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Abstract

A single channel adaptive noise canceling (ANC) technique with a recursive time delay
estimator (RTDE) is presented for removing effects of additive noise on the speech signal.
While the conventional method makes a reference signal for the adaptive filter using the
pitch estimated on a frame basis from the input speech, the proposed method makes the
reference signal using the delay estimated recursively on a sample-by-sample basis. As the
RTDEs, the recursion formulae of autocorrelation function (ACF) and average magnitude
difference function (AMDF) are derived. The normalized least mean square (NLMS) and
recursive least square (RLS) algorithms are applied for adaptation of filter coefficients.
Experimental results with noisy speech demonstrate that the proposed method improves
the perceived speech quality as well as the signal-tonoise ratio and cepstral distance when
compared with the conventional method.
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# 2 A" &4 &% SNR (dB)
Table 2. SNR of the processed speech. (in dB)

NLMS RLS
Input
SNR RACF | RAMDF | RACF | RAMDF
-10.0 1.73 | 0.92 | -0.79 | -1.10
-5.0 4.29 | 3.78 3.02 | 2.87
0.0 6.79 | 6.68 6.58 | 6.62
5.0 8.49 | 8.45 9.13 | 9.13
10.0 9.67 | 9.63 | 10.76 | 10.79
E 3 A® gAY el Ae
Table 3. Cepstral distance of the processed
speech .
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Input S h I s
SNRIdB] PCECl RACF | RAMDF | RACF | RAMDF
-10 3,88 | 3.25 | 2.96 | 3.55 | 3.4
-5 3.57 | 2.74 | 2.70 | 3.12 | 3.01
0 3.20 | 2.62 | 2.52 | 2,65 | 2.63
5 2.79 | 2.63 | 2.61 | 2,48 | 2.43
10 2.35 | 2,53 | 2.48 | 2.22 2,16
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Fig. 11. SNR of the processed speech signal.
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