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1. Research Background

* Bleeding sound
- In live music performances, it's necessary to clearly capture Vocal source
- But non-target (guitar, bass, and drums) sources are also captured
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2. Conventional Method

* Blind source separation (BSS)
— estimates demixing system W when mixing system A is unknown

— assumes recording with a microphone array because it uses phase
information between the observed signals
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. Independent Iow rank matrix analysis (ILRMA) kitamura+, 2016]

- is BSS that achieves maximization of statistical independence
between signals and low-rank modeling of power spectrograms
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Problem of bleeding-sound Approach

reduction using ILRMA We propose bleeding-sound reduction for a
Spatial aliasing degrades the estimation Vo. microphone that operates robustly
accuracy of demixing matrices against spatial aliasing by modifying ILRMA

3. Impulse Response Measurement
* Impulse response measurement in actual live music venue

- Set up two cases of live music venue and measured impulse
responses to investigate the characteristics of bleeding sound
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 Measurement result (relative bleeding-sound energy analysis)
— Calculated bleeding-sound energy normalized by each target-sound energy
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4. Proposed Method

* Semi-blind model
— treats low-energy bleeding sound as negligible
— assumes that the microphones except for Vo. can be used as reference
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 Semi-blind ILRMA (proposed method)
- Introduce the semi-blind model into ILRMA

— By introducing reference signals, the structure of demixing matrices
differs from that of the conventional BSS model
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All elements are The rows corresponding to the
parameters to be estimated references are fixed to constant value

With semi-blind model
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— The model is derived by substituting the parameter-reduced demixing
matrices into the cost function of ILRMA
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5. Bleeding-Sound Reduction Experiment
* Overview

— Generated the observed signals using impulse responses measured in
actual live music venue

— Applied the following three bleeding-sound reduction methods and
compared the SDR improvements of the Vo. microphone

- Gamma-TCNMF mizobuchi+, 20251 | | * ILRMA | | ©+ Semi-blind ILRMA

« Conditions

- Two types of impulse responses, Case A and Case B, were used to
generate the observed signals

- Three different dry sources were used to generate the observed signals
- 30 different seeds were used for the random initialization
- Window length and three TCNMF hyperparameters were pre-tuned

— The references for the semi-blind ILRMA were chosen as the Gt., Ba.,
and Dr. microphones | other parameters

- Window function: Blackman - Shift size: 1/8 of window length
¢ ReSUIt * Number of iteration: 100 * Number of basis for ILRMA and Semi-blind ILRMA: 10
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