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Objectives
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Here:

v Relative delay < typical analysis windows
(depends on the width of the human head)

v Binaural extension of single-channel spectral subtraction
dereverberation based on Bilateral Gain Adaptation
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selection of the gain adaptation scheme according to the application
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o LB & WW preserve signal quality




Audio Demos

Avallable at:

http://www.wcl.ece.upatras.gr/

audiogroup/tools/derev.ntmil

RI=1.4r3
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e (Gain Magnitude Regularization for the reduction of overestimation errors

v Selection of the adaptation scheme and the GMR parameters according
to the application scenario

v Significant reverberation reduction and preservation of overall speech
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However...

Need for native binaural methods
Loss of speech naturalness ——  that take into account the binaural
properties of the auditory system

Future work
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