FHLO|E EXS

[
SR R

o)
o
A

st 272l 24 olEHo|A 7|& AT

H % % 6_1
SRR

Distant-talking of Speech Interface for Humanoid Robots
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Abstract

For efficient interaction between human and robots,
speech Interface is a core problem especially In
This paper
analyzes main issues of spoken language interface

noisy and reverberant conditions.

for humanoid robots, such as sound source
localization, voice activity detection, and speaker
recognition.
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