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ABSTRACT: This paper proposes a new l;-norm-Recursive Least Squares (RLS) algorithm which is numerically
more robust than the conventional 1;-norm-RLS. The l;-norm-RLS was proposed by Eksioglu and Tanc in order
to estimate the sparse acoustic channel. However the algorithm has numerical instability in the inverse matrix
calculation. In this paper, we propose a new algorithm which is robust against the numerical instability. We show
that the proposed method improves stability under several numerically erroneous situations.
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Table 1. Prewhitened /-regularized RLS.
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Parameter initialization step: initialize the parameters.
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Fig. 1. Comparison between conventional |1-RLS
and the proposed algorithm (-x-: the conventional
I,-RLS , —*—: the proposed algorithm).
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