
Nobutaka Ono

List of Publications by Year
in descending order

Source: https://exaly.com/author-pdf/9212538/publications.pdf

Version: 2024-02-01

183

papers

2,840

citations

21

h-index

331670

34

g-index

377865

183

all docs

183

docs citations

183

times ranked

1192

citing authors



Nobutaka Ono

2

# Article IF Citations
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5 Rotation-Robust Beamforming Based on Sound Field Interpolation with Regularly Circular
Microphone Array. , 2021, , . 3
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Independent Low-Rank Matrix Analysis Based on Time-Variant Sub-Gaussian Source Model for
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11 Blinkies: Open Source Sound-to-Light Conversion Sensors for Large-Scale Acoustic Sensing and
Applications. IEEE Access, 2020, 8, 67603-67616. 4.2 5

12 Time-frequency-bin-wise Switching of Minimum Variance Distortionless Response Beamformer for
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13 Independent Deeply Learned Matrix Analysis for Determined Audio Source Separation. IEEE/ACM
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18 Bilevel Optimization Using Stationary Point of Lower-Level Objective Function for Discriminative Basis
Learning in Nonnegative Matrix Factorization. IEEE Signal Processing Letters, 2019, 26, 818-822. 3.6 2
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source localization. , 2018, , . 6
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45 Orthogonally-Constrained Extraction of Independent Non-Gaussian Component from Non-Gaussian
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48 Closed-Form and Near Closed-Form Solutions for TDOA-Based Joint Source and Sensor Localization.
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49 Low-latency real-time blind source separation for hearing aids based on time-domain implementation
of online independent vector analysis with truncation of non-causal components. , 2017, , . 19

50 Blind source separation based on independent low-rank matrix analysis with sparse regularization for
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52 Abnormal sound detection by two microphones using virtual microphone technique. , 2017, , . 4

53 Independent low-rank matrix analysis based on complex student's t-distribution for blind audio
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55 Reversible Audio Information Hiding for Tampering Detection and Localization Using Sample Scanning
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56 Sound source localization using binaural difference for hose-shaped rescue robot. , 2017, , . 1

57 Acoustic scene classification based on generative model of acoustic spatial words for distributed
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59 Acoustic scene classification using asynchronous multichannel observations with different lengths.
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70 Closed-form solution for TDOA-based joint source and sensor localization in two-dimensional space. ,
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factorization for effective annotation. , 2016, , . 0
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73 Online acoustic scene analysis based on nonparametric Bayesian model. , 2016, , . 1
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77 Discriminative and reconstructive basis training for audio source separation with semi-supervised
nonnegative matrix factorization. , 2016, , . 7
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79 Ego-noise reduction for a hose-shaped rescue robot using determined rank-1 multichannel
nonnegative matrix factorization. , 2016, , . 3
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82 Efficient initialization for nonnegative matrix factorization based on nonnegative independent
component analysis. , 2016, , . 7
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84 Closed-Form and Near Closed-Form Solutions for TOA-Based Joint Source and Sensor Localization.
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85 Efficient multichannel nonnegative matrix factorization exploiting rank-1 spatial model. , 2015, , . 36
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87 Diffuse noise suppression with asynchronous microphone array based on amplitude additivity model. ,
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93 Reference-distance estimation approach for TDOA-based source and sensor localization. , 2015, , . 10

94 Fast DNN training based on auxiliary function technique. , 2015, , . 0

95 Special issue on wireless acoustic sensor networks and ad hoc microphone arrays. Signal Processing,
2015, 107, 1-3. 3.7 22

96 The 2015 Signal Separation Evaluation Campaign. Lecture Notes in Computer Science, 2015, , 387-395. 1.3 42

97 Amplitude-based speech enhancement with nonnegative matrix factorization for asynchronous
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98 Harmonic/Percussive Sound Separation Based on Anisotropic Smoothness of Spectrograms. IEEE/ACM
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99 Traffic monitoring with ad-hoc microphone array. , 2014, , . 8

100 Outer-Product Hidden Markov Model and Polyphonic MIDI Score Following. Journal of New Music
Research, 2014, 43, 183-201. 0.8 9

101 Robust Sensing of Approaching Vehicles Relying on Acoustic Cues. Sensors, 2014, 14, 9546-9561. 3.8 13

102 Numerical formulae for TOA-based microphone and source localization. , 2014, , . 13

103 Generalized amplitude interpolation by &#x03B2;-divergence for virtual microphone array. , 2014, , . 1

104 Robust Audio Information Hiding Based on Stereo Phase Difference in Time-Frequency Domain. , 2014, , . 2

105 Design of FPGA-based rapid prototype spectral subtraction for hands-free speech applications. , 2014, , . 5

106 Robust Sensing of Approaching Vehicles Relying on Acoustic Cue. , 2014, , . 2
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separation. , 2014, , . 31
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Singing Voice Enhancement in Monaural Music Signals Based on Two-stage Harmonic/Percussive
Sound Separation on Multiple Resolution Spectrograms. IEEE/ACM Transactions on Audio Speech and
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110 On microphone arrangement for multichannel speech enhancement based on nonnegative matrix
factorization in time-channel domain. , 2014, , . 1
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Locations. Lecture Notes in Computer Science, 2014, , 376-389. 1.3 6

112 Microphone multiplexing with diffuse noise model-based principal component analysis. , 2013, , . 2
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116 Blind compensation of inter-channel sampling frequency mismatch with maximum likelihood
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117 General algorithms for estimating spectrogram and transfer functions of target signal for blind
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118
Bayesian Nonparametric Approach to Blind Separation of Infinitely Many Sparse Sources. IEICE
Transactions on Fundamentals of Electronics, Communications and Computer Sciences, 2013, E96.A,
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119 User-guided independent vector analysis with source activity tuning. , 2012, , . 15
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acoustic event detection. , 2012, , . 7

121 Comparative evaluations of various harmonic/percussive sound separation algorithms based on
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122 Variable-length coding of ACELP gain using Entropy-Constrained VQ. , 2012, , . 0
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model. , 2011, , . 28
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136 Nonnegative Matrix Factorization with Markov-Chained Bases for Modeling Time-Varying Patterns in
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146 Crystal-MUSIC: Accurate Localization of Multiple Sources in Diffuse Noise Environments Using
Crystal-Shaped Microphone Arrays. Lecture Notes in Computer Science, 2010, , 81-88. 1.3 6

147 Consistent Wiener Filtering: Generalized Time-Frequency Masking Respecting Spectrogram
Consistency. Lecture Notes in Computer Science, 2010, , 89-96. 1.3 18

148 Auxiliary-Function-Based Independent Component Analysis for Super-Gaussian Sources. Lecture Notes
in Computer Science, 2010, , 165-172. 1.3 55

149 Blind Estimation of Locations and Time Offsets for Distributed Recording Devices. Lecture Notes in
Computer Science, 2010, , 57-64. 1.3 22

150 Flexible Harmonic Temporal Structure for Modeling Musical Instrument. Lecture Notes in Computer
Science, 2010, , 416-418. 1.3 0

151 Complex NMF: A new sparse representation for acoustic signals. , 2009, , . 115

152 Audio genre classification using percussive pattern clustering combined with timbral features. , 2009,
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153 An efficient lossless compression of multichannel time-series signals by MPEG-4 ALS. , 2009, , . 3
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signals. Proceedings of the IEEE International Conference on Acoustics, Speech, and Signal
Processing, 2008, , .

1.8 7

159
A blind noise decorrelation approach with crystal arrays on designing post-filters for diffuse noise
suppression. Proceedings of the IEEE International Conference on Acoustics, Speech, and Signal
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1.8 8
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Auxiliary function approach to parameter estimation of constrained sinusoidal model for monaural
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1.8 4

161 A Structure-Synthesis Image Inpainting Algorithm Based on Morphological Erosion Operation. , 2008, ,
. 14
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175 Surface orientation imager with excluding capability of non-Lambertian reflectance. , 2005, 5665, 9. 3
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Micromachines, 2001, 121, 313-319. 0.1 8

179 Sound Source Localization Sensor with Mimicking Barn Owls. , 2001, , 1626-1629. 3
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183 Automatic Discrimination of Soft Voice Onset Using Acoustic Features of Breathy Voicing. , 0, , . 0


