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Digital Signal Processing Lizhe Tan 2013-01-21 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 multi-rate 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
Multirate Filtering for Digital Signal Processing: MATLAB Applications Milic, Ljiljana 2009-01-31 "This book covers basic
and the advanced approaches in the design and implementation of multirate filtering"--Provided by publisher.
Audio Signal Processing and Coding Andreas Spanias 2006-09-11 An in-depth treatment of algorithms and standards for
perceptual coding of high-fidelity audio, this self-contained reference surveys and addresses all aspects of the field.
Coverage includes signal processing and perceptual (psychoacoustic) fundamentals, details on relevant research and
signal models, details on standardization and applications, and details on performance measures and perceptual
measurement systems. It includes a comprehensive bibliography with over 600 references, computer exercises, and
MATLAB-based projects for use in EE multimedia, computer science, and DSP courses. An ftp site containing
supplementary material such as wave files, MATLAB programs and workspaces for the students to solve some of the
numerical problems and computer exercises in the book can be found at
ftp://ftp.wiley.com/public/sci_tech_med/audio_signal
Introduction to Digital Speech Processing Lawrence R. Rabiner 2007 Introduction to Digital Speech Processing highlights
the central role of DSP techniques in modern speech communication research and applications. It presents a
comprehensive overview of digital speech processing that ranges from the basic nature of the speech signal, through a
variety of methods of representing speech in digital form, to applications in voice communication and automatic synthesis
and recognition of speech. Introduction to Digital Speech Processing provides the reader with a practical introduction to
the wide range of important concepts that comprise the field of digital speech processing. It serves as an invaluable
reference for students embarking on speech research as well as the experienced researcher already working in the field,
who can utilize the book as a reference guide.
Digital Signal Processing with Field Programmable Gate Arrays Uwe Meyer-Baese 2013-03-09 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 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.
Digital Signal Processing Handbook on CD-ROM VIJAY MADISETTI 1999-02-26 A best-seller in its print version, this
comprehensive CD-ROM reference contains unique, fully searchable coverage of all major topics in digital signal
processing (DSP), establishing an invaluable, time-saving resource for the engineering community. Its unique and broad

scope includes contributions from all DSP specialties, including: telecommunications, computer engineering, acoustics,
seismic data analysis, DSP software and hardware, image and video processing, remote sensing, multimedia
applications, medical technology, radar and sonar applications
Advanced Digital Signal Processing PROAKIS 2002-02 This textbook and reference for graduate level courses in digital
signal processing can be used in a variety of courses. It includes details about deterministic signal processing, algorithms
for convolution and DFT, multirate DSP, digital filter banks, wavelets and multiresolution analysis.
Multirate Digital Signal Processing Ronald E. Crochiere 1983 Intended for a one-semester advanced graduate course in
digital signal processing or as a reference for practicing engineers and researchers.
Statistical and Adaptive Signal Processing Dimitris G. Manolakis 2005 This authoritative volume on statistical and
adaptive signal processing offers you a unified, comprehensive and practical treatment of spectral estimation, signal
modeling, adaptive filtering, and array processing. Packed with over 3,000 equations and more than 300 illustrations, this
unique resource provides you with balanced coverage of implementation issues, applications, and theory, making it a
smart choice for professional engineers and students alike.
Introduction to Sound Processing Davide Rocchesso 2003
Foundations of Signal Processing Martin Vetterli 2014-09-04 This comprehensive and engaging textbook introduces the
basic principles and techniques of signal processing, from the fundamental ideas of signals and systems theory to realworld 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.
Introduction to Digital Signal Processing and Filter Design B. A. Shenoi 2005-11-07 A practical and accessible guide to
understanding digital signal processing Introduction 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 stepby-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 book features: * Discrete-time signals and
systems * Linear difference equations * Solutions by recursive algorithms * Convolution * Time and frequency domain
analysis * Discrete Fourier series * Design of FIR and IIR filters * Practical methods for hardware implementation A
unique feature of this book is a complete chapter on the use of a MATLAB(r) tool, known as the FDA (Filter Design and
Analysis) tool, to investigate the effect of finite word length and different formats of quantization, different realization
structures, and different methods for filter design. This chapter contains material of practical importance that is not found
in many books used in academic courses. It introduces students in digital signal processing to what they need to know to
design digital systems using DSP chips currently available from industry. With its unique, classroom-tested approach,
Introduction to Digital Signal Processing and Filter Design is the ideal text for students in electrical and electronic
engineering, computer science, and applied mathematics, and an accessible introduction or refresher for engineers and
scientists in the field.
Books in Print 1991
Essentials of Digital Signal Processing B. P. Lathi 2014-04-28 This textbook offers a fresh approach to digital signal
processing (DSP) that combines heuristic reasoning and physical appreciation with sound mathematical methods to
illuminate DSP concepts and practices. It uses metaphors, analogies and creative explanations, along with examples and
exercises to provide deep and intuitive insights into DSP concepts. Practical DSP requires hybrid systems including both
discrete- and continuous-time components. This book follows a holistic approach and presents discrete-time processing
as a seamless continuation of continuous-time signals and systems, beginning with a review of continuous-time signals
and systems, frequency response, and filtering. The synergistic combination of continuous-time and discrete-time
perspectives leads to a deeper appreciation and understanding of DSP concepts and practices. • For upper-level
undergraduates • Illustrates concepts with 500 high-quality figures, more than 170 fully worked examples, and hundreds
of end-of-chapter problems, more than 150 drill exercises, including complete and detailed solutions • Seamlessly
integrates MATLAB throughout the text to enhance learning
Discrete Random Signals and Statistical Signal Processing Charles W. Therrien 1992-01
Fundamentals of Statistical Signal Processing Steven M. Kay 2013 "For those involved in the design and implementation
of signal processing algorithms, this book strikes a balance between highly theoretical expositions and the more practical
treatments, covering only those approaches necessary for obtaining an optimal estimator and analyzing its performance.
Author Steven M. Kay discusses classical estimation followed by Bayesian estimation, and illustrates the theory with
numerous pedagogical and real-world examples."--Cover, volume 1.
Handbook of Digital Signal Processing Douglas F. Elliott 2013-10-22 FROM THE PREFACE: Many new useful ideas are
presented in this handbook, including new finite impulse response (FIR) filter design techniques, half-band and
multiplierless FIR filters, interpolated FIR (IFIR) structures, and error spectrum shaping.
Discrete-Time Signal Processing Alan V. Oppenheim 1999
Multirate Systems And Filter Banks P. P. Vaidyanathan 2006
Signal Processing for Communications Paolo Prandoni 2008-06-17 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 endto-end communication system, namely, a modem for communicating digital information over an analog channel.
Digital Filters Andreas Antoniou 1993 This final year/postgraduate text for courses in digital filters or digital signal
processing deals with the construction of algorithms that filter data into useful information. It starts with the basics and
goes on to cover advanced topics such as recursive and non-recursive filters (including optimization techniques), wave
digital filters and DFTs. A new chapter on the application of digital signal processing offers up-to-date techniques and
there are new problems and examples throughout. A solutions manual is available (0-07-002122-8).
Dissertation Abstracts International 2001
Proceedings of the 8th International Conference on VLSI Design, January 4-7, 1995, New Delhi, India 1995
Multirate Systems: Design and Applications Jovanovic-Dolecek, Gordana 2001-07-01 Digital signal processing is an area
of science and engineering that has been developed rapidly over the past years. This rapid development is the result of
the significant advances in digital computer technology and integrated circuits fabrication. Many of the signal processing
tasks conventionally performed by analog means are realized today by less expensive and often more reliable digital
hardware. Multirate Systems: Design and Applications addresses the rapid development of multirate digital signal
processing and how it is complemented by the emergence of new applications.
Applications of Digital Signal Processing to Audio and Acoustics Mark Kahrs 1998-03-31 With the advent of `multimedia',
digital signal processing (DSP) of sound has emerged from the shadow of bandwidth limited speech processing to
become a research field of its own. To date, most research in DSP applied to sound has been concentrated on speech,
which is bandwidth limited to about 4 kilohertz. Speech processing is also limited by the low fidelity typically expected in
the telephone network. Today, the main applications of audio DSP are high quality audio coding and the digital
generation and manipulation of music signals. They share common research topics including perceptual measurement
techniques and analysis/synthesis methods. Additional important topics are hearing aids using signal processing
technology and hardware architectures for digital signal processing of audio. In all these areas the last decade has seen
a significant amount of application-oriented research. The frequency range of wideband audio has an upper limit of 20
kilohertz and the resulting difference in frequency range and Signal to Noise Ratio (SNR) due to sample size must be
taken into account when designing DSP algorithms. There are whole classes of algorithms that the speech community is
not interested in pursuing or using. These algorithms and techniques are revealed in this book. This book is suitable for
advanced level courses and serves as a valuable reference for researchers in the field. Interested and informed
engineers will also find the book useful in their work.
Speech Coding Algorithms Wai C. Chu 2004-03-04 Speech coding is a highly mature branch of signal processing
deployed in products such as cellular phones, communication devices, and more recently, voice over internet protocol
This book collects many of the techniques used in speech coding and presents them in an accessible fashion
Emphasizes the foundation and evolution of standardized speech coders, covering standards from 1984 to the present
The theory behind the applications is thoroughly analyzed and proved
EEG Signal Processing Saeid Sanei 2013-05-28 Electroencephalograms (EEGs) are becoming increasingly important
measurements of brain activity and they have great potential for the diagnosis and treatment of mental and brain
diseases and abnormalities. With appropriate interpretation methods they are emerging as a key methodology to satisfy
the increasing global demand for more affordable and effective clinical and healthcare services. Developing and
understanding advanced signal processing techniques for the analysis of EEG signals is crucial in the area of biomedical
research. This book focuses on these techniques, providing expansive coverage of algorithms and tools from the field of
digital signal processing. It discusses their applications to medical data, using graphs and topographic images to show
simulation results that assess the efficacy of the methods. Additionally, expect to find: explanations of the significance of
EEG signal analysis and processing (with examples) and a useful theoretical and mathematical background for the
analysis and processing of EEG signals; an exploration of normal and abnormal EEGs, neurological symptoms and
diagnostic information, and representations of the EEGs; reviews of theoretical approaches in EEG modelling, such as
restoration, enhancement, segmentation, and the removal of different internal and external artefacts from the EEG and
ERP (event-related potential) signals; coverage of major abnormalities such as seizure, and mental illnesses such as
dementia, schizophrenia, and Alzheimer’s disease, together with their mathematical interpretations from the EEG and
ERP signals and sleep phenomenon; descriptions of nonlinear and adaptive digital signal processing techniques for
abnormality detection, source localization and brain-computer interfacing using multi-channel EEG data with emphasis on
non-invasive techniques, together with future topics for research in the area of EEG signal processing. The information
within EEG Signal Processing has the potential to enhance the clinically-related information within EEG signals, thereby
aiding physicians and ultimately providing more cost effective, efficient diagnostic tools. It will be beneficial to
psychiatrists, neurophysiologists, engineers, and students or researchers in neurosciences. Undergraduate and
postgraduate biomedical engineering students and postgraduate epileptology students will also find it a helpful reference.
Introduction to Digital Audio Coding and Standards Marina Bosi 2012-12-06 Introduction to Digital Audio Coding and
Standards provides a detailed introduction to the methods, implementations, and official standards of state-of-the-art
audio coding technology. In the book, the theory and implementation of each of the basic coder building blocks is
addressed. The building blocks are then fit together into a full coder and the reader is shown how to judge the
performance of such a coder. Finally, the authors discuss the features, choices, and performance of the main state-of-theart coders defined in the ISO/IEC MPEG and HDTV standards and in commercial use today. The ultimate goal of this

book is to present the reader with a solid enough understanding of the major issues in the theory and implementation of
perceptual audio coders that they are able to build their own simple audio codec. There is no other source available
where a non-professional has access to the true secrets of audio coding.
VLSI DIGITAL SIGNAL PROCESSING SYSTEMS: DESIGN AND IMPLEMENTATION Keshab K. Parhi 2007-01-01
Market_Desc: · Students in graduate level courses· Electrical Engineers· Computer Scientists· Computer Architecture
Designers· Circuit Designers· Algorithm Designers· System Designers· Computer Programmers in the Multimedia and
Wireless Communications Industries· VLSI System Designers Special Features: This example-packed resource provides
invaluable professional training for a rapidly-expanding industry. · Presents a variety of approaches to analysis,
estimation, and reduction of power consumption in order to help designers extend battery life.· Includes application-driven
problems at the end of each chapter· Features six appendices covering shortest path algorithms used in retiming,
scheduling, and allocation techniques, as well as determining the iteration bound· The Author is a recognized expert in
the field, having written several books, taught several graduate-level classes, and served on several IEEE boards About
The Book: This book complements the other Digital Signaling Processing books in our list, which include an introductory
treatment (Marven), a comprehensive handbook (Mitra), a professional reference (Kaloupsidis), and others which pertain
to a specific topic such as noise control. This graduate level textbook will fill an important niche in a rapidly expanding
market.
Adaptive Signal Processing Tülay Adali 2010-06-25 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 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, nonstationarity, and non-linearity Features self-contained chapters, numerous examples to clarify concepts, and end-ofchapter 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 in Power Electronics Control Circuits Krzysztof Soza?ski 2013-07-03 Many digital control
circuits in current literature are described using analog transmittance. This may not always be acceptable, especially if
the sampling frequency and power transistor switching frequencies are close to the band of interest. Therefore, a digital
circuit is considered as a digital controller rather than an analog circuit. This helps to avoid errors and instability in high
frequency components. Digital Signal Processing in Power Electronics Control Circuits covers problems concerning the
design and realization of digital control algorithms for power electronics circuits using digital signal processing (DSP)
methods. This book bridges the gap between power electronics and DSP. The following realizations of digital control
circuits are considered: digital signal processors, microprocessors, microcontrollers, programmable digital circuits.
Discussed in this book is signal processing, starting from analog signal acquisition, through its conversion to digital form,
methods of its filtration and separation, and ending with pulse control of output power transistors. The book is focused on
two applications for the considered methods of digital signal processing: an active power filter and a digital class D power
amplifier. The major benefit to readers is the acquisition of specific knowledge concerning discussions on the processing
of signals from voltage or current sensors using a digital signal processor and to the signals controlling the output inverter
transistors. Included are some Matlab examples for illustration of the considered problems.
Proceedings, ... International Symposium on VLSI Design 1995
A Signal Processing Perspective of Financial Engineering Yiyong Feng 2016-08-09 A Signal Processing Perspective of
Financial Engineering provides straightforward and systematic access to financial engineering for researchers in signal
processing and communications
Wavelets and Subband Coding Jelena Kovacevic 1995 A central goal of signal processing is to describe real-time
signals, be it for computation, compression, or understanding. This book presents a unified view of wavelets and subband
coding with a signal processing perspective. Covers the discrete-time case, or filter banks; development of wavelets;
continuous wavelet and local Fourier transforms; efficient algorithms for filter banks and wavelet computations; and signal
compression. *provides broad coverage of theory and applications and a different perspective based on signal
processing. *gives framework for applications in speech, audio, image and video compression as used in multimedia.
*includes sufficient background material so that people without signal processing knowledge will find it useful.
Proceedings of the ... International Symposium on Hardware/Software Codesign 2001
Verilog Digital System Design Zainalabedin Navabi 2005-10-24 This rigorous text shows electronics designers and
students how to deploy Verilog in sophisticated digital systems design.The Second Edition is completely updated -- along
with the many worked examples -- for Verilog 2001, new synthesis standards and coverage of the new OVI verification
library.
Understanding Digital Signal Processing Richard G. Lyons 2010-11-01 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 sequences/systems, periodic sampling, DFT, FFT, finite/infinite
impulse response filters, quadrature (I/Q) processing, discrete Hilbert transforms, binary number formats, and much more
Implementing Software Defined Radio Eugene Grayver 2012-07-20 Software Defined Radio makes wireless
communications easier, more efficient, and more reliable. This book bridges the gap between academic research and
practical implementation. When beginning a project, practicing engineers, technical managers, and graduate students
can save countless hours by considering the concepts presented in these pages. The author covers the myriad options
and trade-offs available when selecting an appropriate hardware architecture. As demonstrated here, the choice between
hardware- and software-centric architecture can mean the difference between meeting an aggressive schedule and
bogging down in endless design iterations. Because of the author’s experience overseeing dozens of failed and
successful developments, he is able to present many real-life examples. Some of the key concepts covered are:
Choosing the right architecture for the market – laboratory, military, or commercial, Hardware platforms – FPGAs, GPPs,
specialized and hybrid devices, Standardization efforts to ensure interoperability and portabilitym State-of-the-art
components for radio frequency, mixed-signal, and baseband processing. The text requires only minimal knowledge of
wireless communications; whenever possible, qualitative arguments are used instead of equations. An appendix provides
a quick overview of wireless communications and introduces most of the concepts the readers will need to take
advantage of the material. An essential introduction to SDR, this book is sure to be an invaluable addition to any technical
bookshelf.
The Theory of Linear Prediction P. P. Vaidyanathan 2008 Linear prediction theory has had a profound impact in the field
of digital signal processing. Although the theory dates back to the early 1940s, its influence can still be seen in
applications today. The theory is based on very elegant mathematics and leads to many beautiful insights into statistical
signal processing. Although prediction is only a part of the more general topics of linear estimation, filtering, and
smoothing, this book focuses on linear prediction. This has enabled detailed discussion of a number of issues that are
normally not found in texts. For example, the theory of vector linear prediction is explained in considerable detail and so is
the theory of line spectral processes. This focus and its small size make the book different from many excellent texts
which cover the topic, including a few that are actually dedicated to linear prediction. There are several examples and
computer-based demonstrations of the theory. Applications are mentioned wherever appropriate, but the focus is not on
the detailed development of these applications. The writing style is meant to be suitable for self-study as well as for
classroom use at the senior and first-year graduate levels. The text is self-contained for readers with introductory
exposure to signal processing, random processes, and the theory of matrices, and a historical perspective and detailed
outline are given in the first chapter.Table of Contents: Introduction / The Optimal Linear Prediction Problem / Levinson's
Recursion / Lattice Structures for Linear Prediction / Autoregressive Modeling / Prediction Error Bound and Spectral
Flatness / Line Spectral Processes / Linear Prediction Theory for Vector Processes / Appendix A: Linear Estimation of
Random Variables / B: Proof of a Property of Autocorrelations / C: Stability of the Inverse Filter / Recursion Satisfied by
AR Autocorrelations
Introduction to Digital Signal Processing Using MATLAB with Application to Digital Communications K.S. Thyagarajan
2018-05-28 This textbook provides engineering students with instruction on processing signals encountered in speech,
music, and wireless communications using software or hardware by employing basic mathematical methods. The book
starts with an overview of signal processing, introducing readers to the field. It goes on to give instruction in converting
continuous time signals into digital signals and discusses various methods to process the digital signals, such as filtering.
The author uses MATLAB throughout as a user-friendly software tool to perform various digital signal processing
algorithms and to simulate real-time systems. Readers learn how to convert analog signals into digital signals; how to
process these signals using software or hardware; and how to write algorithms to perform useful operations on the
acquired signals such as filtering, detecting digitally modulated signals, correcting channel distortions, etc. Students are
also shown how to convert MATLAB codes into firmware codes. Further, students will be able to apply the basic digital
signal processing techniques in their workplace. The book is based on the author's popular online course at University of

California, San Diego.
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