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1. INTRODUCTION

Many speech separation algorithms cannot deal with underdeter-
mined cases, when the number of sources is greater than that of
microphones. The problem becomes even worse in reverberant env
ronments, where the sensors receive not only the direct sounds fro
the sources, but also the reflections from the walls, ceiling and other
surfaces in the room.In [1], we combined binaural cues, inspired by
the human auditory system, and blind source separation techniques
[2], based on statistical properties of the sources, to compensate for
the weaknesses of the two methods and improve the performance
of state-of-the-art algorithms. However, the experiments were lim-
ited and based on simulated data. Here we used real room impulse
responses which were measured in 4 different rooms with different
reverberation times. At each room various source/ interferer config
urations are examined.

2. EXPERIMENTSAND RESULTS

Separation performance was tested for both 2-speaker and 3-
speaker mixtures, varying the room reverberation tifig; =
[0.32s,0.47s,0.68s,0.89s] and angular displacement between the
sources [3], in the range da0° — 90° with the smallest resolution

of 5°. The target source was always positioned at zero azimuth
while the interfering sources were located at positive or negative
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azimuths. Thus, we were able to show a systematic improvement iy 1. SDRs of the recovered signals averaged over 15 mixtures (of
the signal-to-distortion ratio (SDR) compared with a state-of-the-arg_gpeaker) for each configuration with the error bar. The dashed line

baseline system [4].

is for the baseline method using only the binaural cues and the solid

By using the frequency-independent version of the model tosine for the proposed algorithm where the parameters are frequency
gether with a garbage model, we obtained an average 0.8 dB efidependene?;

hancement over the best baseline [1]. This significant improvement
is most consistent for the more-challenging configurations where

the angular separation between sources is less than 45 degrees, and 5 permutation alignment,1EEE Trans. Audio, Speech, and

therefore offers a valuable benefit. A similar trend was observed for
the 3-speaker case as shown in figure 1. It is also detectable that in
some configurations (e.gl5°), the random error (i.e. variance) of
the results has been reduced which is also desirable.
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