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Adaptive Noise Cancellation Algorithm Reducing Path
Misadjustmemt due to Speech Signal

Jang Sik Park*, Hyung Soon Kim*, Jae Ho Kim*, Kyung Sik Son*

Regular Members

ABSTRACT

General adaptive noise canceller(ANC) suffers from the misadjustment of adaptive filter weights, because of the

gradient-estimate noise at steady state. In this paper, an adaptive noise cancellation algorithm with speech detector

which is distinguishing speech from silence and adaptation-transient region is proposed. The speech detector uses

property of adaptive prediction-error filter which can filter the highly correlated speech. To detect speech region,

estimation error which is the output of the adaptive filter is applied to the adaptive prediction-error filter. When

speech signal appears at the input of the adaptive prediction-error filter, The ratio of input and output energy of

adaptive prediction-error filter becomes relatively lower. The ratio becomes large when the white noise appears at

the input. So the region of speech is detected by the ratio. Sign algorithm is applied at speech region to prevent the

weights from perturbing by output speech of ANC. As results of computer simulation, the proposed algorithm

improves segmental SNR and SNR up to about 4 dB and 11 dB, respectively.
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