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Abstract

Recently, MPEG-H has been standardizing for a multimedia coder in UHDTV (Ultra-High-Definition TV). Thus, the demand for
not only channel-based audio contents but also object-based audio contents is more increasing, which results in developing a new
technique of converting channel-based audio contents to object-based ones. In this paper, a non-uniform linear microphone array
based source separation method is proposed for realizing such conversion. The proposed method first analyzes the arrival time
differences of input audio sources to each of the microphones, and the spectral magnitudes of each sound source are estimated at
the horizontal directions based on the analyzed time differences. In order to demonstrate the effectiveness of the proposed method,
objective performance measures of the proposed method are compared with those of conventional methods such as an MVDR
(Minimum Variance Distortionless Response) beamformer and an ICA (Independent Component Analysis) method. As a result, it is
shown that the proposed separation method has better separation performance than the conventional separation methods.

Keyword : Sound source separation, channel-based audio content, object-based audio content, non-uniform linear
microphone array, frequency-dependent source separation
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Fig. 1. Overview of source separation based on independent component analysis (ICA)
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Table 1. Comparison of SDR, SIR, and SAR (dB) of separated audio
signals processed by the proposed and conventional methods

Measure Source MVDR ICA Proposed
Method Method Method

Clarinet 4.82 5.86 5.96

Violin 3.96 4.83 4.96

SDR Cello 5.22 6.06 6.59
Avg. 4.67 5.58 5.84

Clarinet 7.26 8.04 8.51

Violin 8.31 7.98 8.52

SAR Cello 6.89 7.38 7.72
Avg. 7.49 7.80 8.25
Clarinet 9.72 9.48 10.36
SR Violin 9.91 10.71 10.69
Cello 10.64 10.53 10.50
Avg. 10.09 10.24 10.52

2. MIoHE I 7|Ee| WHoz FalE SR it
Table 2. Comparison of separation accuracy (%) of separated audio
signals by the proposed and conventional methods

S2|HET W
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Avg. 76.5 729 82.8
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