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Abstract This paper presents an adaptive active noise control (ANC) method without an error microphone
based on virtual microphone technique. The method implements two adaptive algorithms using only one
reference microphone and serves better ANC stability and simpler headphone structure. The purposed ANC
system is implemented in a DSP platform. Experiments show that the system achieves an improved performance
and has high practical value.
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Fig. 1 Block diagram of feedforward FxLMS based vir-

tual microphone adaptive algorithm
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Fig. 2 Block diagram of feedback IMC based virtual

microphone adaptive algorithm
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Fig. 4 Noise reduction effect of conventional method in stable state and mismatch

state in pink noise environment
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