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Adaptive LMS filtering algorithm based on fractional Fourier
transform in reverberation background

MA Kai, WANG Yichuan, CHEN Zhe, CHENG Yusheng
(Navigation and Observation Department, Navy Submarine Academy, Qingdao 266000, Shandong, China)

Abstract: Aiming at the problem that the classical least mean square (LMS) filtering algorithm in the strong reverbera-
tion background is difficult to separate signal and reverberation effectively, an adaptive LMS algorithm based on frac-
tional Fourier transform (FRFT) is proposed. Firstly, FRFT is performed to the reverberation signal and the reference
signal of adaptive LMS filtering algorithm to find out the optimal transform domain, and the band-pass filtering is per-
formed in the fractional order domain, then the fractional Fourier inverse transform (FRFIT) is performed to the ob-
tained signal; and finally the variable-step-size LMS algorithm based on normal distribution curve is used for filtering in
this reverberation condition. The verification results of simulation and sea-trial show that the algorithm can effectively
filter out the reverberation under a signal-to-reverberation ratio of 0.3 dB, and the signal-to-reverberation ratio is im-
proved by 6 dB.
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