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( Implementation of Adaptive Noise Canceller Using Instantaneous Gain
Control Algorithm )
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Abstract

Among the adaptive noise cancellers (ANC), the least mean square (LMS) algorithm has probably become the most
popular algorithm because of its robustness, good tracking properties, and simplicity of implementation. However, it has
non-uniform convergence and a trade-off between the rate of convergence and excess mean square error (EMSE). To
overcome these shortcomings, a number of variable step size least mean square (VSSLMS) algorithms have been
researched for years. These LMS algorithms use a complex variable step method approach for rapid convergence but need
high computational complexity. A variable step approach can impair the simplicity and robustness of the LMS algorithm.
The proposed instantaneous gain control (IGC) algorithm uses the instantaneous gain value of the original signal and the
noise signal. As a result, the IGC algorithm can reduce computational complexity and maintain better performance.
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