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A Single-Channel Speech Dereverberation Method Using Sparse Prior Imposition

in Reverberation Filter Estimation
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ABSTRACT

Since a reverberation filter is generally much shorter than the corresponding dereverberation filter, a single-channel speech

dereverberation method based on reverberation filter estimation has been developed to improve its performance. Unfortunately,

a typical reverberation filter still requires too many coefficients to be accurately estimated using limited speech observations.

In order to exploit sparseness of reverberation filter coefficients, in this paper, we present an algorithm to impose a sparse

prior to the process of reverberation filter estimation. Simulation results demonstrate that the sparse prior imposition further

improves performance of the speech dereverberation method based on reverberation filter estimation.

Keywords: speech dereverberation, sparse prior, reverberation filters, filter estimation
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Figure 1. Overall system of single-channel reverberation and

dereverberation.
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Figure 2. A reverberation filter generated by the image method.
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Figure 3. ISIs averaged over 10-speaker data.
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Figure 4. SRRs averaged over 10-speaker data.
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