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This book, 'Digital Signal Processing: Theory and Practice', authored by
Maurice Bellanger, serves as a comprehensive guide to the principles
and applications of digital signal processing (DSP). It is designed to
make complex digital techniques accessible by connecting theoretical
knowledge with practical applications. The book covers a wide range of
topics including digitizing signals, the discrete Fourier transform, fast
algorithms for FFT, finite and infinite impulse response filters, and
adaptive filtering. It also addresses advanced subjects like neural



networks and applications in sound coding. The content is structured
to benefit engineering students and professionals looking for a
thorough understanding of DSP technology and its real-world
applications. The text includes exercises and references to facilitate

deeper learning.



