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ABSTRACT

Adaptive digital filtering and noise cancelling technique using a tree structured filter bank are presented to
reduce a undesirable aliasing due to the decimation of filtered output and improve the performance in terms
of mean-square error and the convergence speed using a aliasing canceller. A signal is split into two
subband by analysis filter bank and decimated by decimator and reconstructed by interpolation technique and
synthesis filter bank. A variable step-size LMS algorithm is used to improve the convergence speed in case
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of existing the measurement noise in desired input of filter. It is shown by computer simulation that the

proposed subband structure in this paper is superior to conventional subband filter structure in terms of

mean-square error and convergence speed.
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