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Abstract

There have been experiments dealing with the possibility of the actualization of the ANC system by means of operating
the DSP adaptation filter. This filter is composed of various filters(including X-LMS algorithm, Filter-U algorithm, and
Full-Feedback-Filter-U algorithm) that use ventilation fans and loudspeakers as a primary source in a circular duct as
an experimental device. In this operation, the ANC system using the X-LMS algorithm was found to be more effective
in reducing noise than without such system. When applying the input signal of the DSP board Full Feedback-Filtered-U
algorithm system while having in mind that the additionally installed second control signal was gone through feedback
and mixed into the detection microphone installed near the ventilation fan when using the first ventilation fan, the
system was not emitted, but maintained stable during the operation of the control filter. At this point, noise tended to
decrease at a maximum of 10dB compared to other algorithms at the frequency band of 170-250Hz.
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