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In recent years, various efforts have been made under government leadership
towards the realization of a highly smart society. Developing fundamental technologies for
multimodal communication is also an urgent issue that needs to be addressed to solve these problems.

Establishing fundamental technologies for statistical mathematics and fast signal processing to
analyze and understand the sound environment, which is the core of multimodal communication, is
necessary for applying it to smart security, elderly monitoring, robot audition, and other areas.
This research focused on developing fundamental technologies for multimodal communication centered
on the sound environment for social implementation. Specifically, we conducted research on the
fundamental technologies of acoustic measurement using virtual microphones and distributed
microphone arrays, as well as understanding the sound environment through deep learning.
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