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ABSTRACT

v}, reverberant to direct sound energy ratio)

Since it needs the light computational load and small database, sound source localization method
using time delay of arrival(TDOA method) is applied at many research fields such as a robot
auditory system, teleconferencing and so on. Researches for time delay estimation, which is the
most important thing of TDOA method, had been studied broadly. However studies about factors
for time delay estimation are insufficient, especially in case of real environment application. In
1997, Brandstein and Silverman announced that performance of time delay estimation deteriorates
as reverberant time of room increases. Even though reverberant time of room is same,
performance of estimation is different as the specific part of signals. In order to know that reason,
we studied and analyzed the factors for time delay estimation using speech signal and room
impulse response. In result, we can know that performance of time delay estimation is changed by
different R/D ratio and signal characteristics in spite of same reverberant time. Also, we define the
performance Index(PI) to show a similar tendency to R/D ratio, and propose the method to
improve the performance of time delay estimation with PL
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Fig. 2 Measured room impulse response(left micro—
phone)
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Fig. 4 Generation of direct and reverberant signal
using room impulse response; (a) original
speech signal, (b) generated signals
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Table 1 Experimental setup

General office room
(background noise : 35 dbA,
reverberation time © about lsec)
Male voice
(5 words at each position)

Place

Sound source

Microphone B&K Free-field mic.-Type 4180
Distapce between 0.3m
microphones
Distance between 1m
mic. & speaker
Sampling freq. 22050 Hz

Source position Each 30° from ~60° to 60°

Table 2 Experimental results

. Without PI
-60° 50% 50%
-30° 56 % 44 %
0° 61 % 39 %
30° 53 % 47%
60° 47 % 53 %
2. With PI
Source posi.| HFCE | HPWE | LPCE | LPWE
-60° 31% 5% 20% 44 %
-30° 36 % 6 % 20 % 38%
o° 42 % 9% 19% 30%
30° 32% 5% 21 % 42 %
60° 34 % 7% 13% 46 %
* HPCE  Higher than standard Pl and correct estimation

HPWE : Higher than standard Pl and wrong estimation
LPCE : Lower than standard Pl and correct estimation
LPWE : Lower than standard Pl and wrong estimation
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