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Abstract

This paper describes the realization of a real-time adaptive acoustic echo canceller. which
adopts a microprogramming method. for removing acoustical echoes in speakerphoné systems
using the ADSP-2101 microprocessor with a pipeline and modified harvard architecture. We
apply the LMS(L.east Mean Square) algorithm to estimate the coefficients of a transversal FIR
filter. For the acoustic adaptive echo canceller. we propose a parallel operation programming
to improve algorithm execution speed and apply a nonlinear quantization to reduce the
quantization error cuased by large dynamic range of voice signal.
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Table 1. Number of instruction cycles
and memory usage required by
LMS algorithm with transversal
and lattice filters.
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Fig. 1. Block diagram of an adaptive acou-
stic echo canceller.
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