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ŝi,k,l

∑

i′ 6=i

∑

k
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ŝi,k,n i φi,k,nµk,n

i

- 25 -日本音響学会講演論文集 2013年9月

test



Fig. 2 SIR

[8]

Fig. 1 1

A SIR

SIR

0 (input output SIR

)

SIR Fig. 2

SIR

3

SIR

SIR 10 dB 17 dB

3 SIR

1.91 dB 12.31 dB

1

Fig. 3 1 s

3 s

1 s

[11]

6

BSS

Fig. 3

BSS

DOA

[1] A. Hyvärinen, J. Karhunen, and E. Oja, In-
dependent Component Analysis, John Wiley &
Sons, 2001.
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