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ABSTRACT

A new method for reverberant speech separation. It
models Inter-aural phase difference (IPD), inter-aural level
difference (ILD) and bin-wise mixing vectors by Gaussian
mixture model (GMM) for each source, estimated by
expectation maximization (EM). Each model Is evaluated
at every time-frequency (T-F) unit to find the dominant
source, and hence its mask.
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1. Initialized by frequency-independent parameters

to avoid permutation problem
2. Refined iteratively using EM until convergence :
M-step: considers T-F regions dominated by
each source
E-step: re-estimates T-F areas assigned to each

INTRODUCTION

= Sound source segregation Is needed for better ASR
and hearing aids performance

= Computational auditory scene analysis (CASA)
approaches degrade at closely spaced sources [1]
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»Source models initialized and re-estimated using Interferer at 30°, 60° & 75° .
‘*performance evaluated by

LDs, IPPS & Obse!"."?‘“"” vect_or al e_ach T-F unit Signal-To-Distortion Ratio (SDR)- =
» Posterior probabilities combined (Iindependently) to o
determine source occupation of each T-F unit
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angular separation which is desirable

* Best performance mode 0¢,, (T4, =0.3s)
» Future work will investigate under-
determined cases for mixture with more
sources

» Two recorded signals (left & right) mapped to time-
frequency domain using STFT
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