Real-time selective listening of everyday sounds

08 Listening to what you want!

Abstract

Humans can selectively listen to a target sound even when many sounds overlap. This research brings that capability to computers
by developing real-time target sound extraction that isolates desired audio from mixed signals on general-purpose PCs while
maintaining high accuracy. By incorporating an audio foundation model with general sound representations developed at NTT, the
method further improves extraction accuracy and sound quality. We also implement binaural processing to estimate the direction of
arrival, making the system closer to human listening. Ultimately, the technology lets users flexibly hear or suppress sounds
depending on the context, for example, by reducing household noise in remote-work meetings while preserving meaningful sounds
during family calls, enabling more comfortable and effective communication.
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Application: High-quality post-production for recorded audio such
as movies, music, and home videos.
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Some parts of the figures were created using generative Al.
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