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A Study on the Design of a Digital Hearing Aids
Signal Processing System in the Wavelet Transform Domain

H.C. Lee, K.W. Seok, C.W. Jon, J. Lee, Y.S. Lee, S.H. Kim

This paper presents digital hearing aids signal processing system in WT(wavelet transform) domain.
For implementation of hearing aids in WT domain, the gain in frequency domain is approximated in
WT domain. We also present the gain selection algorithm to deal with the change of input signal
power. Most transform methods produce blocking effect, and this effect degrades the convergence rate
of feedback canceller. As a solution, we proposed wavelet transform based feedback canceller. To eval-
uate the performance, we compared it with LOT (lapped orthogonal transform) method in the frequen-
cy domain. This system has not shown the blocking effect, and improves convergence rate as compared

with the LOT based feedback canceller.

Key words | Wavelet transform domain, Blocking effect, Convergence rate, Feedback canceller.
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