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IN MEETING RECOGNITION SCENARIOS

Shoko Araki , Nobutaka Ono , Keisuke Kinoshita , Marc Delcroix

NTT Communication Science Laboratories, NTT Corporation, Tokyo Metropolitan University

pp. 316-320

Wednesday, September 19

Poster 3

Echo, Noise, and Sound Field Control

P3-6 2.5D LOCALIZED SOUND ZONE GENERATION WITH A CIRCULAR ARRAY OF FIXED-DIRECTIVITY LOUDSPEAKERS

Takuma Okamoto

National Institute of Information and Communications Technology
pp. 321-325

P3-7 JOINT ACOUSTIC ECHO AND NOISE CANCELLATION USING SPECTRAL DOMAIN KALMAN FILTERING IN DOUBLE TALK SCENARIO

Karan Nathwani

Indian Institute of Technology
pp. 326-330

P3-8 ONLINE SECONDARY PATH ESTIMATION WITH MASKED AUXILIARY NOISE FOR ACTIVE NOISE CONTROL
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Tomáš Kounovský, Zbyněk Koldovský, Jaroslav Čmejla

Technical University of Liberec
pp. 401-405

Signal Model, Classification and Recognition

P3-23 A CNN POSTPROCESSOR TO ENHANCE CODED SPEECH
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Annamaria Mesaros, Toni Heittola, Tuomas Virtanen

Tampere University of Technology
pp. 411-415
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Information Science, Academia Sinica

pp. 416-420

P3-26 HARMONIC-PERCUSSIVE SOURCE SEPARATION WITH DEEP NEURAL NETWORKS AND PHASE RECOVERY
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