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(a) Reverberant speech of speaker #1.
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(b) Reverberant speech of all concurrent speakers.
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(c) Input signal of microphone #1.
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(d) LCMV output.
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(e) LCMV followed by single-channel Wiener filter.
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(f) LCMV followed by the multispeaker Wiener postfilter.

0 0.5 1 1.5 2 2.5 3 3.5 4 4.5
�1

0

1

Time [s]

A
m

pl
itu

de
F

re
qu

en
cy

 [k
H

z]

0

2

4

6

8

(g) LCMV followed by single-channel LSA.
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(h) LCMV followed by multi-speaker LSA.

Fig. 3: Spectrograms with T60 = 0 :36 s and input SNR of 15 dB.
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Wiener postfilter. The output of the multichannel LCMV
beamformer was proved to be the sufficient statistic of the
measurements for estimating the speech signals. Also the
multi-speaker LSA estimator was derived. The algorithms
were tested in a room with a reverberation time of 0.16 s
and 0.36 s for several signal-to-noise levels of directional
noise. In terms of output SNR the proposed multi-speaker
algorithms significantly outperform competing single-channel
postfiltering algorithms.
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