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In this research, we address small-data-aware sound information processing
and its application. Our goal is to expand the unsupervised machine learning theory without a priori
big data, and to apply the new theory to sound VR/AR system with efficient statistical modeling and
control. In particular, we can develop our technologies for the sound VR/AR system, including
flexible statistical model-based unsupervised/semi-supervised sound separation, and efficient voice
conversion utilizing the generative DNN model, GAN, and DNN-based phase spectrum estimation.
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