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Subband Sparse Adaptive Filter for Echo Cancellation in Digital
Hearing Aid Vent
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Abstract Echo generated in digital hearing aid vent give rise to user's discomfort. For cancelling
feedback echo in vent, it is required to estimate vent impulse response exactly. The vent impulse
response has time varying and sparse characteristics. The IPNLMS has been known a useful adaptive
algorithm to estimate vent impulse response with these characteristics. In this paper, subband sparse
adaptive filter which applying IPNLMS to subband hearing aid structure is proposed to cancel echo of
vent by estimating sparse vent impulse response. In the propose method, the decomposition of input
signal to subband can pre-whiten each subband signal, so adaptive filter convergence speed can be
improved. And the poly phase component decomposition of adaptive filter increases sparsity of each
components, and the better echo cancellation can be possible without additional computation. To derive
coefficients update equation of the adaptive filter, by defining the cost function based weight NLMS is
defined, and the coefficient update equation of each subband is derived. For verifying performances of
the adaptive filter, convergence speed, and steady state error by white signal input, and echo cancelling
results by real speech input are evaluated by comparing conventional adaptive filters.

Key Words : DHA, Vent, Echo cancellation, Sparse impulse response, Adaptive filter, Subband
filtering
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