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An Implementation of Adaptive Noise Canceller
using Instantaneous Signal to Noise Ratio with DSP Processor
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Abstract

ILMS(Least Mean Square) algorithm requires simple equation and is used widely because of the low complexity. If the convergence
speed increase, LMS algorithm has a divergence in case of sharp environment changes. And if a stability increase, the convergence
speed becomes slow. This algorithm based on a trade off between fast convergence and system stability. To improve this problem,
VSSIMS (Varable Step Size LMS) algorithm was developed The VSSLMS algorithm improved the convergence speed and
performance as adjusting step size using error signal. In this paper, I-VSSLMS algorithm is proposed tor improve the performance of
adaptive noise canceller in real-time environments. The proposed algorithm is applied to adaptive noise canceller using TMS32006713
DSP board and we did simulation by real time. Then we compared performance of each algorithm and demonstrated that proposed
algorithm has superior performance.
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