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ABSTRACT

This paper proposes a new adaptive algorithm to cancel the acoustic feedback and noise signals in the digital
hearing aids. The proposed algorithm improves its convergence performances by canceling the speech signal from
the residual signal using two microphones. The feedback canceller firstly cancels the feedback signal among the
mic signal, and then it is reduced the noise using the beamforming method. To verify the performances of the
proposed algorithm, the simulations were carried out for some cases. As the results of simulations, it was proved
that the feedback canceller and the noise canceller advance about 14.43 dB for SFR, 10.19 dB for SNR

respectively during speech, in the case of using the new algorithm.
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