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Abstract

This paper proposes a new Sign Subband Adaptive Filter (SSAF) algorithm incorporating a reusing coefficient
vector technique. The proposed method combines Lj-norm minimization of the error with a squared L,-norm
constraint, regulating the squared distance between current and past weight vectors to reduce the steady-state
mean-square deviation compared to conventional SSAF. Simulation results demonstrate that the proposed algorithm
achieves excellent convergence performance and superior tracking performance.
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Fig. 1. Structure for the subband adaptive filter [2]
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(a) SSAF (i =0.05)

——— (b) Proposd algorithm (1 = 0.05, P = 2)
(¢) Proposd algorithm (i = 0.05, P = 3)
(d) Proposd algorithm (4 = 0.05, P = 4)
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Fig. 2. NMSD leamning curves of SSAF and proposed
algorithm for various values of P
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(¢) Proposd algorithm (4 = 0.05, P = 3)
(d) Proposd algorithm (s = 0.05, P = 4)
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Fig. 3. NMSD learning curve for system change
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