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5 Finite Impulse Response Filters

A practical and accessible guide to understanding digital signal
processinglntroduction to Digital Signal Processing and Filter Design
was developed and fine-tuned from the author's twenty-five years of
experience teaching classes in digital signal processing. Following a
step-by-step approach, students and professionals quickly master the
fundamental concepts and applications of discrete-time signals and
systems as well as the synthesis of these systems to meet
specifications in the time and frequency domains. Striking the right
balance between mathematical derivations and theory, the



