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1. INTRODUCTION

For simple case, a location of a sound source can be estimated using two sensors based
on trigonomerric relation between the source and microphones. It is therefore, quite natural
to extend this basic understanding to estimate the locations, or in more general term, the
information about the multiple sources. This can be done by employing multiple microphones
as expected. The idea and concept of using as many microphones as required is
straightforward but it does have interesting problems with respect to signal processing
methods. First, they have a space aliasing problem due to the distance between microphones.
Second, there exists only some small number of data in space due to the limitation of total
number of sensors in space domain. This limits the spatial resolution. Third, there can be
coherent sound sources andfor multipath of a signal. This prohibits the accurate detection of
sound sources,

As far as the second problem is concemed, MEM(maximum entrophy method),
ARMA (autoregressive moving average) methods[1] have been recognized as the most
effective method, but there is no unigue method to determine the number of poles and zerms,
therefore, they are limited in practical applications.

By 1960, the classical beam forming technique[2] was introduced and Capon's minimum
variance estimator{3] and linear prediction method[4] were followed. But these methods are
highly sensitive to neise.

The MUSIC{MUltple SIgnal Classification) algorithm was introduced by Schmidi[5]
late 1970. It is proven o be very cffective to estimate the bearing angle when the signal has
the white noise in space domain. This algorithm utilizes the eigensmucture analysis of
cross cormelaton mawix of the signals received by array microphones.

In this paper, this algorithm is introduced briefly and extended to the coherent source
cases based on the spatial smeothing technique[6]. The spatial smoothing technique is
derived in terms of doppler shift in space domain. To demonstrate the algorithm, various
simulations and experiments were performed.
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2. BASIC CONCEPTS OF BEARING ANGLE ESTIMATION

When the sound sources are located in the far field compared to wave length, the souns
waves which are measured by amay microphones can be regarded as plane waves(Fig. 1). T
can be also assumed that the signals and noises arc stationary, zero mean Gaussiar
random process, and further, the noises could be assumed to be independent and identica
between themselves with common variance . Therefore, the i-th microphone have the
signals,
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where K is the total number of sound sources, d is the distance of microphone from the
reference point, n;(t) is noise signal received at i-th microphone, (1) is sound emitted from
source, and e ®fd cos B/t represents the plane wave propagation in space.  For the al.
microphones, this becomes
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The sound power in terms of bearing angle can be calculated as
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That is, the sound power is obtained by weighting of looking direction wi. Therefore, the
looking direction function can be written as
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and looking direction gain G(8) is
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. microphone spacing (8)

where ﬁ =
% wave length

Eq. (7) says that the ratio of microphone spacing and wave length is important in
characterizing the looking direction gain G(f) . To sec the details, several simulations are

performed. Fig. 2, Fig. 3 and Fig. 4 show increasing effect of R. But for the case of larger
than 1/2, ie., Fig. 4, it has two peak directions within x radian. Hence, o avoid this spatial

aliasing, the ratio B should be less than 1/2. Also if the number of microphones are
inereased, then the resolution of bearing angle is increased { Figs. Jand 5 ).

3. EIGENSTRUCTURE ANALYSIS

To obtin the high resolution In looking direction, cigensmuciure analysis technique is
introduced. To get the eigenstruture model from the typical array, a cemelation matrix R is
inroduced as

x(t) = Aut) + n(t) (9)
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As mentioned in section 2, white noise in space domain, no correlation between true signal
and noise, and independent noises between microphones are assumed. Then,

R=AR,A"+0%] (10)
where R, = E[uu*], 0*= E[nn"]

The eigenvalues and eigenveclors of this matrix are arranged in accordance with decreasing
order of cigenvalue, This is truc when the signal to noise ratio is sufficiently high.
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Then the eigenvalues and eigenvectors can be written as
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To apply eigenstructure analysis 1o Eq. 14 Jet's inroduce the correlation matrix in terms of the

grouped signal set

L
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Ri=2, Ri=AR:A (14)
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This is called 2s forward spatal smoothing technique. 1f the direction of grouping 1s
nackward. then it is called as backward spanal smoothing technigue and gives same resultas
forward spatial smoothing case. In both cases, the number of microphones o make the same
{imension of correlationre mamix R is twice of those for the classical technique. To reduce
‘he number of necessary microphones, forward and hackward spatial smoothing technigues

could be combined.
Table 1 is the relaton berween number of coherent sources and that of microphones.

Table 1 Relation berween number of coherent Sources
and that of microphones

Conerent | Micrepnone| Grouging smocthing
cource
Forwardlor backward)
gpatial smocthing L. Mp(22K) N (2 K+l L 2K
Forward/packwardg 3
scatial smosthing K Mo(259K) | N @KeD) 2L (zK)
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5. EXPERIMENTS AND RESULTS

To verify and understand the performance of the eigenstructure analysis, various
simulations and experiments were performed. Anechoic room whose cutoff frequency is
80Hz is used for the experiments.

A distance of sound sources and microphones were enough to confirm the far field
condition (ka >>1). A sound sources with narrow band width were used.

To get the signal concerning the time delay, cross-spectrum to the reference microphone is
used. The other method to get this information is the transfer function method 1o the reference
microphone. In this study, both technigues were tested.

Figure 7 shows the experimental result by MUSIC algorithm and shows the good
agreement with the true value which was measured by rulers and calculated by simple
trigonometric relation.

In case of coherent sources, we derived two speakers with same signal generator and
measured the sound pressure by using aforementioned array microphones. Figure 8 shows the
result by forward/backward spatial smoothing technique and the good agreement with true
beaning angles.

6. CONCLUSION AND RECOMMENDATION

In this study, the signal processing method for array microphones is analyzed and the basic
techniques to the detection of coherent sound sources are derived based on the do ppler shift
effect in space domain. The performances are tested to the simple two coherent sources case
in anechoic room.

The eigenstructure analysis with spatial smoothing technique is proved to be very useful
technique to detect the coherent sources.
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Fig. 3 Directional gain pattern
(10 microphones, sz'». spacing)
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Fig. 4 Directional gain pattern
(10 microphones. A spacing)
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Fig. 5 Directional gain pattern
(18 microphones, %—?L spacing)

Fig. 6 Time delay between microphones
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Fig. 7 Experimental result ; looking direction
power by conventional MUSIC algonthm
( 2 microphones, rue bearing angle = 85" )
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Fig. 8 Experimental result ; looking direction
power by MUSIC algonithm with forward
fbackward spatial smoothing { 5 microphones,
3 groupings, true bearing angle ; 9 = 64"
B;=96)
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