FEMEN FHRLELE &
IPSJ SIG Technical Report

WESE B

2004—MPS—52 (5)
2004,712,720

RN BBz~ A 7 0kl X D5 FREMFE
MASEE, HBAEF
FLfi R TS A B R

ARX T, FREMICET S 2 2OFIECHOVTRET S, —2REA 78R T L4 THY, ZoRiFbhbhd

‘BRLTW

EREMFETHD, OFEIRAMEBICEI NI~ A 7R OREREEZRND LWV I BELIH D, F

FTNBEOVA 7Rk ZFALILERU AT LAEERLL, A 70k 7 UA ERBFENR CHEALOF THRNE

5ZLETT,

A7 aR T LA RIC2ODVA IR AL > TEREMEITI) 2B TERY, Lo L, BEFETIEH2SD
VA7 aRNCE o TCHEREMEITI ZENFRTH D, ARXTHE., TOBRRNLHA L ERFBERICOVTHRET S,

SOUND LOCALIZATION BY AGGREGETED MICROPHONES
Mitsuharu Matsumoto, Shuji Hashimoto

Department of Applied Physics, Waseda University
Email: {matsu, shuji}@shalab.phys.waseda.ac.jp

In this paper. we discuss two methods for sound localization. The first one is the method using a microphone array. The second one
is a method proposed by the authors to utilize the transter characteristics of the microphones placed at the same position.
We formulate a sound system with N microphones at first. The microphone array and the proposed system can be described in the

same framework, thus. simplify the theoretical analysis.

Microphone array cannot localize the sound by using only two microphones. However, it is possible to localize the sound with two
microphones in the proposed method. This paper describes the theoretical foundation of the proposed methods together with the

experimental results.

1. INTRODUCTION

Animals can localize sound based on the phase difference or the
power differences sensed by their two ears. It can be considered
that the ears are a microphone array system with two micro-
phones. There exist researches on sound source localization in-
spired by living organisms [1][2]. However, it is known that it is
difticult to localize the sound when the phase difference between
the signal from the microphones exceeds = [rad]. It is also known
that it is difficult to judge whether a sound comes from front or
back direction using two ears.

In order to solve this problem, various sound localization meth-
ods using three or more microphones have been proposed in the
past [3][4]. As the conventional direction presumption technique
in a microphone array [S], the minimum variance method, the
linear prediction method and the MUSIC method are known.
These methods use many microphones and it is necessary to set
each microphone at a comparatively large distance [6]. As op-
posed to the existing method, a new sound system is proposed
using the transfer characteristic of the microphones. Hanyu and
Sekiguchi [7][8] proposed the method for the analysis of spatial
information of sound field by using directional microphones at
the same place and evaluate the method by simulations. The
authors proposed the method for the sound localization and
sound separation by using directional microphones at the same
place and evaluate the method by real data.

In this paper, it is first shown that microphone array and the pro-
posed system can be described in the same framework. The ob-
jective of the proposed method is to make the miniaturization

easy by using not the difference of the position of microphones
but the difference of the transfer characteristic of microphones.
By using the transfer characteristics of the microphones, the
microphones can be aggregated in one position, thus omitting the
size constraint of the conventional microphone array system. A
simple sound localization method is also proposed by using the
transfer characteristics of two directional microphones. Finally.
results of sound localization experiments conducted in an ordi-
nary room are presented.

2. THEORY

2.1. Problem Formulation
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Fig. 1.Problem formulation

A sound system with N microphones is shown in Fig.1.
In Fig.1, g(f 6 ly). i = 1,2,... N, represents the spatial transfer
characteristic from a sound source at the direction & and the



distance /, to the i-th microphone where f and N represent fre-
quency and the number of microphones, respectively.

m(f, 6) represents the transfer characteristic of the i-th micro-
phone to the direction & When a sound is generated by the
sound source at the direction @ and the distance /,, the sound can
be written as s(f, 6, /). C; = (x;, y;) represents the coordinates of
the i-th microphone. C; = (x,, y,) represents the coordinates of the
sound source.

According to the model in Fig.1. the output signal of the i-th
microphone signal r,(f, 6 [y can be expressed as

rlf, 0. lo) = m(f, g, O lys(f, 0.1y (i =12...N)(1)

The objective of sound localization is to calculate @ from r(f, 6
lp) (i =12,..N).

2.2. Restrictions of microphone array
Y
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Fig. 2.General model of microphone array

N microphones are placed on x-y plane as shown in Fig.2. O
represents the origin of the coordinate system. g(f, /o) represents
the spatial transfer characteristic from a sound source C; at dis-
tance /, from the origin 0. g,(f; 6, lp), i = 1,2,...,N, represents the
spatial transfer characteristic from a sound source C; to the coor-
dinate of the i-th microphone C;. Generally the following condi-
tions are satisfied in a microphone array system.

Condition 1) (Position differences)

vij CG#G Gj=12,..,N i#) )
Condition 2) (Omnidirectional microphone)

ViVl m;(f, )= C: constant (i=1,2,...N) 3)

Under these conditions, we can rewrite the problem formulation
in equation (1) as follows.

£ represents the difference of course from the i-th microphone to
the coordinate origin. & is expressed as

¢ = ,/xlz +y,2 - ,[x,z +y,2 4)

And time delay 7; can be expressed as
IR AR AR (5)
' v

where v represents the velocity of the sound.

If the sound is a complex sinusoidal wave with the frequency f,
g(f, 6 lp) can be expressed as

g, 6. 1p) = exp(—27f7)g(f; lo) (6)
Then the received sound of the i-th microphone, ri(f, 6, Iy can be
expressed as

r(; 0. ly=exp(-j2nf5) m(f, g(f. l)s(f, 6. 1y 0]

According to formula (3), ,(f, € Iy can be expressed as

rif, 8 l) = Cexp(=27ft)g(f. l)s(f, 6.l ®)
According to formula (5), exp(—j27/7) is independent of the
spatial transfer characteristic g(f, /) and the sound source s(f, 6,
lg). It depends on the relation between the position of the sound
source and the position of the i-th microphone. g(f; /o) and s(f; 6.
lg) are common to all microphones. The characteristics of
exp(-/27ft) is controllable by change the position of the i-th
microphone.

Microphone array realizes the sound focusing and the sound
localization using the relation between the position of the sound
source and the position of each microphone.

2.3. Restrictions of aggregated microphone method
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Fig. 3.General model of the proposed method

In the proposed method, N small microphones are located at the
origin O with slightly rotated postures with regard to each other
as shown in Fig.3. g(f, lg). i = 1.2.....N, represents the spatial
transfer characteristic from a sound source C; to the origin O.
The size of the prepared microphone system is significantly small
compared with the wavelength of sound because N microphones
are located at the same position.Then r,(f; 6, Iy) can be expressed
as

rilf, 0. o= mi(f, Og(f. l)s(f, 6, 1) )
In microphone array, if all microphones are located at the same
place in microphone array. then

Vi, gi(f, 6 ly)= const

Yi, mi(f; 6, lo)= const

and r;(f; 6, ly) in the Equation (1) is identical for i = 1,2,...,N.
Hence, in microphone array. the sound system cannot be realized
if all microphones are located at the same place.

However, if we use the directional microphones and regard m,(f,
) as the complex function, we can realize the sound system
similar to the microphone array.

Comparing equation (8) and equation (9), Cexp(-j27/7;) can be
considered as substitution for m;(f, €) in Equation (9), thus the
proposed method can be written in the same theoretical frame-
work as in the conventional microphone array system. The pro-
posed method realizes the sound focusing and the sound
localization using the difference of the transfer characteristic of
each microphone. It is necessary for this method to satisfy the
following conditions.



Condition 1) (Observability)

vé 3Im(, 6 =0 (=12 .,N) (10)
Condition 2) (Independency of the direction)

V6, Y6 (626)

(m,(f; 8), mAf, 6), ..., mMf. 6)) # (n
a(m(f, ). myf, ). ... mif, 6))

2.4.The method of sound localization with two micro-
phones

In this section, we introduce a new sound localization method
that utilizes the transfer characteristics of the microphones.

Let mg(f, 6) be a relative transfer characteristic defined as fol-
lows:

_m(/,6) (12)
mg(f,6) m(f.0)
According to formula (10), mg(f, ) can be defined for all 6 val-
ues. mg(f, 6) can be measured using r,(f; 6, ly) and ry(f; 6, Iy) in
advance as follows:

VAN
mg(f,0)= "z(f.g,lg)
_ m(/.0)g,(/f.0.1,)s(/.6.1,) (13)

my(f.0)8,(S,0.1,)s(f.,6.1)
_ m(f.0)g(f.1,)s(f.0.1,)
my(f,0)8(f.1,)s(f.0,1,)
_m(/.6)
my(f,6)
It should be noted that mg(f; §) is not dependent on g(/. §) and
s@f, 0 1y.
Suppose the positions (6, /) of the sound source are unknown.

We introduce the evaluation function, Mg(f, 6) defined as fol-
lows:

_ n(/.6,.1) (14)
M(f.0) =|mg(1.6) (0.1
According to formula (11), the following relations stands.
1) VO#6, Me(f, 6) #0 (15)
2)VO=6, Mc(f, § =0 (16)

Mg(f, 6) becomes minimum when 8 is equal to 6. Therefore the
sound localization is realized as follows.

1) Calculate Mg(f; 6) for all 6

2) Find @when Mg(f; 6) is the minimum.

3. EXPERIMENTAL RESULT

Fig.4 shows the block diagram of the experimental sound local-
ization system. Several experiments were conducted to evaluate
the performance of the sound localization system in the case that
N=2 as shown in Fig.5. We used two directional capacitor mi-
crophones, RP-VC200 made by Panasonic. Each microphone
was connected to the computer through the amplifier and A/D
converter. We used AT-MA2 made by Audio-technica as the
amplifiers and DAQCard-Al-16E-4 made by National Instru-
ments as the A/D converter. All the amplifier gains were unified
into +20dB. Above process was executed in real time for the
sounds sampled with the sample frequency 22050 Hz and 16bit
resolution. The window size of FFT was 1024/22050 [ms].

All experiments were conducted in a room with a reverberation
time of 212 [ms] and with length 427 [cm], width 345 [cm] and
height 240 [cm].
The following sounds are used as the sound source.
1) The continuous sinusoidal waves with 500Hz, 1000Hz,
2000Hz, 4000Hz and 8000Hz
2) Band noise from upto 10000Hz
The sound is sounded from the distance /, = 1[m].
mg(f, 6) is measured as follows.
1) Acquire r,(f, € lp) and r,(f, 6, Ip) for @in the range of O[deg)
to 350[deg] with 10[deg] interval.
2) Calculate mg(f, 6) from r/(f; 6, ly) and r,(f, 6, ly) in advance.
The calculated mg(f; ) of various @are then used as reference.
The sound localization is realized as follows.
1) Acquire another r,(f; 6, Iy and r,(f; 6, 1.
2) Calculate My(f; 6) for all 6
3) Find @such as Mg(f, ) is the minimum.
Fig.6 shows the directional patterns of two microphones. The
directional patterns are expressed as the same direction used in
the practical experiment.
Fig.7 shows the output of the evaluation function for the con-
tinuous sinusoidal wave with 500Hz, 1000Hz, 2000Hz, 4000Hz
and 8000Hz when the sound was generated from 90 [deg] and
180 [deg], respectively.
ORM(}, 6), the output ratio of Mg(f, ), was calculated with dB
value on the basis of the minimum value as follow.

_ M (f.6) an
ORM(f,6)[dB] lOlog[min(ME(fﬂ))]

Microphone 1
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Microphone 2 (2¢h). Conv. Computer

Fig 4. Block diagram of the signal processing
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Fig. 5. Experimental environment
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(1). The output of evaluation function when continuous sinusoidal wave
was sounded from 90 degree.
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(2). The output of evaluation function when continuous sinusoidal wave
was sounded from 180 degree.

Fig. 6. The output of evaluation function related to the sinusoidal wave
with 500Hz, 1000Hz. 2000Hz, 4000Hz and 8000Hz

4. CONCLUSION

In this paper. we proposed a sound localization system that uses
the transfer characteristics of microphones located at the same
place. It was shown that microphone array and the proposed
system can be described in the same framework.

It was also shown that the microphone array and the method
which uses the directivity of the microphones cannot localize the
sound by using only two microphones. It is proved that the pro-
posed system can localize the sound by using only two micro-
phones.

The experiments were carried out in an ordinary room. Although
the accuracy of the sound localization is decreased by the echo
and noise in the room, the obtained results were satisfactory for
practical application.

A future study will be to design an aggregated microphone chip
for the proposed algorithm.
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(1). The peak histogram with regard to various frequencies when white
noise was sounded from 90 degree.
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(2). The peak histogram with regard to various frequencies when white
noise was sounded from 180 degree.

Fig. 7. The peak histogram with regard to various frequencies when
white noise is generated from 90[deg] and 180[deg]
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