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51 An efficient Kalman filter for the identification of low-rank systems. Signal Processing, 2020, 166,
107239. 3.7 19

52 Design of Planar Differential Microphone Arrays With Fractional Orders. IEEE/ACM Transactions on
Audio Speech and Language Processing, 2020, 28, 116-130. 5.8 28

53 A class of multichannel sparse linear prediction algorithms for time delay estimation of speech
sources. Signal Processing, 2020, 169, 107395. 3.7 5
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