assumed as point sound sources.
However, the shapes of actual sound sources are vari-
ous and not always points. Our mouths are line sound
sources or plane sound sources. It is important to
deal with line sound sources when we apply the sub-
tractive beamformer to speech signal processing. This
paper proposes a hybrid subtractive beamformer that
combines several 2ch subtractive beamformers prop-
erly in each frequency to expand the width of a sharp
notch. The feasibility of the proposed hybrid subtrac-
tive beamformer is confirmed by performance tests in
suppressing the signals from line sound sources.

1. INTRODUCTION

The study of a microphone array deals with directional
signals since it forms a desired beampattern based on
spatial information. Current beamformers easily deal
with a signal generated from a point sound source.
However, this assumption often fails in the real world
because an actual sound source must be observed as a
line sound source or a plane sound source. A non-point
sound source has complicated characteristics for signal
radiation. From the viewpoint of a receiver, similar
signals come from a region. When we think about a
far-field sound source, which means that the distance
is sufficiently larger than the size of the sound source,
it may be observed as a point sound source even if, in
reality, it is a non-point sound source. On the other
hand, a near-field sound source is observed as an ac-
tual shape, that is, a line sound source or a plane sound
source. Our mouths, for example, can be a point sound
source in far-field conditions, but a line sound source
or a plane sound source in near-field conditions.

One recent interest in the study of microphone ar-
rays is a small-scale microphone array aimed at real
application. Small-scale microphone arrays are eas-
ily portable. A mobile microphone array is especially
desirable as a front-end for automatic speech recogni-
tion systems or hearing aids [1] [2] . The conventional
Delay-and-Sum beamforming technique is not suitable
for a small-scale microphone array since the number
of available received signals is too small. A small-
scale microphone array generally employs the subtrac-
tive beamforming technique that directs sharp notches
in spatial sensitivity to the arrival directions of inter-
fering signals. It is necessary for a small-scale micro-
phone array to deal with unknown non-stationary sig-
nals in near-field conditions. This situation gives rise to
the non-point sound source problem. Non-point sound
sources cause damage to the performance of subtractive
beamformers with sharp null sensitivities.

This paper focuses on line sound sources as a next
step of point sound sources supposing the use of a
small-scale microphone array. The author has proposed
a subtractive beamformer using a paired-microphone
[3]. This paper expands it to deal with line sound
sources. Section 2 introduces the design of the sub-
tractive beamformer by a paired-microphone. In Sec-
tion 3, aiming to expand the width of a sharp notch
in a directivity pattern, the hybrid subtractive beam-
former is proposed as a combination of 2ch subtractive
beamformers with a single notch. The number of com-
bined beamformers depends on frequency. In Section
4, we discuss the feasibility of the hybrid subtractive
beamformer. Conclusions are given in Section 5.

2. SUBTRACTIVE BEAMFORMER BY A
PAIRED-MICROPHONE

The subtractive beamformer by a paired-microphone is
formulated with a single notch [3]. It aims at suppress-
ing a directional signal s(t) by using two received sig-
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Fig. 1. Geometrical relationship between a paired-
microphone and arrival signals.

nals z1(t) and x2(t). As shown in Fig. 1, a target signal
s(t) comes from the direction that corresponds to the
arrival time difference 26 between a paired-microphone.
Some interfering signals n;(t) with the time difference
2(; occur simultaneously, where subscript ¢ means sig-
nal direction. Assuming ¢; # 0, received signals x4 (t)
and x5 (t) can be described as follows.
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The target signal s(t) can be suppressed by subtracting
received signals with the proper temporal shifts related
to the arrival direction of s(¢). This operation makes a
subtractive beamformer gs(¢) with a sharp notch.

gs(t) = i[{xl(t—l—(S—FT)—xl(t—l—(;—T)}
— oot —6+7)—a(t—0-7)}] (3)

where 7 is an arbitrary value.

3. SUBTRACTIVE BEAMFORMER FOR
LINE SOUND SOURCES

Concerning a subtractive beamformer, the number of
notches, D, in a directivity pattern, can be generally
determined by the number of microphones, M. Con-
ventional subtractive beamformers suppose D = M —1,
and Saruwatari et al. proposed a complementary beam-
forming technique to achieve D = 2(M —1) [4]. There-
fore, if we can use a large-scale microphone array with
a lot of microphones, the suitable beampattern for line
sound sources may be achieved by arranging notches
neighborly. The rectangular notch can suppress the

signal from a line sound source. It is, however, dif-
ficult for a small-scale microphone array to construct
a beampattern that corresponds to line sound sources
since M is quite small. For example, D = 2 at most in
the case of M = 2.

This paper tries to expand the width of the notch
in the beampattern by combining several subtractive
beamformers constructed by paired-microphones, thus
creating a series connection of spatial filters. The inter-
val between a paired-microphone must be determined
based on both the spatial resolution required and the
frequency range dealt with. Speech signals are broad-
band signals, so a wide interval in low frequency com-
ponents is required. However, a wide interval causes
a spatial aliasing effect in the high frequency range.
If there is only a line sound source, it is enough to
connect subtractive beamformers serially. In multiple
sound sources conditions, however, it is necessary to
avoid the effect of spatial aliasing against non-target
sound sources. Therefore, this paper proposes a hybrid
combining technique to realize the quadruple, double,
and single connection in the low, middle, and high fre-
quency region. The hybrid beamformer is defined as
the frequency representation G, (w) in Eq. (4).

Gy (W) =
V/Gs—205(w)Gs—n5(w)Gsyas(w)Gsyaas(w),
w<e
VGs—25(w)Gstas(w), g1 <w < ey
Gs(w), w > g9

(4)
where €1 and ¢4 are constants, and Gs(w) is the short-
term Fourier transform of gs(¢) defined in Eq. (3).

4. THE PERFORMANCE OF THE HYBRID
BEAMFORMER

To confirm the feasibility of the proposed hybrid beam-
former for suppressing the signal from a line sound
source, the line source is simply modeled as set of point
sound sources arranged consecutively in a space dis-
cretely. Each point sound source generates a signal
with uniform power in every direction. In Fig. 2, the
geometrical relationship is illustrated between a paired-
microphone and a quasi-line sound source. This quasi-
line sound source has a width of 0.05 m to simulate the
human mouth, and is placed 0.5 m away in a free sound
field in the front of a paired-microphone. The quasi-
line sound source is located in the front of a paired-
microphone whose interval is 0.1 m, and the apparent
angle of the quasi-line sound source becomes 20 de-
grees. In this experiment, all signals are sampled at
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Fig. 2. Geometrical relationship between a paired-
microphone and a quasi-line sound source.

48 kHz with 16 bit accuracy, and changeover param-
eters €1 and e5 are 500 Hz and 1000 Hz, respectively.
The quasi-line sound source generates a random noise
in the frequency range of 63 Hz to 1000 Hz. Here, as
a reference, the single subtractive beamformer g¢s(t) in
Eq. (3) is also applied for suppressing the signal from
a quasi-line sound source.

Figure 3 shows the sound pressure levels in each
frequency bin of signals that are non-processed, sup-
pressed by the single subtractive beamformer, and sup-
pressed by the hybrid beamformer in the upper panel.
The lower panel shows the difference in suppressing the
signal between the single and the hybrid beamformers.
The hybrid beamformer consists of four beamformers
in the low frequency range of 63 Hz to 500 Hz, two
beamformers in the middle frequency range of 500 Hz
to 1000 Hz, and a beamformer in the high frequency
range above 1000 Hz.

From both panels in Fig. 3, the proposed hybrid
beamformer is superior to the single beamformer in
suppressing the signal from a line sound source. The
sound pressure level of the signal suppressed by the
single beamformer changes periodically in frequency.
This instability is due to the nature of the subtrac-
tive beamformer g5(¢) defined by Eq. (3), because the
spectral representation of gs(t) contains the sine term
depending on both signal direction and frequency [3].
In this condition, a computational error depends only
on frequency, because the signal direction is fixed. The
proposed hybrid beamformer can offset such compu-
tational error by taking a geometric mean of different
subtractive beamformers. It is very important for the
front-end of current automatic speech recognizers to re-
move the spectral coloration by combining suntractive
beamformers.
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Fig. 3. The upper panel shows sound pressure levels of a
received signal marked by circles, the suppressed signal by
the single beamformer marked by triangles, and the sup-
pressed signal by the hybrid beamformer marked by aster-
isks. The lower panel shows the improvement in suppressing
the signal between two beamformers.

5. AN APPLICATION TO NOISE
REDUCTION

A subtractive beamformer generally has sharp notches
in beampattern, and a small-scale subtractive beam-
former has a broad beampattern except for the sharp
notch. The author aimed at using this characteristic
to the best advantage for noise reduction by paired-
microphones [3]. At first, signal directions, which relate
to the target signal and the most dominant interfering
signal, are estimated based on a cross-correlation of the
received signals. Next, the noise spectrum is estimated
by using the subtractive beamformer that suppresses
the target signal. Here, the broad beampattern helps
to estimate the spectra of not only the most dominant
interfering signal but also other interfering signals and
reverberation components. Finally, the spectrum of the
target signal is obtained from the received signal and
the estimated noise spectrum by employing Spectral
Subtraction [5]. This method uses a 3ch linear micro-
phone array, but one of three paired-microphones is
used for finding a signal direction or estimating a noise
spectrum.

Here, we can use two types of subtractive beam-
formers for estimating the noise spectra. If a target
signal appears to be a line sound source, the hybrid
subtractive beamformer must contribute to improve
the performance of noise reduction. Spectral distortion
which is the mean Euclidian distance between target
and reference spectra is used for the evaluation.



We examined the feasibility of applying the hybrid
subtractive beamformer to noise reduction. The target
signal is the Japanese vowel /a/, and comes from a
quasi-line sound source that is located 0.3 m away in
the front of the 3ch linear microphone array. A noise
signal is a random noise from 63 Hz to 1000 Hz, and
comes from a point sound source that is located 1.0
m away at 30 degrees to the right. The interval of
neighboring microphones is 0.1 m, respectively.

Figure 4 shows the waveforms of a clean speech sig-
nal and a noise-added speech signal, and the spectral
distortions of the noise-added non-processed signal and
noise-reduced signals by the conventional Delay-and-
Sum beamformer as a reference, the single subtractive
beamformer, and the hybrid subtractive beamformer.
From the viewpoint of noise reduction, it is obvious
that even the single subtractive beamformer outper-
forms the Delay-and-Sum beamformer. Furthermore,
the hybrid subtractive beamformer gives the further
improvement of the ability to reduce the signal from
the line sound sources.

6. CONCLUSION

A hybrid subtractive beamformer is proposed to deal
with line sound sources by paired-microphones. Sev-
eral subtractive beamformers are combined by taking
the characteristics in each frequency into consideration
to expand the width of a sharp notch. Results of per-
formance tests suggest that the proposed hybrid sub-
tractive beamformer has the advantage of dealing with
line sound sources.

In future work, it is desirable for the hybrid subtrac-
tive beamformer to examine the performance under not
only quasi-line sound

source conditions but also more realistic conditions.
We also have an interest in the possibility of the sparse
placement of sharp notches in space by combining sev-
eral subtractive beamformers.
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