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Abstract: Reverberation is a typical acoustic phenomenon that is attributed to multitude
of reflections from the walls, ceiling, and objects in enclosures. Reverberation is known
to deteriorate the accuracy of automatic speech recognition systems as well as the quality
of the speech signals. In severe cases, it might also hamper the intelligibility of the speech
signals. Dereverberation algorithms aim at the reduction of the reverberation and, and as a
result, at emphasizing the anechoic speech signal. A non-Bayesian, Maximum-Likelihood
(ML) approach for single speaker dereverberation using multiple microphones, is taken
in this work. We first define a statistical model for the speech signal and for the associated
acoustic impulse responses, and speech and noise power spectral densities. The estimate-
maximize (EM) approach is then employed to infer the ML estimate of the deterministic
parameters. It is shown that the clean speech is estimated in the E-step using a Kalman
smoother, and the acoustic parameters are updated in the M-step. For online applications
and dynamic scenarios, i.e. when the speaker and/or the microphones are moving, we
derive a recursive (REM) algorithm which uses the Kalman filter rather than the Kalman
smoother and an online update the parameters, by only using the current observed
data. Two extensions of this approach were developed as well. The first extension is a
segmental algorithm, taking an intermediate batch-recursion approach, where iterations
are performed over short segments and smoothness between the estimated parameters
is preserved. The latency of the segmental algorithm can hence be controlled by setting
the segment length, while the accuracy of the estimates can be iteratively improved. The
second extension is a binaural algorithm mainly applicable to hearing aids. The binaural
algorithm trades off between the reduction of reverberation and the preservation of the
spatial perception of the user. An extensive simulation study, as well as real recordings of
moving speakers in our acoustic laboratory, demonstrate the performance of the presented
algorithms.
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