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Signal Processing First Solution
This book forms the first part of a complete MSc course in an area that is fundamental to the continuing revolution in information technology
and communication systems. Massively exhaustive, authoritative, comprehensive and reinforced with software, this is an introduction to
modern methods in the developing field of Digital Signal Processing (DSP). The focus is on the design of algorithms and the processing of
digital signals in areas of communications and control, providing the reader with a comprehensive introduction to the underlying principles
and mathematical models. Provides an introduction to modern methods in the developing field of Digital Signal Processing (DSP) Focuses on
the design of algorithms and the processing of digital signals in areas of communications and control Provides a comprehensive introduction
to the underlying principles and mathematical models of Digital Signal Processing
A mathematically rigorous but accessible treatment of digital signal processing that intertwines basic theoretical techniques with hands-on
laboratory instruction is provided by this book. The book covers various aspects of the digital signal processing (DSP) "problem". It begins
with the analysis of discrete-time signals and explains sampling and the use of the discrete and fast Fourier transforms. The second part of
the book — covering digital to analog and analog to digital conversion — provides a practical interlude in the mathematical content before Part
III lays out a careful development of the Z-transform and the design and analysis of digital filters.
Applied Signal Processing: A MATLAB-Based Proof of Concept benefits readers by including the teaching background of experts in various
applied signal processing fields and presenting them in a project-oriented framework. Unlike many other MATLAB-based textbooks which
only use MATLAB to illustrate theoretical aspects, this book provides fully commented MATLAB code for working proofs-of-concept. The
MATLAB code provided on the accompanying online files is the very heart of the material. In addition each chapter offers a functional
introduction to the theory required to understand the code as well as a formatted presentation of the contents and outputs of the MATLAB
code. Each chapter exposes how digital signal processing is applied for solving a real engineering problem used in a consumer product. The
chapters are organized with a description of the problem in its applicative context and a functional review of the theory related to its solution
appearing first. Equations are only used for a precise description of the problem and its final solutions. Then a step-by-step MATLAB-based
proof of concept, with full code, graphs, and comments follows. The solutions are simple enough for readers with general signal processing
background to understand and they use state-of-the-art signal processing principles. Applied Signal Processing: A MATLAB-Based Proof of
Concept is an ideal companion for most signal processing course books. It can be used for preparing student labs and projects.
This comprehensive and engaging textbook introduces the basic principles and techniques of signal processing, from the fundamental ideas
of signals and systems theory to real-world applications. Students are introduced to the powerful foundations of modern signal processing,
including the basic geometry of Hilbert space, the mathematics of Fourier transforms, and essentials of sampling, interpolation, approximation
and compression The authors discuss real-world issues and hurdles to using these tools, and ways of adapting them to overcome problems
of finiteness and localization, the limitations of uncertainty, and computational costs. It includes over 160 homework problems and over 220
worked examples, specifically designed to test and expand students' understanding of the fundamentals of signal processing, and is
accompanied by extensive online materials designed to aid learning, including Mathematica® resources and interactive demonstrations.
"This text presents a comprehensive treatment of signal processing and linear systems suitable for undergraduate students in electrical
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engineering, It is based on Lathi's widely used book, Linear Systems and Signals, with additional applications to communications, controls,
and filtering as well as new chapters on analog and digital filters and digital signal processing.This volume's organization is different from the
earlier book. Here, the Laplace transform follows Fourier, rather than the reverse; continuous-time and discrete-time systems are treated
sequentially, rather than interwoven. Additionally, the text contains enough material in discrete-time systems to be used not only for a
traditional course in signals and systems but also for an introductory course in digital signal processing. In Signal Processing and Linear
Systems Lathi emphasizes the physical appreciation of concepts rather than the mere mathematical manipulation of symbols. Avoiding the
tendency to treat engineering as a branch of applied mathematics, he uses mathematics not so much to prove an axiomatic theory as to
enhance physical and intuitive understanding of concepts. Wherever possible, theoretical results are supported by carefully chosen examples
and analogies, allowing students to intuitively discover meaning for themselves"-This book describes the essential tools and techniques of statistical signal processing. At every stage theoretical ideas are linked to specific
applications in communications and signal processing using a range of carefully chosen examples. The book begins with a development of
basic probability, random objects, expectation, and second order moment theory followed by a wide variety of examples of the most popular
random process models and their basic uses and properties. Specific applications to the analysis of random signals and systems for
communicating, estimating, detecting, modulating, and other processing of signals are interspersed throughout the book. Hundreds of
homework problems are included and the book is ideal for graduate students of electrical engineering and applied mathematics. It is also a
useful reference for researchers in signal processing and communications.
With a novel, less classical approach to the subject, the authors have written a book with the conviction that signal processing should be
taught to be fun. The treatment is therefore less focused on the mathematics and more on the conceptual aspects, the idea being to allow the
readers to think about the subject at a higher conceptual level, thus building the foundations for more advanced topics. The book remains an
engineering text, with the goal of helping students solve real-world problems. In this vein, the last chapter pulls together the individual topics
as discussed throughout the book into an in-depth look at the development of an end-to-end communication system, namely, a modem for
communicating digital information over an analog channel.

Signal Processing for Neuroscientists introduces analysis techniques primarily aimed at neuroscientists and biomedical
engineering students with a reasonable but modest background in mathematics, physics, and computer programming. The focus
of this text is on what can be considered the ‘golden trio’ in the signal processing field: averaging, Fourier analysis, and filtering.
Techniques such as convolution, correlation, coherence, and wavelet analysis are considered in the context of time and frequency
domain analysis. The whole spectrum of signal analysis is covered, ranging from data acquisition to data processing; and from the
mathematical background of the analysis to the practical application of processing algorithms. Overall, the approach to the
mathematics is informal with a focus on basic understanding of the methods and their interrelationships rather than detailed proofs
or derivations. One of the principle goals is to provide the reader with the background required to understand the principles of
commercially available analyses software, and to allow him/her to construct his/her own analysis tools in an environment such as
MATLAB®. Multiple color illustrations are integrated in the text Includes an introduction to biomedical signals, noise
characteristics, and recording techniques Basics and background for more advanced topics can be found in extensive notes and
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appendices A Companion Website hosts the MATLAB scripts and several data files:
http://www.elsevierdirect.com/companion.jsp?ISBN=9780123708670
CD-ROM contains: Demonstrations -- Problem solutions.
Presents the Bayesian approach to statistical signal processing for a variety of useful model sets This book aims to give readers a
unified Bayesian treatment starting from the basics (Baye’s rule) to the more advanced (Monte Carlo sampling), evolving to the
next-generation model-based techniques (sequential Monte Carlo sampling). This next edition incorporates a new chapter on
“Sequential Bayesian Detection,” a new section on “Ensemble Kalman Filters” as well as an expansion of Case Studies that
detail Bayesian solutions for a variety of applications. These studies illustrate Bayesian approaches to real-world problems
incorporating detailed particle filter designs, adaptive particle filters and sequential Bayesian detectors. In addition to these major
developments a variety of sections are expanded to “fill-in-the gaps” of the first edition. Here metrics for particle filter (PF) designs
with emphasis on classical “sanity testing” lead to ensemble techniques as a basic requirement for performance analysis. The
expansion of information theory metrics and their application to PF designs is fully developed and applied. These expansions of
the book have been updated to provide a more cohesive discussion of Bayesian processing with examples and applications
enabling the comprehension of alternative approaches to solving estimation/detection problems. The second edition of Bayesian
Signal Processing features: “Classical” Kalman filtering for linear, linearized, and nonlinear systems; “modern” unscented and
ensemble Kalman filters: and the “next-generation” Bayesian particle filters Sequential Bayesian detection techniques
incorporating model-based schemes for a variety of real-world problems Practical Bayesian processor designs including
comprehensive methods of performance analysis ranging from simple sanity testing and ensemble techniques to sophisticated
information metrics New case studies on adaptive particle filtering and sequential Bayesian detection are covered detailing more
Bayesian approaches to applied problem solving MATLAB® notes at the end of each chapter help readers solve complex
problems using readily available software commands and point out other software packages available Problem sets included to
test readers’ knowledge and help them put their new skills into practice Bayesian Signal Processing, Second Edition is written for
all students, scientists, and engineers who investigate and apply signal processing to their everyday problems.
Leading experts present the latest research results in adaptive signal processing Recent developments in signal processing have
made it clear that significant performance gains can be achieved beyond those achievable using standard adaptive filtering
approaches. Adaptive Signal Processing presents the next generation of algorithms that will produce these desired results, with an
emphasis on important applications and theoretical advancements. This highly unique resource brings together leading authorities
in the field writing on the key topics of significance, each at the cutting edge of its own area of specialty. It begins by addressing
the problem of optimization in the complex domain, fully developing a framework that enables taking full advantage of the power of
complex-valued processing. Then, the challenges of multichannel processing of complex-valued signals are explored. This
comprehensive volume goes on to cover Turbo processing, tracking in the subspace domain, nonlinear sequential state
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estimation, and speech-bandwidth extension. Examines the seven most important topics in adaptive filtering that will define the
next-generation adaptive filtering solutions Introduces the powerful adaptive signal processing methods developed within the last
ten years to account for the characteristics of real-life data: non-Gaussianity, non-circularity, non-stationarity, and non-linearity
Features self-contained chapters, numerous examples to clarify concepts, and end-of-chapter problems to reinforce understanding
of the material Contains contributions from acknowledged leaders in the field Adaptive Signal Processing is an invaluable tool for
graduate students, researchers, and practitioners working in the areas of signal processing, communications, controls, radar,
sonar, and biomedical engineering.
Digital Signal Processing First, Global EditionSignal Processing FirstSignal Processing FirstPearson College Division
A problem-solving approach to statistical signal processing for practicing engineers, technicians, and graduate students This book
takes a pragmatic approach in solving a set of common problems engineers and technicians encounter when processing signals.
In writing it, the author drew on his vast theoretical and practical experience in the field to provide a quick-solution manual for
technicians and engineers, offering field-tested solutions to most problems engineers can encounter. At the same time, the book
delineates the basic concepts and applied mathematics underlying each solution so that readers can go deeper into the theory to
gain a better idea of the solution’s limitations and potential pitfalls, and thus tailor the best solution for the specific engineering
application. Uniquely, Statistical Signal Processing in Engineering can also function as a textbook for engineering graduates and
post-graduates. Dr. Spagnolini, who has had a quarter of a century of experience teaching graduate-level courses in digital and
statistical signal processing methods, provides a detailed axiomatic presentation of the conceptual and mathematical foundations
of statistical signal processing that will challenge students’ analytical skills and motivate them to develop new applications on their
own, or better understand the motivation underlining the existing solutions. Throughout the book, some real-world examples
demonstrate how powerful a tool statistical signal processing is in practice across a wide range of applications. Takes an
interdisciplinary approach, integrating basic concepts and tools for statistical signal processing Informed by its author’s vast
experience as both a practitioner and teacher Offers a hands-on approach to solving problems in statistical signal processing
Covers a broad range of applications, including communication systems, machine learning, wavefield and array processing,
remote sensing, image filtering and distributed computations Features numerous real-world examples from a wide range of
applications showing the mathematical concepts involved in practice Includes MATLAB code of many of the experiments in the
book Statistical Signal Processing in Engineering is an indispensable working resource for electrical engineers, especially those
working in the information and communication technology (ICT) industry. It is also an ideal text for engineering students at large,
applied mathematics post-graduates and advanced undergraduates in electrical engineering, applied statistics, and pure
mathematics, studying statistical signal processing.
The book discusses receiving signals that most electrical engineers detect and study. The vast majority of signals could never be
detected due to random additive signals, known as noise, that distorts them or completely overshadows them. Such examples
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include an audio signal of the pilot communicating with the ground over the engine noise or a bioengineer listening for a fetus’
heartbeat over the mother’s. The text presents the methods for extracting the desired signals from the noise. Each new
development includes examples and exercises that use MATLAB to provide the answer in graphic forms for the reader's
comprehension and understanding.

This book is intended to serve as an invaluable reference for anyone concerned with the application of wavelets to signal
processing. It has evolved from material used to teach "wavelet signal processing" courses in electrical engineering
departments at Massachusetts Institute of Technology and Tel Aviv University, as well as applied mathematics
departments at the Courant Institute of New York University and École Polytechnique in Paris. Provides a broad
perspective on the principles and applications of transient signal processing with wavelets Emphasizes intuitive
understanding, while providing the mathematical foundations and description of fast algorithms Numerous examples of
real applications to noise removal, deconvolution, audio and image compression, singularity and edge detection,
multifractal analysis, and time-varying frequency measurements Algorithms and numerical examples are implemented in
Wavelab, which is a Matlab toolbox freely available over the Internet Content is accessible on several level of complexity,
depending on the individual reader's needs New to the Second Edition Optical flow calculation and video compression
algorithms Image models with bounded variation functions Bayes and Minimax theories for signal estimation 200 pages
rewritten and most illustrations redrawn More problems and topics for a graduate course in wavelet signal processing, in
engineering and applied mathematics
This book, first published in 2007, introduces the basic theory of digital signal processing, with emphasis on real-world
applications.
A comprehensive guide to the theory and practice of signal enhancement and array signal processing, including matlab
codes, exercises and instructor and solution manuals Systematically introduces the fundamental principles, theory and
applications of signal enhancement and array signal processing in an accessible manner Offers an updated and relevant
treatment of array signal processing with rigor and concision Features a companion website that includes presentation
files with lecture notes, homework exercises, course projects, solution manuals, instructor manuals, and Matlab codes for
the examples in the book
This previously included a CD. The CD contents can be accessed via World Wide Web.
Master the basic concepts and methodologies of digital signal processing with this systematic introduction, without the
need for an extensive mathematical background. The authors lead the reader through the fundamental mathematical
principles underlying the operation of key signal processing techniques, providing simple arguments and cases rather
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than detailed general proofs. Coverage of practical implementation, discussion of the limitations of particular methods
and plentiful MATLAB illustrations allow readers to better connect theory and practice. A focus on algorithms that are of
theoretical importance or useful in real-world applications ensures that students cover material relevant to engineering
practice, and equips students and practitioners alike with the basic principles necessary to apply DSP techniques to a
variety of applications. Chapters include worked examples, problems and computer experiments, helping students to
absorb the material they have just read. Lecture slides for all figures and solutions to the numerous problems are
available to instructors.
Signals and Systems Using MATLAB, Third Edition, features a pedagogically rich and accessible approach to what can
commonly be a mathematically dry subject. Historical notes and common mistakes combined with applications in
controls, communications and signal processing help students understand and appreciate the usefulness of the
techniques described in the text. This new edition features more end-of-chapter problems, new content on twodimensional signal processing, and discussions on the state-of-the-art in signal processing. Introduces both continuous
and discrete systems early, then studies each (separately) in-depth Contains an extensive set of worked examples and
homework assignments, with applications for controls, communications, and signal processing Begins with a review on
all the background math necessary to study the subject Includes MATLAB® applications in every chapter
For introductory courses (freshman and sophomore courses) in Digital Signal Processing and Signals and Systems. Text
may be used before the student has taken a course in circuits. DSP First and it's accompanying digital assets are the
result of more than 20 years of work that originated from, and was guided by, the premise that signal processing is the
best starting point for the study of electrical and computer engineering. The "DSP First" approach introduces the use of
mathematics as the language for thinking about engineering problems, lays the groundwork for subsequent courses, and
gives students hands-on experiences with MATLAB. The Second Edition features three new chapters on the Fourier
Series, Discrete-Time Fourier Transform, and the The Discrete Fourier Transform as well as updated labs, visual demos,
an update to the existing chapters, and hundreds of new homework problems and solutions.
Field-Programmable Gate Arrays (FPGAs) are revolutionizing digital signal processing as novel FPGA families are
replacing ASICs and PDSPs for front-end digital signal processing algorithms. So the efficient implementation of these
algorithms is critical and is the main goal of this book. It starts with an overview of today's FPGA technology, devices,
and tools for designing state-of-the-art DSP systems. A case study in the first chapter is the basis for more than 30
design examples throughout. The following chapters deal with computer arithmetic concepts, theory and the
implementation of FIR and IIR filters, multirate digital signal processing systems, DFT and FFT algorithms, and advanced
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algorithms with high future potential. Each chapter contains exercises. The VERILOG source code and a glossary are
given in the appendices, while the accompanying CD-ROM contains the examples in VHDL and Verilog code as well as
the newest Altera "Baseline" software. This edition has a new chapter on adaptive filters, new sections on division and
floating point arithmetics, an up-date to the current Altera software, and some new exercises.
This supplement to any standard DSP text is one of the first books to successfully integrate the use of MATLAB® in the
study of DSP concepts. In this book, MATLAB® is used as a computing tool to explore traditional DSP topics, and solve
problems to gain insight. This greatly expands the range and complexity of problems that students can effectively study in
the course. Since DSP applications are primarily algorithms implemented on a DSP processor or software, a fair amount
of programming is required. Using interactive software such as MATLAB® makes it possible to place more emphasis on
learning new and difficult concepts than on programming algorithms. Interesting practical examples are discussed and
useful problems are explored. This updated second edition includes new homework problems and revises the scripts in
the book, available functions, and m-files to MATLAB® V7.
Digital Signal Processing, Second Edition enables electrical engineers and technicians in the fields of biomedical,
computer, and electronics engineering to master the essential fundamentals of DSP principles and practice. Many
instructive worked examples are used to illustrate the material, and the use of mathematics is minimized for easier grasp
of concepts. As such, this title is also useful to undergraduates in electrical engineering, and as a reference for science
students and practicing engineers. The book goes beyond DSP theory, to show implementation of algorithms in hardware
and software. Additional topics covered include adaptive filtering with noise reduction and echo cancellations, speech
compression, signal sampling, digital filter realizations, filter design, multimedia applications, over-sampling, etc. More
advanced topics are also covered, such as adaptive filters, speech compression such as PCM, u-law, ADPCM, and multirate DSP and over-sampling ADC. New to this edition: MATLAB projects dealing with practical applications added
throughout the book New chapter (chapter 13) covering sub-band coding and wavelet transforms, methods that have
become popular in the DSP field New applications included in many chapters, including applications of DFT to seismic
signals, electrocardiography data, and vibration signals All real-time C programs revised for the TMS320C6713 DSK
Covers DSP principles with emphasis on communications and control applications Chapter objectives, worked examples,
and end-of-chapter exercises aid the reader in grasping key concepts and solving related problems Website with
MATLAB programs for simulation and C programs for real-time DSP
Digital Signal Processing: A Computer-Based Approach is intended for a two-semester course on digital signal
processing for seniors or first-year graduate students. Based on user feedback, a number of new topics have been added
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to the third edition, while some excess topics from the second edition have been removed. The author has taken great
care to organize the chapters more logically by reordering the sections within chapters. More worked-out examples have
also been included. The book contains more than 500 problems and 150 MATLAB exercises. New topics in the third
edition include: short-time characterization of discrete-time signals, expanded coverage of discrete-time Fourier transform
and discrete Fourier transform, prime factor algorithm for DFT computation, sliding DFT, zoom FFT, chirp Fourier
transform, expanded coverage of z-transform, group delay equalization of IIR digital filters, design of computationally
efficient FIR digital filters, semi-symbolic analysis of digital filter structures, spline interpolation, spectral factorization,
discrete wavelet transform.
In three parts, this book contributes to the advancement of engineering education and that serves as a general reference
on digital signal processing. Part I presents the basics of analog and digital signals and systems in the time and
frequency domain. It covers the core topics: convolution, transforms, filters, and random signal analysis. It also treats
important applications including signal detection in noise, radar range estimation for airborne targets, binary
communication systems, channel estimation, banking and financial applications, and audio effects production. Part II
considers selected signal processing systems and techniques. Core topics covered are the Hilbert transformer, binary
signal transmission, phase-locked loops, sigma-delta modulation, noise shaping, quantization, adaptive filters, and nonstationary signal analysis. Part III presents some selected advanced DSP topics.
Combining clear explanations of elementary principles, advanced topics and applications with step-by-step mathematical
derivations, this textbook provides a comprehensive yet accessible introduction to digital signal processing. All the key
topics are covered, including discrete-time Fourier transform, z-transform, discrete Fourier transform and FFT, A/D
conversion, and FIR and IIR filtering algorithms, as well as more advanced topics such as multirate systems, the discrete
cosine transform and spectral signal processing. Over 600 full-color illustrations, 200 fully worked examples, hundreds of
end-of-chapter homework problems and detailed computational examples of DSP algorithms implemented in MATLAB®
and C aid understanding, and help put knowledge into practice. A wealth of supplementary material accompanies the
book online, including interactive programs for instructors, a full set of solutions and MATLAB® laboratory exercises,
making this the ideal text for senior undergraduate and graduate courses on digital signal processing.
New edition of a text intended primarily for the undergraduate courses on the subject which are frequently found in
electrical engineering curricula--but the concepts and techniques it covers are also of fundamental importance in other
engineering disciplines. The book is structured to develop in parallel the methods of analysis for continuous-time and
discrete-time signals and systems, thus allowing exploration of their similarities and differences. Discussion of
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applications is emphasized, and numerous worked examples are included. Annotation copyrighted by Book News, Inc.,
Portland, OR
This book presents recent advances in DSP to simplify, or increase the computational speed of, common signal processing operations. The
topics describe clever DSP tricks of the trade not covered in conventional DSP textbooks. This material is practical, real-world, DSP tips and
tricks as opposed to the traditional highly-specialized, math-intensive, research subjects directed at industry researchers and university
professors. This book goes well beyond the standard DSP fundamentals textbook and presents new, but tried-and-true, clever
implementations of digital filter design, spectrum analysis, signal generation, high-speed function approximation, and various other DSP
functions.
If you understand basic mathematics and know how to program with Python, you’re ready to dive into signal processing. While most
resources start with theory to teach this complex subject, this practical book introduces techniques by showing you how they’re applied in the
real world. In the first chapter alone, you’ll be able to decompose a sound into its harmonics, modify the harmonics, and generate new
sounds. Author Allen Downey explains techniques such as spectral decomposition, filtering, convolution, and the Fast Fourier Transform.
This book also provides exercises and code examples to help you understand the material. You’ll explore: Periodic signals and their
spectrums Harmonic structure of simple waveforms Chirps and other sounds whose spectrum changes over time Noise signals and natural
sources of noise The autocorrelation function for estimating pitch The discrete cosine transform (DCT) for compression The Fast Fourier
Transform for spectral analysis Relating operations in time to filters in the frequency domain Linear time-invariant (LTI) system theory
Amplitude modulation (AM) used in radio Other books in this series include Think Stats and Think Bayes, also by Allen Downey.
Amazon.com’s Top-Selling DSP Book for Seven Straight Years—Now Fully Updated! Understanding Digital Signal Processing, Third Edition,
is quite simply the best resource for engineers and other technical professionals who want to master and apply today’s latest DSP
techniques. Richard G. Lyons has updated and expanded his best-selling second edition to reflect the newest technologies, building on the
exceptionally readable coverage that made it the favorite of DSP professionals worldwide. He has also added hands-on problems to every
chapter, giving students even more of the practical experience they need to succeed. Comprehensive in scope and clear in approach, this
book achieves the perfect balance between theory and practice, keeps math at a tolerable level, and makes DSP exceptionally accessible to
beginners without ever oversimplifying it. Readers can thoroughly grasp the basics and quickly move on to more sophisticated techniques.
This edition adds extensive new coverage of FIR and IIR filter analysis techniques, digital differentiators, integrators, and matched filters.
Lyons has significantly updated and expanded his discussions of multirate processing techniques, which are crucial to modern wireless and
satellite communications. He also presents nearly twice as many DSP Tricks as in the second edition—including techniques even seasoned
DSP professionals may have overlooked. Coverage includes New homework problems that deepen your understanding and help you apply
what you’ve learned Practical, day-to-day DSP implementations and problem-solving throughout Useful new guidance on generalized digital
networks, including discrete differentiators, integrators, and matched filters Clear descriptions of statistical measures of signals, variance
reduction by averaging, and real-world signal-to-noise ratio (SNR) computation A significantly expanded chapter on sample rate conversion
(multirate systems) and associated filtering techniques New guidance on implementing fast convolution, IIR filter scaling, and more Enhanced
coverage of analyzing digital filter behavior and performance for diverse communications and biomedical applications Discrete
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sequences/systems, periodic sampling, DFT, FFT, finite/infinite impulse response filters, quadrature (I/Q) processing, discrete Hilbert
transforms, binary number formats, and much more
Provides a detailed treatment of the concepts and applications of advanced digital signal processing.
The subject of Digital Signal Processing (DSP) is enormously complex, involving many concepts, probabilities, and signal processing that are
woven together in an intricate manner. To cope with this scope and complexity, many DSP texts are often organized around the “numerical
examples” of a communication system. With such organization, readers can see through the complexity of DSP, they learn about the distinct
concepts and protocols in one part of the communication system while seeing the big picture of how all parts fit together. From a pedagogical
perspective, our personal experience has been that such approach indeed works well. Based on the authors’ extensive experience in
teaching and research, Digital Signal Processing: A Breadth-First Approach is written with the reader in mind. The book is intended for a
course on digital signal processing, for seniors and undergraduate students. The subject has high popularity in the field of electrical and
computer engineering, and the authors consider all the needs and tools used in analysis and design of discrete time systems for signal
processing. Key features of the book include: • The extensive use of MATLAB based examples to illustrate how to solve signal processing
problems. The textbook includes a wealth of problems, with solutions • Worked-out examples have been included to explain new and difficult
concepts, which help to expose the reader to real-life signal processing problems • The inclusion of FIR and IIR filter design further enrich the
contents.
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