£ ABE ol§F AAA Fgo v]X= JFEe] B3 AT
Factors for Speech Signal Time Delay Estimation

LSt ST SR AL

Byoungho Kwon, Youngjin Park and Youn-sik Park

7)), the generalized cross correlation method (¥4WHald Az AT W),
o

Key Words : time delay estimation (A]Z+#]<d
% |4 =] H], reverberant to direct sound energy ratio).

reverberation (7+F), R/D ratio (Z+3F-21% &

ABSTRACT

Researches for time delay estimation 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 Siverman 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.
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Fig.2 Room impulse response; (a) left microphone, (b)
right microphone
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Fig.3 Separation of room impulse response; (a) direct wave
(b) reverberant wave
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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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Fig.6 Cross correlation of each frame about speech signal; (a) case of direct wave only, (b) case of whole wave

(included reverberant wave)
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