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(A feedback cancellation algorithm with time delay and time-varying
decorrelation filter for digital hearing aid)
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Abstract

In digital hearing aid system, one of the main problems is acoustic feedback which is known as howling because of
miniaturization and high-gain amplification. In this paper, we proposed a feedback cancellation algorithm for hearing aid
using time delay and time-varying decorrelation filter. The proposed algorithm has a kind of adaptive filter structure,
which is combined with time delay and time-varying decorrelation filter to improve feedback cancellation. An all pass filter
was implemented as the time-varying decorrelation filter using low frequency modulator. From the result of computer
simulation, it is verified that the proposed algorithm has good ability to cancel feedback.

Keywords : feedback cancellation, time-varying decorrelation filter, digital hearing aid
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