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Abstract: Aiming at the hearing aid feedback cancellation system based on the adaptive filter, a normalized
minimum mean-square algorithm based on signal to noise ratio (SNR) is proposed, which uses the minimum
statistical method to calculate the noise component of the error signal and calculate SNR, of error signal to
construct the update step size of the adaptive filter coefficient. When the SNR of the error signal is higher,
the voice is the main component. With the correlation of the signal is stronger, the maladjustment of the
adaptive filter is larger. At this time, the update step size of the filter is controlled to a small value to
reduce the maladjustment of the filter. When the SNR is lower, the noise is the main component and the
correlation of the signal is relatively weak. At this time, the update step size takes a larger value to accelerate
the convergence speed of the filter. In the simulation experiment, normalized minimum mean-square algorithm
based on SNR proposed in this paper is 1 dB and 2 dB lower than the traditional algorithm in the mean steady-
state misalignment and the steady-state misalignment range respectively, and the maximumsteady-state gain
is increased by 4 dB, simultaneously the convergence speed is faster than that, which verifies the effectiveness
of the algorithm proposed in this paper.
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Fig. 1 Block diagram of feedback cancellation system in hearing aids based on adaptive filter
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Fig. 2 Block diagram of NLMS algorithm on SNR
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