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1 Introduction

Estimations of sound source direction have a wide range of application today in various
fields, for example, hands-free speech recognition, teleconferencing system. Conventional
estimation methods of source direction exhibit performance degradations in noisy and
reverberant environment[1]. Therefore, this paper proposes a new estimation method of
sound source direction. The proposed method is equipped with noise reduction process by
using harmonic structure of the target speech. The noise reduction process is combined
with Nishida’s direction estimation method that is robust in multipath environment[2].
The combination can be expected to be robust system in noisy and reverberant environ-
ments.

2 Microphone array

The proposed estimation method of sound source direction is performed by using a micro-
phone array that arranges microphones in the apexes of the equilateral triangle. This is
the smallest number of microphones that can estimate all direction in the two-dimensional
plane. This microphone-array can solve the problem of front-back miss judgment when
using a linear microphone-array.
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3 Outline of the proposed method
An overview of the proposal method is shown in the following.

e noise reduction process
- fundamental frequency (period) estimation

- time-frequency filtering

onset detection by using dynamic threshold
- peek extract

- onset, detection

detection of time difference

converting time difference into direction

eliminating anomalies
- direction integration

- smoothing in time domain

4 Noise reduction process

The first, fundamental period of the target signal is estimated by the Noll’s Cepstrum
method from the signal received by the microphones. Then, a pitch-based time-frequency
filtering[3] is applied to the noise reduction process.

4.1 Formulation

Assume that the target signal s(¢) is a harmonic complex tone and n(t) is noise. Thus,
the signal received by the microphone is

z(t) = s(t)+n(t) (1)
= Z anej(nwotwn) + Z bkej(nwkt+0k) (2)
n k

where T is the fundamental period. If T is constant, a signal g(¢) , which is the subtracted
signal shifted x(¢) to + 7T in time from z(t), is represented as follows.

ot) = 22:(t) — x(t —4T) —z(t+1T) 3)

= Z by, el rtt0k) gin? ﬂﬂ (4)
[ wo




Fourier transform G(wg) of ¢(t) is
Glwr) = N{wy) sin® “Er, (5)
Wo
where N (wy) is Fourier transform of n(¢). Then, the nosie spectrum N (wy) is represented
as
N(wy) = G(wy)/ sin® 22 (6)
Wo
If wg/wy is an integer, the noise spectrum N(wy) in equation (6) is infinity. For practical
applications, a parameter ¢ is established.

[ G(wy)/sin® %7 for |sin%x| > ¢
M) = {4 T o e 22 0

The target signal s(¢) can be estimated by subtracting the noise signal n(t), which is
inverse Fourier transform of N(wy), from x(¢). This means a comb filter that can control
pass bands by a value of ¢.

Fig.1 shows a block diagram of the above process.
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Figure 1: Block diagram of time - frequency filtering

4.2 Nishida’s onset detector by using dynamic threshold

The onset of the noise suppression signal is detected as follow. The detector proposed by
Nishisa is is applied to the onset detector. The dynamic threshold as shown the below
is proposed. The dynamic threshold detects onset of the signal with changing threshold
level. That is:

e An onset is detected when amplitude sets over a threshold

The amplitude at that time is hold as an initial value of a threshold level.
e The threshold level decreases exponentially with time.

e Wherever amplitude gets over a threshold, the initial value of the threshold reset.

The above behaviors are shown in Fig. 2 for example. The dynamic threshold does not
detect reflected sound, which delays from the direct sound and the power is smaller than
the direct sound.
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Figure 2: dynamic threshold & onset detect

5 Simulations and results

Simulations to confirm the ability of the proposed method were carried out under various
conditions. The comparative experiment with the Crosspower Spectrum Phase (CPSP)
method[1] that is used for usual research, and Nishida’s method is performed in the
simulations.

The results show that the proposed method outperforms the other two in the presence
of arriving noise, which is shown in Fig. 3. The simulation parameters are shown by
Table 1. % anomalies in Fig. 3 is represented that the number of detection points outside
five degrees to the sound source direction is divided by the number of all detected points.
This simulation result shows superior effects of the noise reduction pre-processing.

Table 1: simulation parameters

target signal word speech of ATR database, 18 samples
arriving angle : setting at random
noise white noise
arriving angle : 60°
SNR: 10dB0O 30dB

1st echo echo-to-signal ratiol] -4dB
arrival delay: 2ms
2nd echo echo-to-signal ratiol] -8dB

arrival delay: 1000 15ms
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Figure 3: simulated result in the presence of arriving noise & echoes

The other experiment for simulating room acoustics[4] is performed. Assume the room
conditions are illustrated by Fig. 4, and the results are shown in Fig. 5.
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Figure 4: simulated room

The results show the proposed method outperform the other two methods in short
reverberation time, but the performance of the proposed method reduced when reverber-
ation time is longer than 200ms.

6 Conclusion

The estimation method of sound source direction equipped with noise reduction process
has been proposed. The proposed method excels in the presence of arriving noise, which
is confirmed as results of the comparison with the conventional method.

The other results of the experiment using simulating room acoustics show the perfor-
mance deteriorated when reverberation time is longer than 200ms. This problem will be
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Figure 5: experimental results for simulating room acoustics[J SNR 10dB

a next study hereafter.
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