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Abstract

To eliminate acoustic echo, the convergence rate and low residual echo are very important to
adaptive echo cancelers. Meanwhile, an affordable computational complexity has to be
considered as well. In this paper, we proposed the improved vector space adaptive filter
(IVAF)and Improved Vector-space Affine Projection Sign Algorithm (IVAPSA). The
proposed can be divided into two phases: offline and online. In the offline phase, IVAF
constructs a vector space to incorporate the prior knowledge of adaptive filter coefficients
from a wide range of different channel characteristics. Then, in the online phase, the [IVAF
combines the conventional APSA and IVAPSA algorithms, where IVAPSA computes the
filter coefficients based on the vector space obtained in the offline phase. By leveraging the
constructed vector space, the proposed IVAF is able to fast converge and achieve a better
echo return loss enhancement performance. Moreover, the computational complexity is less

than a comparable work.
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