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ABSTRACT

This paper describes a new method for estimating the di-
rection of arrival (DOA) using a nonlinear microphone ar-
ray based on complementary beamforming. Complemen-
tary beamforming is based on two types of beamformers
designed to obtain complementary directivity patterns each
other. In this system, since the resultant directivity pattern
is proportional to the product of these directivity patterns,
the proposed method can be used to estimate DOAs even
when the number of sound sources is equal to or exceeds
that of microphones. First, DOA-estimation experiments
are performed using actual devices in real acoustic envi-
ronments. The results clarify that DOA estimation for two
sound sources can be accomplished by the proposed method
with only two microphones. Also, by comparing the reso-
lutions of DOA estimation by the proposed method and by
the conventional minimum variance method, we can show
that the performance of the proposed method is superior to
that of the conventional method.

1. INTRODUCTION

In acoustic signal processing, DOA estimation plays an es-
sential part in microphone-array technology as a preprocess
in speech enhancement or noise-robust speech recognition
[1, 2]. The minimum variance (MV) method and the mul-
tiple signal classification (MUSIC) method are the conven-
tional and popular DOA-estimation methods currently used
in microphone array systems [1, 3, 4]. In general, the DOA-
estimation results of conventional methods are accurate, es-
pecially when dealing with a small number of sound sources
with many microphones. However, the performances of con-
ventional methods are greatly degraded when the number of
sound sources exceeds that of microphones. Thus, it is im-
possible to estimate DOAs using the practical microphone
array system with a small number of elements.

In order to resolve this problem, we newly propose to
utilize a nonlinear microphone array system based on com-
plementary beamforming which has been proposed by one
of the authors for efficient speech enhancement [5, 6]. Com-
plementary beamforming is based on two types of beam-
formers designed to obtain complementary directivity pat-
terns with respect to each other. In this system, since the
resultant directivity pattern is proportional to the product

of these directivity patterns, the proposed method can be
used to estimate DOAs even when the number of sound
sources is equal to or exceeds that of microphones. The
proposed method enables the estimation of DOAs with a
fairly small and practical microphone array.

In this paper, some experiments using actual devices are
carried out to test the performance of the proposed method,
and the resolutions of DOA estimation are measured and
reported to quantify the performance.

2. PROPOSED ALGORITHM

In this section, the nonlinear microphone array based on
the complementary beamforming proposed in Refs. [5, 6] is
briefly described, and the new DOA-estimation algorithm
for this array is proposed.

2.1. Nonlinear Microphone Array

In this study, a straight-line array is assumed. The coordi-
nates of the elements are designated as zx(k = 1,---, K),
and Sq(f) represents the signal arriving from the direction
04 (see Fig.3).

First, using two types of complementary weight vec-
tors of the element, g = [g1,- -, 9x] and h = [h1, -, hk]
[6], we construct the signal spectra S@(f) and S™(f).
The term, “complementary,” implies one of the following
conditions: “directivity pattern gain |gaq(f)| > directivity
pattern gain |haq(f)|” or “|gaq(f)| < directivity pattern
gain |haq(f)|” for an arbitrary direction, where aq(f) is
the steer vector given by

aq(f) [av,a(f), - ana(f), - axa(H, (1)
ak,a(f) exp[j2nf - xk - sin(f)a/c]. (2)

The exception is that the gain of both directivity patterns
is unity with respect to the look direction 6g,. An example
of directivity patterns using complementary beamforming
is shown in Fig. 2, where the bold downnarrows indicate
that the directional signal arrives from the corresponding
direction 64.

Next, the sum of S (f) and S™(f) is defined as the

primary signal, S?P)(f), and the difference is defined as the
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Figure 1: Configuration of a microphone array and acoustic
signals.
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Figure 2: Example of directivity patterns using complemen-
tary beamforming.

reference signal, S (f). These can be given as

SP(f) = > {gau(f) +ha(f)}-Sa(f), ()

d=1

> {gaa(f) — haa(f)}- Sa(f).  (4)

d=1

S9(f)

Here, we use the minimized criterion proposed in Ref.[6]
for the directional noise reduction. In this minimized cri-
terion, a set of the frames used in the averaging process is
regarded as a block in the time axis and this interframe-
averaged power spectrum is designed to be (|S®(£)|?)s
or (|S®(£)|?)s, where the subscript b indicates that the
interframe-averaged power spectra are obtained in the bth
block.

Finally, applying this block-averaging technique, we cal-
culate the array output in the bth block, (|X(f)|§)2, over
some blocks (b = 1,..., B), and define the squared sum of
(|X'(f)|§)2 as a new minimized criterion. By assuming that
the correlation among the signals is negligible in the aver-
aged power spectra of each block, we can approximate the
criterion as
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If each signal changes independently every block, Eq. (5)
is minimized only when all directivity patterns Re[gaq(f) -
(haaq(f))*] of each signal direction d are set to be zero.
Thus, we can realize the directional nulls for each signal by

minimizing 32 _, (|)2'(f)|§)2 with respect to g and h. Also,

b=1

2
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Figure 3: Example of directivity patterns.

to reduce the signal component in Eq. (5), it is not necessary
to produce small |gaq(f)| and |haq(f)| individually, but to
design them so as to obtain small Re[gad (f) - (had(f))*]
in the directivity patterns. Taking advantage of this com-
plementary characteristic, even when the directional nulls
of K — 1 directions are produced in each directivity pat-
tern |gaq(f)| and |haq(f)|, we can realize the directional
nulls of 2(K — 1) directions in the directivity pattern of the
proposed array.

More practically, | X (f)|? is calculated using the obser-
vation signal vector o(f), i.e., this can be given as

X(Hle = (1/4)-|(g+R)Rs(£)(g +h)"
~ (g~ h)Rs(f)(g - )", (6)
Ry(f) = (o()o"(H))s. (7

Based on Egs. (5) and (6), the following constrained mini-
mization problem is solved.

min ) |(g +WR(H)(g+m)"

~(g-h)Ri(H)(g - n)"|" ®)
subject to gaq,(f)=haq,(f)=1 9)

Equation (9) is the constraint in which the gain of both
directivity patterns is unity with respect to the look direc-
tion.



2.2. DOA Estimation by Nonlinear Microphone Ar-
ray

In solving the constrained minimization problem with re-
spect to each look direction 64,, we can classify the behavior
of the array output into the following four cases.

1. In the case that each signal changes dependently ev-
ery block,

1(a) when the sound source does not exist in g,
since Re[gaq(f) - (haa(f))*] may be both pos-
itive and negative, g and h are adjusted so as
to cancel out Re[gaa(f)- (haa(f))"]-{ISa(H)I*)s
for all A4, or produce directional nulls to reduce
the gains for the DOAs of sound sources. Thus,
the array output becomes quite small.

1(b) when the sound source exists in 64,, the array
output becomes quite small for the same reason
as described in 1(a).

2. In the case that each signal changes independently
every block,

2(a) when the sound source does not exist in 64,
g and h are able to produce directional nulls
which are steered to DOAs of sound sources
complementarily to each other (see Fig. 3(a)).
Thus, the array output becomes quite small.

2(b) when the sound source exists in 64,, since the
improved optimizing algorithm based on a block-
averaged power spectrum is used, the cancella-
tion which is described in case 1(a) is restricted.
Thus, the resultant directivity patterns are pro-
duced as depicted in Fig. 3(b), and Eq. (5) yields
a relatively large value.

Based on the above example, since Eq. (5) is extremely
minimized in every angle, we cannot detect the existence
of signals if the signals change every block dependently of
each other. However, we can detect the existence of signals
by steering the look direction 64, to every direction and
minimizing Eq. (5) if the signals change every block inde-
pendently of each other, i.e., cases 2(a) and 2(b). Therefore,
the DOA of 2(K — 1) signals can be estimated using only
K microphones in this case.

In this study, the constrained minimization problem
given by Egs. (8) and (9) can be solved using the method
of Lagrange multipliers[3].

3. EXPERIMENTS OF DOA ESTIMATION IN
REAL ACOUSTIC ENVIRONMENT

3.1. Experimental Conditions

Acoustic signals were recorded under the condition that the
reverberation time (RT) was 150 msec. A loudspeaker was
placed at each of the left side (f = —40°) and the right side
(6 = 30°) of the array.

All sound data prepared in all experiments were sam-
pled at 12 kHz with 16-bit resolution. Two- and three-
element arrays with the interelement spacing of 4 cm were
used. In both the conventional MV[4] method and the pro-
posed method, we use sound samples of 2 sec duration to
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Figure 4: The experimental results in the case of (a) two-
and (b) three-element array with 150 msec reverberation
time.

perform the DOA estimation. In the proposed method,
the optimization procedure is conducted under the follow-
ing conditions: the frame length is 21.3 msec, the frame
shift is half the frame length, the window function is rect-
angular, the block size is 50-frame lengths, and the block
shift is 1-frame length. The analysis conditions in the MV
method are the same as those in the proposed method with
respect to frame length, frame shift and window function.
The analysis frequency is set to be 3.0 kHz. We calculate
and plot the resultant estimated DOA every 1° angle.

3.2. Experimental Results

First, the experimental results are shown in Fig. 4(a) for the
case of a two-element array . In this figure, “Proposed” indi-
cates the result of the proposed method, and “MV method”
indicates that of the conventional MV method. This fig-
ure shows that the DOA-estimation result of the proposed
method exhibits two peaks corresponding to the two sound
sources, even when the conventional method fails. Thus, the
DOA of 2(K — 1) signals, where K = 2, can be estimated
by the proposed method, and this results agrees with that
derived theoretically in Sect.2.2. Next, the experimental re-
sults obtained with a three-microphone array are shown in
Fig. 4(b). This figure shows that both the proposed method
and MV method yield two peaks corresponding to the two
sound sources because the number of microphones exceeds
that of sound sources. It is, however, interesting that the
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Figure 5: The directional resolutions of the proposed
method and MV method with (a) two and (b) three mi-
crophones.

DOA resolution of the proposed method is different from
that of the conventional method, so we will quantify the
directional resolution in the next section.

4. DOA RESOLUTION MEASUREMENT

4.1. Definition of Directional Resolution

In this study, we use the directional resolution for the mea-
surement of DOA-estimation quality, which is defined based
on the following procedure. First, we set two loudspeakers
with a narrow directional interval. Next, DOA estimations
are performed for every additional two degrees with respect
to the directional interval. Finally, when we obtain an ac-
curate DOA of the loudspeakers, then the minimum direc-
tional interval is defined as the directional resolution of our
experiments. In these measurements, RT is set to be 0, 150,
200, and 300 msec.

4.2. Experimental Results

Figure 5(a) shows the relation between the directional res-
olution of the proposed method and RT in the case of
two microphones. We do not show the directional reso-
lution of the MV method because the DOA estimation for
two sound sources is inherently impossible with only two
microphones[3]. Figure 5(b) shows the relation between the
directional resolution of the proposed method and RT in the
case of three microphones. We can summarize the results
as follows.

e The proposed method can be used to distinguish two
DOAs with a directional interval of at least 2° when
two microphones are used and there is no reverber-
ation. However, the directional resolution increases
considerably, i.e., the accuracy of the DOA estima-
tion deteriorates, as the RT increases.

e The directional resolution of the proposed method is
superior to that of the conventional MV method un-

der all reverberant conditions when three-element ar-
ray are used. Also, the directional resolution of both
the proposed method and the conventional method
increases considerably as the RT increases.

e Increasing the number of elements in the proposed
method prevents the deterioration of DOA estimation
caused by reverberation.

5. CONCLUSIONS

In this paper, a new method for DOA estimation using
the nonlinear microphone array based on complementary
beamforming was described. To evaluate its effectiveness,
DOA-estimation experiments were performed using actual
devices in real acoustic environments. From the experi-
ments of DOA estimation, comparing the conventional MV
method and the proposed method, it was shown that the
proposed method yields two peaks corresponding to the two
sound sources with a two-element array, even when the con-
ventional method fails. By comparing the resolutions of
DOA estimation by the proposed method and by the con-
ventional MV method, we could show that (1) the proposed
method can distinguish two DOAs with a directional inter-
val of at least 2° when there is no reverberation. How-
ever, the accuracy of the DOA estimation deteriorates as
the RT increases; (2) the directional resolution of the pro-
posed method is superior to that of the conventional MV
method under reverberant conditions when a three-element
array is used; (3) increasing in the number of elements in
the proposed method prevents the deterioration of DOA
estimation caused by reverberation.
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