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11 A Statistical Model-Based Residual Echo Suppression. IEEE Signal Processing Letters, 2007, 14, 758-761. 2.1 23
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24 Rapid speaker adaptation using probabilistic principal component analysis. IEEE Signal Processing
Letters, 2001, 8, 180-183. 2.1 13

25 Voice Activity Detection based on Generalized Gamma Distribution. , 0, , . 13
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34 Target Source Separation Based on Discriminative Nonnegative Matrix Factorization Incorporating
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37 Speech Feature Mapping based on Switching Linear Dynamic System. IEEE Transactions on Audio Speech
and Language Processing, 2011, , . 3.8 7
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39 A new double-talk detector using echo path estimation. , 2002, , . 6

40 A preprocessor for low-bit-rate speech coding. IEEE Signal Processing Letters, 2002, 9, 318-321. 2.1 6
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44 Integrated DNN-based model adaptation technique for noise-robust speech recognition. , 2017, , . 6

45 EMAP-based speaker adaptation with robust correlation estimation. , 0, , . 5
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49 Switching linear dynamic transducer for stereo data based speech feature mapping. , 2011, , . 4
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57 Factored Maximum Penalized Likelihood Kernel Regression for HMM-Based Style-Adaptive Speech
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74 DNN-based voice activity detection with local feature shift technique. , 2016, , . 1
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