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Abstract

/The proposed system enhances speech Iin Cisco Webex video-conferencing applications. The demo aims to preserve the primary talker while suppressing\
interfering talkers, noise, and reverberation. Besides these challenges, the system automatically controls the volume of the primary talker. The novelty
of the proposed system is given by implementing adaptive primary talker detection and tracking while preserving fast and accurate far-field talker attenuation.
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