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Abstract
enhancement algorithms, while complexity and convergence
speed should be considered first when an adaptive filtering
method is designed. This paper presents a speech enhancement
adaptive filtering method implemented on chip. This method
is implemented in two steps. In the first step, first-order dif-
ferential microphone array is utilized to obtain real-time noise
estimation. In the second step, the traditional affine projection
algorithm (APA) is modified so that a fast error vector calcu-
lation method is obtained, and the search step and projection
dimension can be altered dynamically according to the estima-
tion error. Thus, noise can be removed adaptively. This method
is realized on a TMS320VC5509 DSP chip. Experiments show
that the proposed method has fast convergence speed like RLS
(Recursive least squares) and low computational complexity like
LMS (Least mean squares).

Adaptive filtering is in common use in most speech
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Fig.1 Diagram of first-order differential microphone array
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Fig.3 Diagram of adaptive speech enhancement system
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