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Poster 1
Echo, Noise, and Sound Field Control

P1-1 A LOW-COMPLEXITY STATE-SPACE ARCHITECTURE FOR MULTI-MICROPHONE ACOUSTIC ECHO CONTROL
Maria Luis Valero, Edwin Mabande, Emanuél Habets pp. 1-5
International Audio Laboratories Erlangen

P1-2 A METHODOLOGY FOR SOUND SCENE MANIPULATION BASED ON THE RAY SPACE TRANSFORM
Francesco Picetti, Federico Borra, Fabio Antonacci, Augusto Sarti, Stefano Tubaro pp. 6-10
Politecnico di Milano

P1-3 A PARTIAL-UPDATE MINIMAX ALGORITHM FOR PRACTICAL IMPLEMENTATION OF MULTI-CHANNEL FEEDFORWARD ACTIVE NOISE CONTROL
Chuang Shi' and Yoshinobu Kajikawa? pp. 11-15
LUniversity of Electronic Science and Technology of China, 2Kansai University

P1-4 MODELING THE INTERIOR RESPONSE OF REAL LOUDSPEAKERS WITH FINITE MEASUREMENTS
Yonggang Hu?, Prasanga N. Samarasinghe?, Glenn Dickins?, Thushara D. Abhayapala® pp. 16-20
1Australian National University, 2Dolby Laboratories

P1-5 NECESSARY ATTRIBUTES FOR INTEGRATING A VIRTUAL SOURCE IN AN ACOUSTIC SCENARIO
Wangyang Yu® and Bastiaan Kleijn'? pp. 21-25



1Delft University of Technology, Victoria University of Wellington

P1-6 NOISE FIELD CONTROL USING ACTIVE SOUND PROPAGATION AND OPTIMIZATION
Zhenyu Tang' and Dinesh Manocha?
University of North Carolna-Chapel Hill, 2University of Maryland

Enhancement

P1-7 MUSICAL-NOISE-FREE SPEECH ENHANCEMENT WITH LOW SPEECH DISTORTION BY BIASED HARMONIC REGENERATION TECHNIQUE
Masakazu Une and Ryoichi Miyazaki
National Institute of Technology, Tokuyama College

P1-8 ONLINE SPEECH DEREVERBERATION USING RLS-WPE BASED ON A FULL SPATIAL CORRELATION MATRIX INTEGRATED IN A SPEECH
ENHANCEMENT SYSTEM

Jun hyung Kim?, Jazzson Park?, Minwook Ahn?, Yeonbok Lee?, Wonsub Kim?2, Hyung-Min Park®

1Sogang University, 2SW R&D Center, SK telecom

P1-9 ROBUST CONSTRAINED MFMVDR FILTERING FOR SINGLE-MICROPHONE SPEECH ENHANCEMENT
Dérte Fischer and Simon Doclo
University of Oldenburg

P1-10 SPEECH ENHANCEMENT VIA GENERATIVE ADVERSARIAL LSTM NETWORKS
Yang Xiang and Changchun Bao
Beijing University of Technology

P1-11 TIME-FREQUENCY MASKING STRATEGIES FOR SINGLE-CHANNEL LOW-LATENCY SPEECH ENHANCEMENT USING NEURAL NETWORKS
Mikko Parviainen?, Pasi Pertila', Tuomas Virtanen', Peter Grosche?
LTampere University of Technology, ZHuawei European Research Center

Microphone Array

P1-12 A PROBABILITY DISTRIBUTION MODEL FOR THE RELATIVE TRANSFER FUNCTION IN A REVERBERANT ENVIRONMENT
Shmulik Markovich-Golan®? and Sharon Gannot?
1Communication and Devices Group, Intel Corporation, 2Bar-llan University

P1-13 ADDING SPARSE RECOVERY TO PROJECTIVE RAY SPACE ANALYSIS
Shiduo Yu?, Craig Jint, Fabio Antonacci?, Augusto Sarti?
University of Sydney, 2Politecnico di Milano

P1-14 DIFFERENTIAL BEAMFORMERS DERIVED FROM APPROXIMATE PERFORMANCE MEASURES
Tao Long?, Jacob Benesty?, Jingdong Chen!, Israel Cohen3
INorthwestern Polytechnical University, 2University of Quebec, 3Technion - Israel Institute of Technology

P1-15 ONLINE INTEGRATION OF DNN-BASED AND SPATIAL CLUSTERING-BASED MASK ESTIMATION FOR ROBUST MVDR BEAMFORMING
Yutaro Matsui2, Tomohiro Nakatani®, Marc Delcroix!, Keisuke Kinoshita!, Nobutaka Ito!, Shoko Arakil, Shoji Makino?
INTT Communication Science Laboratories, NTT Corporation, 2University of Tsukuba

P1-16 ROBUST BEAMFORMER DESIGN AGAINST MISMATCH IN MICROPHONE CHARACTERISTICS AND ACOUSTIC ENVIRONMENT
Lara Nahma, Hai Huyen Dam, Sven Nordholm
Curtin University

Separation and Localization

P1-17 ACOUSTIC SOURCE SEPARATION USING RIGID SPHERICAL MICROPHONE ARRAYS VIA SPATIALLY WEIGHTED ORTHOGONAL MATCHING PURSUIT
Mert Burkay Coteli and Huiseyin Hacihabiboglu
Middle East Technical University

P1-18 AN EFFICIENT MULTI-SOURCE DOA ESTIMATION ALGORITHM FOR UNDERDETERMINED SYSTEM
V. G. Reju, Rajan S. Rashobh, Anh H. T. Nguyen, Andy W. H. Khong
Nanyang Technological University

P1-19 DIRECTION OF ARRIVAL ESTIMATION USING A CIRCULARLY MOVING MICROPHONE
Yusuke Hioka, Robert Drage, Timothy Boag, Elise Everall
The University of Auckland

P1-20 DYNAMIC BINAURAL CUE ADAPTATION
Sebastian Nagel and Peter Jax
RWTH Aachen University

P1-21 LOCALIZATION OF MULTIPLE SOURCES IN THE SPHERICAL HARMONIC DOMAIN WITH HIERARCHICAL GRID REFINEMENT AND EB-MUSIC
Orhun Olgun and Huseyin Hacihabiboglu
Middle East Technical University

P1-22 MMDENSELSTM: AN EFFICIENT COMBINATION OF CONVOLUTIONAL AND RECURRENT NEURAL NETWORKS FOR AUDIO SOURCE SEPARATION
Naoya Takahashi', Nabarun Goswami?, Yuki Mitsufuijit
1Sony Corporation, 2Sony India Software Centre

P1-23 SPEECH SEPARATION USING PARTIALLY ASYNCHRONOUS MICROPHONE ARRAYS WITHOUT RESAMPLING
Ryan Corey and Andrew Singer
University of lllinois at Urbana-Champaign

Signal Model, Classification and Recognition

P1-24 AN ACTIVE LEARNING METHOD USING CLUSTERING AND COMMITTEE-BASED SAMPLE SELECTION FOR SOUND EVENT CLASSIFICATION
Zhao Shuyang, Toni Heittola, Tuomas Virtanen
Tampere University of Technology
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P1-25 CONVOLUTIONAL NEURAL NETWORK TECHNIQUES FOR SPEECH EMOTION RECOGNITION
Srinivas Parthasarathy® and Ivan Tashev?
Luniversity of Texas at Dallas, ?Microsoft Research

P1-26 MODEL-BASED PHASE RECOVERY OF SPECTROGRAMS VIA OPTIMIZATION ON RIEMANNIAN MANIFOLDS
Yoshiki Masuyama, Kohei Yatabe, Yasuhiro Oikawa
Waseda University

P1-27 TRACKING OF TIME-VARIANT LINEAR SYSTEMS: INFLUENCE OF GROUP DELAY FOR DIFFERENT EXCITATION SIGNALS
Stefan Kiihl, Sebastian Nagel, Tobias Kabzinski, Christiane Antweiler, Peter Jax
RWTH Aachen University

Best Paper Award Contest

B1 BLIND REVERBERATION TIME ESTIMATION USING A CONVOLUTIONAL NEURAL NETWORK
Hannes Gamper and Ivan Tashev
Microsoft Research

B2 ON THE SPATIAL COHERENCE OF RESIDUAL ECHOES AFTER STFT-DOMAIN MULTI-MICROPHONE ACOUSTIC ECHO CANCELLATION
Maria Luis Valero and Emanuél Habets
International Audio Laboratories Erlangen

B3 RELATIVE TRANSFER FUNCTION ESTIMATION EXPLOITING SPATIALLY SEPARATED MICROPHONES IN A DIFFUSE NOISE FIELD
Nico Go6Rling and Simon Doclo
University of Oldenburg

B4 FASTFCA-AS: JOINT DIAGONALIZATION BASED ACCELERATION OF FULL-RANK SPATIAL COVARIANCE ANALYSIS FOR SEPARATING ANY NUMBER

OF SOURCES
Nobutaka Ito and Tomohiro Nakatani
NTT Communication Science Laboratories, NTT Corporation

B5 TOWARDS COMPLEX NONNEGATIVE MATRIX FACTORIZATION WITH THE BETA-DIVERGENCE
Paul Magron and Tuomas Virtanen
Tampere University of Technology

B6 UNDERDETERMINED SOURCE SEPARATION WITH SIMULTANEOUS DOA ESTIMATION WITHOUT INITIAL VALUE DEPENDENCY
Tomoya Tachikawa, Kohei Yatabe, Yasuhiro Oikawa
Waseda University

Poster 2
Echo, Noise, and Sound Field Control

P2-1 ACTIVE NOISE CONTROL WITH REDUCED-COMPLEXITY KALMAN FILTER
Johannes Fabry, Stefan Liebich, Peter Vary, Peter Jax
RWTH Aachen University

P2-2 FREQUENCY DOMAIN IMPROVED PRACTICAL VARIABLE STEP-SIZE FOR ADAPTIVE FEEDBACK CANCELLATION USING PRE-FILTERS
Linh Tran', Henning Schepker?, Simon Doclo?, Hai Huyen Dam?, Sven Nordholm?
Curtin University, 2University of Oldenburg

P2-3 TWO-ADAPTIVE FILTER-BASED METHOD USING GAIN CONTROLLED PROBE NOISE FOR ACOUSTIC FEEDBACK NEUTRALIZATION IN DIGITAL
HEARING AIDS

Muhammad Akhtar® and Akinori Nishihara?

INazarbayev University, 2Tokyo Institute of Technology

P2-4 A PARAMETRIC METHOD FOR ELEVATION CONTROL
Dingding Yao'?, Junfeng Li*2, Risheng Xial, Feiran Yang*
Linstitute of Acoustics, Chinese Academy of Sciences, 2University of Chinese Academy of Sciences

P2-5 COCKTAILS, BUT NO PARTY: MULTIPATH-ENABLED PRIVATE AUDIO
Yu-Jeh Liu, Jonah Casebeer, lvan Dokmanic
University of lllinois at Urbana-Champaign

Enhancement

P2-6 A NEW SPEECH ENHANCEMENT APPROACH BASED ON PROGRESSIVE DEEP NEURAL NETWORKS
Xiaofeng Shu?, Yi Zhou?, Yin Cao?
1Chongging University of Posts and Telecommunications, 2Institute of Acoustics, Chinese Academy of Sciences

P2-7 DNN-BASED SPEECH ENHANCEMENT USING MBE MODEL
Qizheng Huang, Changchun Bao, Xianyun Wang, Yang Xiang
Beijing University of Technology

P2-8 MULTI-CHANNEL NOISE REDUCTION WITH INTERFERENCE SUPRESSION ON MOBILE PHONES
Wenyu Jin, Bharadwaj Desikan, Ankit Kumar, Kainan Chen
Huawei Technologies Duesseldorf Gmbh, German Research Center

Microphone Array
P2-9 A ROBUST NONLINEAR MICROPHONE ARRAY POSTFILTER FOR NOISE REDUCTION

Suliang Bu?, Yunxin Zhao!, Mei-Yuh Hwang?, Sining Sun?®
University of Missouri-Columbia, 2Mobvoi Al Lab, 3Northwestern Polytechnical University
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P2-10 COMPLETING THE RTF VECTOR FOR AN MVDR BEAMFORMER AS APPLIED TO A LOCAL MICROPHONE ARRAY AND AN EXTERNAL MICROPHONE
Randall Ali, Toon van Waterschoot, Marc Moonen
KU Leuven

P2-11 EXTERIOR-INTERIOR 3D SOUND FIELD SEPARATION USING A PLANAR ARRAY OF DIFFERENTIAL MICROPHONES
Huanyu Zuo, Prasanga N. Samarasinghe, Thushara D. Abhayapala
Australian National University

P2-12 JOINT MULTI-MICROPHONE SPEECH DEREVERBERATION AND NOISE REDUCTION USING INTEGRATED SIDELOBE CANCELLATION AND LINEAR
PREDICTION

Thomas Dietzen?, Simon Doclo?, Marc Moonen?, Toon van Waterschoot*

1KU Leuven, 2University of Oldenburg

P2-13 PYRAMIC: FULL STACK OPEN MICROPHONE ARRAY ARCHITECTURE AND DATASET
Robin Scheibler!, Juan Azcarreta?, René Beuchat?, Corentin Ferry®
1Tokyo Metropolitan University, 2Ecole Polytechnique Fédérale de Lausanne, 3ENS Rennes

P2-14 SPATIALLY ROBUST GSC BEAMFORMING WITH CONTROLLED WHITE NOISE GAIN
Anna Barnov?, Vered Bar Bracha?, Shmulik Markovich-Golan'?, Sharon Gannot*
1Bar-llan University, ZCommunication and Devices Group, Intel Corporation

Separation and Localization

P2-15 BLIND SOURCE SEPARATION USING INCOMPLETE DE-MIXING TRANSFORM WITH A PRECISE APPROACH FOR SELECTING CONSTRAINED SETS OF
FREQUENCIES

Jakub Jansky and Zbynék Koldovsky

Technical University of Liberec

P2-16 CRNN-BASED JOINT AZIMUTH AND ELEVATION LOCALIZATION WITH THE AMBISONICS INTENSITY VECTOR
Lauréline Perotin'2, Romain Serizel?, Emmanuel Vincent?, Alexandre Guérin®
10range Labs, 2Université de Lorraine

P2-17 DISTANCE ESTIMATION OF ACOUSTIC SOURCES USING THE COHERENT-TO-DIFFUSE POWER RATIO BASED ON DISTRIBUTED TRAINING
Andreas Brendel and Walter Kellermann
Friedrich-Alexander-Universitat Erlangen-Nirnberg

P2-18 MULTICHANNEL NMF FOR SOURCE SEPARATION WITH AMBISONIC SIGNALS
Joonas Nikunen® and Archontis Politis?
1Tampere University of Technology, 2Aalto University

P2-19 NON-NEGATIVE NOVELTY EXTRACTION: A NEW NON-NEGATIVITY CONSTRAINT FOR NMF
Yohei Kawaguchi, Takashi Endo, Kenji Ichige, Koichi Hamada
Research and Development Group, Hitachi, Ltd.

P2-20 RAY SPACE TRANSFORM INTERPOLATION WITH CONVOLUTIONAL AUTOENCODER
Luca Comanducci, Federico Borra, Paolo Bestagini, Fabio Antonacci, Augusto Sarti, Stefano Tubaro
Politecnico di Milano

P2-21 SEPARATING STEREO AUDIO MIXTURE HAVING NO PHASE DIFFERENCE BY CONVEX CLUSTERING AND DISJOINTNESS MAP
Atsushi Hiruma, Kohei Yatabe, Yasuhiro Oikawa
Waseda University

Signal Model, Classification and Recognition

P2-22 A PRELIMINARY ACOUSTIC ANALYSIS OF LARYNGECTOMISED SPEECH IN ADULT NEW ZEALANDERS
Maryam Erfanian Sabaee?, Hamid Sharifzadeh?, Jacqui Allen?, Iman Ardekani*
Unitec Institute of Technology, 2North Shore Hospital

P2-23 AMBISCAPER: A TOOL FOR AUTOMATIC GENERATION AND ANNOTATION OF REVERBERANT AMBISONICS SOUND SCENES
Andres Perez-Lopez
Pompeu Fabra University

P2-24 ENHANCING THE EVS CODEC IN WIDEBAND MODE BY BLIND ARTIFICIAL BANDWIDTH EXTENSION TO SUPERWIDEBAND
Johannes Abel, Ernst Seidel, Tim Fingscheidt
Technische Universitat Braunschweig

P2-25 PHASE RECONSTRUCTION FROM AMPLITUDE SPECTROGRAMS BASED ON VON-MISES-DISTRIBUTION DEEP NEURAL NETWORK
Shinnosuke Takamichit, Yuki Saito!, Norihiro Takamune?, Daichi Kitamura?, Hiroshi Saruwatari®
The University of Tokyo, 2National Institute of Technology, Kagawa College

P2-26 USING SEQUENTIAL INFORMATION IN POLYPHONIC SOUND EVENT DETECTION
Guangpu Huang, Toni Heittola, Tuomas Virtanen
Tampere University of Technology

Special session on signal processing for multi-party conversation (Poster)

SS1 ROBUST FEATURE EXTRACTION FROM AD-HOC MICROPHONES FOR MEETING DIARIZATION
Dushyant Sharma®, Amr Nour-Eldin®, Philip Harding?, Sam Karimian-Azarit, Patrick A. Naylor?
INuance Communications Inc., 2imperial College London

SS2 ATTENTION-BASED NEURAL NETWORK FOR JOINT DIARIZATION AND SPEAKER EXTRACTION
Shlomo Chazan, Sharon Gannot, Jacob Goldberger
Bar-llan University

SS3 MULTI-SPEAKER SEPARATION EMPLOYING MICROPHONE ARRAY AND VERTEX FINDING ALGORITHM
Hai Quang Hong Dam? and Sven Nordholm?
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Luniversity of Information Technology, 2Curtin University

SS4 SELF-CALIBRATION OF FLEXIBLE MICROPHONE ARRAY FOR SPEAKER LOCALIZATION IN MEETING CONVERSATIONS USING EMITTERS
Keisuke Nakamura and Randy Gomez
Honda Research Institute Japan Co., Ltd.

SS5 COMPARISON OF REFERENCE MICROPHONE SELECTION ALGORITHMS FOR DISTRIBUTED MICROPHONE ARRAY BASED SPEECH ENHANCEMENT

IN MEETING RECOGNITION SCENARIOS
Shoko Arakil, Nobutaka Ono?, Keisuke Kinoshita®, Marc Delcroix*
INTT Communication Science Laboratories, NTT Corporation, 2Tokyo Metropolitan University

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

P3-7 JOINT ACOUSTIC ECHO AND NOISE CANCELLATION USING SPECTRAL DOMAIN KALMAN FILTERING IN DOUBLE TALK SCENARIO
Karan Nathwani
Indian Institute of Technology

P3-8 ONLINE SECONDARY PATH ESTIMATION WITH MASKED AUXILIARY NOISE FOR ACTIVE NOISE CONTROL
Johannes Fabry, Fabio Konig, Stefan Liebich, Peter Jax
RWTH Aachen University

P3-9 SUBBAND PROCESSING FOR SPATIALLY ROBUST ROOM IMPULSE RESPONSE RESHAPING
Radoslaw Mazur, Fabrice Katzberg, Martina Bohme, Alfred Mertins
University of Libeck

P3-10 TRACKING ANALYSIS AND IMPROVEMENT OF BROADBAND KALMAN FILTER USING THE TWO-ECHO-PATH MODEL AS A RAPID TUNNEL
Jianfeng Guo'?2, Feiran Yang?, Gerald Enzner3, Jun Yang®?2
Linstitute of Acoustics, Chinese Academy of Sciences, 2University of Chinese Academy of Sciences, 3Ruhr-University Bochum

Enhancement

P3-11 A NOVEL TRAINING TARGET OF DNN USED FOR CASA-BASED SPEECH ENHANCEMENT
Feng Bao and Waleed H. Abdulla
The University of Auckland

P3-12 A PRIORI SNR COMPUTATION FOR SPEECH ENHANCEMENT BASED ON CEPSTRAL ENVELOPE ESTIMATION
Samy Elshamy?, Nilesh Madhu?, Wouter Tirry3, Tim Fingscheidt!
ITechnische Universitat Braunschweig, 2Ghent University - imec, 3NXP Software

P3-13 BLIND SINGLE-CHANNEL DEREVERBERATION USING A RECURSIVE MAXIMUM-SPARSENESS-POWER-PREDICTION-MODEL
Adrian Herzog and Emanuél Habets
International Audio Laboratories Erlangen

P3-14 DEEP DENOISING FOR HEARING AID APPLICATIONS
Marc Aubreville!?, Kai Ehrensperger?, Tobias Rosenkranz!, Benjamin Graf!, Henning Puder®, Andreas Maier?
1sivantos GmbH, 2Friedrich-Alexander-Universitat Erlangen-Niirberg

P3-15 EXPLORING TRADEOFFS IN MODELS FOR LOW-LATENCY SPEECH ENHANCEMENT
Kevin Wilson, Michael Chinen, Jeremy Thorpe, Brian Patton, John Hershey, Rif A. Saurous, Jan Skoglund, Richard F. Lyon

Google Research, Google Chrome Audio

Microphone Array

P3-16 AN ADAPTIVE BEAMFORMER-POSTFILTER SYSTEM FOR SEATBELT MICROPHONES AND ITS EFFICIENT IMPLEMENTATION ON SHARC ADSP-21489

Mohammed Krini® and Zafar-Baig Mirza?
1Aschaffenburg University of Applied Sciences, ?paragon AG

P3-17 DEREVERBERATION WITH DIFFERENTIAL MICROPHONE ARRAYS AND THE WEIGHTED-PREDICTION-ERROR METHOD
Wenxing Yang', Gongping Huang', Wen Zhang!, Jingdong Chen?, Jacob Benesty?
INorthwestern Polytechnical University, 2University of Quebec

P3-18 OPTIMAL BINAURAL LCMV BEAMFORMING IN COMPLEX ACOUSTIC SCENARIOS: THEORETICAL AND PRACTICAL INSIGHTS
Nico G6Rling?, Daniel Marquardt®?, Ivo Merks?, Tao Zhang?, Simon Doclo*

University of Oldenburg, 2Starkey Hearing Technologies

Separation and Localization

P3-19 DEEP NEURAL NETWORK BASED SPEECH SEPARATION OPTIMIZING AN OBJECTIVE ESTIMATOR OF INTELLIGIBILITY FOR LOW LATENCY

APPLICATIONS
Gaurav Naithanit, Joonas Nikunen?, Lars Bramslgw?, Tuomas Virtanen®
Tampere University of Technology, 2Eriksholm Research Centre

P3-20 MUSIC ALGORITHM BASED ON TEMPORAL DRR AND RAYLEIGH QUOTIENT FOR REVERBERANT ENVIRONMENTS
Ryusuke Tanaka and Yoichi Haneda
The University of Electro-Communications
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P3-21 PHASE RECONSTRUCTION WITH LEARNED TIME-FREQUENCY REPRESENTATIONS FOR SINGLE-CHANNEL SPEECH SEPARATION
Gordon Wichern and Jonathan Le Roux
Mitsubishi Electric Research Laboratories

P3-22 RECURSIVE AND PARTIALLY SUPERVISED ALGORITHMS FOR SPEECH ENHANCEMENT ON THE BASIS OF INDEPENDENT VECTOR EXTRACTION
Tomas Kounovsky, Zbynék Koldovsky, Jaroslav Cmejla
Technical University of Liberec

Signal Model, Classification and Recognition

P3-23 A CNN POSTPROCESSOR TO ENHANCE CODED SPEECH
Ziyue Zhao, Samy Elshamy, Huijun Liu, Tim Fingscheidt
Technische Universitét Braunschweig

P3-24 ACOUSTIC SCENE CLASSIFICATION: AN OVERVIEW OF DCASE 2017 CHALLENGE ENTRIES
Annamaria Mesaros, Toni Heittola, Tuomas Virtanen
Tampere University of Technology

P3-25 AUTOMATIC DETECTION OF SPEECH UNDER COLD USING DISCRIMINATIVE AUTOENCODERS AND STRENGTH MODELING WITH MULTIPLE SUB-
DICTIONARY GENERATION

Yi-Ying Kao?, Hsiang-Ping Hsu?, Chien-Feng Liao?, Yu Tsao?, Hao-Chun Yang®, Jeng-Lin Li%, Chi-Chun Lee®, Hung-Shin Lee?, Hsin-Min Wang*

IMinistry of Justice, Investigation Bureau, R.O.C., 2Research Center for Information Technology Innovation, Academia Sinica, 3National Tsing Hua University, 4Institute of
Information Science, Academia Sinica

P3-26 HARMONIC-PERCUSSIVE SOURCE SEPARATION WITH DEEP NEURAL NETWORKS AND PHASE RECOVERY
Konstantinos Drossos?, Paul Magron?, Stylianos loannis Mimilakis2, Tuomas Virtanen!
ITampere University of Technology, 2Fraunhofer IDMT

P3-27 SPATIAL INTERPOLATION OF ROOM IMPULSE RESPONSES USING COMPRESSED SENSING
Fabrice Katzberg, Radoslaw Mazur, Marco Maass, Martina Bohme, Alfred Mertins
University of Libeck

Thursday, September 20

Poster 4
Echo, Noise, and Sound Field Control

P4-1 ACOUSTIC FEEDBACK CANCELLATION FOR HEARING AIDS USING A FIXED RTF-CONSTRAINED NULL-STEERING BEAMFORMER
Henning Schepker, Linh Tran?, Sven Nordholm?, Simon Doclo!
University of Oldenburg, 2Curtin University

P4-2 KERNEL RIDGE REGRESSION WITH CONSTRAINT OF HELMHOLTZ EQUATION FOR SOUND FIELD INTERPOLATION
Natsuki Ueno, Shoichi Koyama, Hiroshi Saruwatari
The University of Tokyo

P4-3 MODE-DOMAIN SPATIAL ACTIVE NOISE CONTROL USING MULTIPLE CIRCULAR ARRAYS
Yu Maeno?, Yuki Mitsufujit, Prasanga N. Samarasinghe?, Thushara D. Abhayapala®
1Sony Corporation, 2Australian National University

P4-4 RESIDUAL ECHO REDUCTION FOR MULTICHANNEL ECHO CANCELLER USING ECHO REPLICA
Satoru Emura and Noboru Harada
NTT Media Intelligence Laboratories

Enhancement

P4-5 A DENOISING METHODOLOGY FOR HIGHER ORDER AMBISONICS RECORDINGS
Clara Borrelli, Antonio Canclini, Fabio Antonacci, Augusto Sarti, Stefano Tubaro
Politecnico di Milano

P4-6 A SPEECH ENHANCEMENT SYSTEM FOR AUTOMOTIVE SPEECH RECOGNITION WITH A HYBRID VOICE ACTIVITY DETECTION METHOD
Haikun Wang?, Zhongfu Ye?, Jingdong Chen?
Luniversity of Science and Technology of China, ?Northwestern Polytechnical University

P4-7 BINAURAL MASK-INFORMED SPEECH ENHANCEMENT FOR HEARING AIDS WITH HEAD TRACKING
Alastair H. Moore, Leo Lightburn, Wei Xue, Patrick A. Naylor, Mike Brookes
Imperial College London

P4-8 FRAME-ONLINE DNN-WPE DEREVERBERATION
Jahn Heymann?, Lukas Drude!, Reinhold Haeb-Umbach?, Keisuke Kinoshita?, Tomohiro Nakatani?
1paderborn University, 2NTT Communication Science Laboratories, NTT Corporation

P4-9 IMPROVING STATISTICAL MODEL-BASED SPEECH ENHANCEMENT WITH DEEP NEURAL NETWORKS
Jonas Borgstrom, Michael Brandstein, Robert Dunn
MIT Lincoln Laboratory

P4-10 TIME-FREQUENCY MASKING BASED ONLINE SPEECH ENHANCEMENT WITH MULTI-CHANNEL DATA USING CONVOLUTIONAL NEURAL NETWORKS
Soumitro Chakrabarty?, DeLiang Wang?, Emanuél Habets*
Linternational Audio Laboratories Erlangen, 2The Ohio State University

Microphone Array

P4-11 DELAY-PERFORMANCE TRADEOFFS IN CAUSAL MICROPHONE ARRAY PROCESSING
Ryan Corey, Naoki Tsuda, Andrew Singer
University of lllinois at Urbana-Champaign
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P4-12 EXPLOITING MICROPHONE ARRAY SYMMETRY FOR ROBUST TWO-DIMENSIONAL POLYNOMIAL BEAMFORMING
Hendrik Barfuss, Markus Bachmann, Christian Huemmer, Walter Kellermann
Friedrich-Alexander-Universitat Erlangen-Nirnberg

P4-13 LINEAR PREDICTION BASED DIFFUSE SIGNAL ESTIMATION FOR BLIND MICROPHONE GEOMETRY CALIBRATION
Srikanth Raj Chetupalli and Thippur V. Sreenivas
Indian Institute of Science

P4-14 MULTI-VIEW NETWORKS FOR DENOISING OF ARBITRARY NUMBERS OF CHANNELS
Jonah Casebeer?, Brian Luc!, Paris Smaragdis®-2
University of lllinois at Urbana-Champaign, 2Adobe Research

P4-15 ON THE DESIGN OF OPTIMAL LINEAR MICROPHONE ARRAY GEOMETRIES
Sohel J. Patel', Steven L. Grant?, Maciej Zawodniok®, Jacob Benesty?
IMissouri University of Science and Technology, 2University of Quebec

Separation and Localization

P4-16 3D IDENTIFICATION OF ACOUSTIC SOURCES IN ROOMS USING A LARGE-SCALE MICROPHONE ARRAY
Hugo Demontis, Francgois Ollivier, Jacques Marchal
Sorbonne Université

P4-17 DNN-BASED NEAR- AND FAR-FIELD SOURCE SEPARATION USING SPHERICAL-HARMONIC-ANALYSIS-BASED ACOUSTIC FEATURES
Sota Nishiguchi®, Yuma Koizumi2, Noboru Harada?, Katunobu Itou®
1Hosei University, 2NTT Media Intelligence Laboratories

P4-18 EXTENDING LINEAR DYNAMICAL SYSTEMS WITH DYNAMIC STREAM WEIGHTS FOR AUDIOVISUAL SPEAKER LOCALIZATION
Christopher Schymura, Tobias Isenberg, Dorothea Kolossa
Ruhr-Universitat Bochum

P4-19 FAST MULTICHANNEL NONNEGATIVE MATRIX FACTORIZATION WITH CONSTRAINTS ON ACTIVE SOURCE CANDIDATES
Rintaro Ikeshita, Yohei Kawaguchi, Kenji Nagamatsu
Research and Development Group, Hitachi, Ltd.

P4-20 MULTI-CHANNEL SPEECH ENHANCEMENT BASED ON INDEPENDENT VECTOR EXTRACTION
Jaroslav Cmejla and Zbynék Koldovsky
Technical University of Liberec

P4-21 SOURCE SEPARATION BY FEATURE-BASED CLUSTERING OF MICROPHONES IN AD HOC ARRAYS
Sebastian Gergen?, Rainer Martin?, Nilesh Madhu®
1Bochum Institute of Technology gGmbH, 2Ruhr-Universitat Bochum, 3Ghent University - imec

Signal Model, Classification and Recognition

P4-22 CLASSIFICATION OF NOISE BETWEEN FLOORS IN A BUILDING USING PRE-TRAINED DEEP CONVOLUTIONAL NEURAL NETWORKS
Hwiyong Choi, Seungjun Lee, Haesang Yang, Woojae Seong
Seoul National University

P4-23 DISCRIMINATIVE TRAINING OF DEEP REGRESSION NETWORKS FOR ARTIFICIAL BANDWIDTH EXTENSION
Jonas Sautter', Friedrich Faubel!, Markus Buck!, Gerhard Schmidt?
INuance Communications Inc., 2Kiel University

P4-24 IMPROVING POWER SPECTRAL DENSITY ESTIMATION OF UNMANNED AERIAL VEHICLE ROTOR NOISE WITH NON-ACOUSTIC INFORMATION
Benjamin Yen, Yusuke Hioka, Brian Mace
The University of Auckland

P4-25 ON MODELING THE STFT PHASE OF AUDIO SIGNALS WITH THE VON MISES DISTRIBUTION
Paul Magron and Tuomas Virtanen
Tampere University of Technology

P4-26 RECTIFIED LINEAR UNIT CAN ASSIST GRIFFIN-LIM PHASE RECOVERY
Kohei Yatabe, Yoshiki Masuyama, Yasuhiro Oikawa
Waseda University

P4-27 SIMULATING MULTI-CHANNEL WIND NOISE BASED ON THE CORCOS MODEL
Daniele Mirabilii and Emanuél Habets
International Audio Laboratories Erlangen

LOCATA Challenge Workshop
L1 LOCATA CHALLENGE - EVALUATION TASKS AND MEASURES

Christine Evers, Heinrich Loellmann?, Heinrich Mellmann?, Alexander Schmidt?, Hendrik Barfuss?, Patrick A. Naylor!, Walter Kellermann?
Limperial College London, 2Friedrich-Alexander-Universitat Erlangen-Niirberg, 3Humboldt-Universitaet zu Berlin
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