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Abstract

In this project, we aim to design a
computer audition system, which can
perceive the desired sound field and
eliminate the deleterious effects of acoustic
feedback in the same time. In contrast to
traditional design, computer audition system
provides ANC a good estimation of desired
noise field without running into an annoying
acoustic feedback problem. It aso benefits us
a lot to gain a direct physica insight of the
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noise cancellation mechanism. We are going
to design an aray of microphones to
intelligently track sound sources and
selectively capture the desired sound.
According to our study of ANC in ducts, we
firstly propose a two-microphone audition
system, which shows its potentia to estimate
sound field of a desired source. The
computer audition systems of 2-D and 3-D
acoustic field are more complicated
compared to 1-D case. We focus on studying
source localization and spatia filtering
techniques based on far-field assumption and
filter-and-sum beamforming structure. Under
these conditions we are going to find some
optimal designs. The array geometry and
imperfect characteristic of microphones are
another primary concern which will be
considered in this project.
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