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Digital Signal Processing Using MATLAB Vinay K. Ingle 2011-01-01 In this supplementary text, 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. Important Notice: Media content
referenced within the product description or the product text may not be available in the ebook version.
Digital Signal Processing John G. Proakis 2013-08-29 A significant revision of a best-selling text for the
introductory digital signal processing course. This book presents the fundamentals of discrete-time
signals, systems, and modern digital processing and applications for students in electrical engineering,
computer engineering, and computer science.The book is suitable for either a one-semester or a twosemester undergraduate level course in discrete systems and digital signal processing. It is also intended
for use in a one-semester first-year graduate-level course in digital signal processing. The full text
downloaded to your computer With eBooks you can: search for key concepts, words and phrases make
highlights and notes as you study share your notes with friends eBooks are downloaded to your
computer and accessible either offline through the Bookshelf (available as a free download), available
online and also via the iPad and Android apps. Upon purchase, you'll gain instant access to this eBook.
Time limit The eBooks products do not have an expiry date. You will continue to access your digital
ebook products whilst you have your Bookshelf installed.
Digital Signal Processing Laboratory Using the ADSP-2101 Microcomputer Vinay K. Ingle 1991 A manual
on the total system development aspects of the ADSP-2101 microcomputer, covering theory and
practice. Lab experiments, outlining the target system description, and management of simulator
environment and navigation, are provided. Projects include FIR and IIR filters.
Digital Signal Processing Jonathan Y. Stein 2000-10-09 Get a working knowledge of digital signal
processing for computer science applications The field of digital signal processing (DSP) is rapidly
exploding, yet most books on the subject do not reflect the real world of algorithm development, coding
for applications, and software engineering. This important new work fills the gap in the field, providing
computer professionals with a comprehensive introduction to those aspects of DSP essential for working
on today's cutting-edge applications in speech compression and recognition and modem design. The
author walks readers through a variety of advanced topics, clearly demonstrating how even such areas
as spectral analysis, adaptive and nonlinear filtering, or communications and speech signal processing
can be made readily accessible through clear presentations and a practical hands-on approach. In a

light, reader-friendly style, Digital Signal Processing: A Computer Science Perspective provides: * A
unified treatment of the theory and practice of DSP at a level sufficient for exploring the contemporary
professional literature * Thorough coverage of the fundamental algorithms and structures needed for
designing and coding DSP applications in a high level language * Detailed explanations of the principles
of digital signal processors that will allow readers to investigate assembly languages of specific
processors * A review of special algorithms used in several important areas of DSP, including speech
compression/recognition and digital communications * More than 200 illustrations as well as an appendix
containing the essential mathematical background
Digital Communications John G. Proakis 2008-01 Digital Communications is a classic book in the area
that is designed to be used as a senior or graduate level text. The text is flexible and can easily be used
in a one semester course or there is enough depth to cover two semesters. Its comprehensive nature
makes it a great book for students to keep for reference in their professional careers. This all-inclusive
guide delivers an outstanding introduction to the analysis and design of digital communication systems.
Includes expert coverage of new topics: Turbocodes, Turboequalization, Antenna Arrays, Digital Cellular
Systems, and Iterative Detection. Convenient, sequential organization begins with a look at the history
and classification of channel models and builds from there.
Digital Communications John G. Proakis 1989-01-01 Revised to reflect all the current trends in the digital
communications field, this all-inclusive guide delivers an outstanding introduction to the analysis and
design of digital communication systems. Includes expert coverage of new topics: Turbocodes,
Turboequalization, Antenna Arrays, Digital Cellular Systems, and Iterative Detection. Convenient,
sequential organization begins with a look at the historyo and classification of channel models and builds
from there.
Introduction to Digital Signal Processing John G. Proakis 1988-01-01
Numerical Computation 1 Christoph W. Ueberhuber 2012-12-06 This book deals with various aspects of
scientific numerical computing. No at tempt was made to be complete or encyclopedic. The successful
solution of a numerical problem has many facets and consequently involves different fields of computer
science. Computer numerics- as opposed to computer algebra- is thus based on applied mathematics,
numerical analysis and numerical computation as well as on certain areas of computer science such as
computer architecture and operating systems. Applied Mathemalies I I I Numerical Analysis Analysis,
Algebra I I Numerical Computation Symbolic Computation I Operating Systems Computer Hardware
Each chapter begins with sample situations taken from specific fields of appli cation. Abstract and
general formulations of mathematical problems are then presented. Following this abstract level, a
general discussion about principles and methods for the numerical solution of mathematical problems is
presented. Relevant algorithms are developed and their efficiency and the accuracy of their results is
assessed. It is then explained as to how they can be obtained in the form of numerical software. The
reader is presented with various ways of applying the general methods and principles to particular
classes of problems and approaches to extracting practically useful solutions with appropriately chosen
numerical software are developed. Potential difficulties and obstacles are examined, and ways of
avoiding them are discussed. The volume and diversity of all the available numerical software is
tremendous.
An Introduction to Digital Signal Processing Stanley Mneney 2009-01-10 Mneney's text focuses on basic
concepts of digital signal processing, MATLAB simulation, and implementation on selected DSP
hardware.
Digital Signal Processing Emmanuel C. Ifeachor 1999
Discrete-Time Processing of Speech Signals John R. Deller, Jr. 2000 Commercial applications of speech
processing and recognition are fast becoming a growth industry that will shape the next decade. Now
students and practicing engineers of signal processing can find in a single volume the fundamentals
essential to understanding this rapidly developing field. IEEE Press is pleased to publish a classic reissue
of Discrete-Time Processing of Speech Signals. Specially featured in this reissue is the addition of
valuable World Wide Web links to the latest speech data references. This landmark book offers a
balanced discussion of both the mathematical theory of digital speech signal processing and critical
contemporary applications. The authors provide a comprehensive view of all major modern speech
processing areas: speech production physiology and modeling, signal analysis techniques, coding,
enhancement, quality assessment, and recognition. You will learn the principles needed to understand
advanced technologies in speech processing -- from speech coding for communications systems to

biomedical applications of speech analysis and recognition. Ideal for self-study or as a course text, this
far-reaching reference book offers an extensive historical context for concepts under discussion, end-ofchapter problems, and practical algorithms. Discrete-Time Processing of Speech Signals is the definitive
resource for students, engineers, and scientists in the speech processing field. An Instructor's Manual
presenting detailed solutions to all the problems in the book is available upon request from the Wiley
Makerting Department.
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.
Real-time Digital Signal Processing Sen-Maw Kuo 2003
Digital Signal Processing John G. Proakis 2013-07-23 A significant revision of a best-selling text for the
introductory digital signal processing course. This book presents the fundamentals of discrete-time
signals, systems, and modern digital processing and applications for students in electrical engineering,
computer engineering, and computer science.The book is suitable for either a one-semester or a twosemester undergraduate level course in discrete systems and digital signal processing. It is also intended
for use in a one-semester first-year graduate-level course in digital signal processing.
Digital Signal Processing: Principles, Algorithms, And Applications, 4/E John G. Proakis 2007-09 "A
significant revision of a best-selling text for the introductory digital signal processing course. This book
presents the fundamentals of discrete-time signals, systems, and modern digital processing and
applications for students in electrical engineering, computer engineering, and computer science.The book
is suitable for either a one-semester or a two-semester undergraduate level course in discrete systems
and digital signal processing. It is also intended for use in a one-semester first-year graduate-level course
in digital signal processing." --Descripción del editor.
Digital Signal Processing John G. Proakis 1992
Introduction to Digital Signal Processing John G. Proakis 1989
Algorithms for Statistical Signal Processing John G. Proakis 2002 Keeping pace with the expanding, ever
more complex applications of DSP, this authoritative presentation of computational algorithms for
statistical signal processing focuses on advanced topics ignored by other books on the subject.
Algorithms for Convolution and DFT. Linear Prediction and Optimum Linear Filters. Least-Squares
Methods for System Modeling and Filter Design. Adaptive Filters. Recursive Least-Squares Algorithms
for Array Signal Processing. QRD-Based Fast Adaptive Filter Algorithms. Power Spectrum Estimation.
Signal Analysis with Higher-Order Spectra. For Electrical Engineers, Computer Engineers, Computer
Scientists, and Applied Mathematicians.
Digital Signal Processing Using MATLAB Vinay K. Ingle 2007 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 John G. Proakis 2022
Digital Signal Processing Thomas Holton 2021-02-18 A comprehensive and mathematically accessible
introduction to digital signal processing, covering theory, advanced topics, and applications.
Introduction to Digital Signal Processing Vinay K. Ingle 2000-09 This text provides a basic understanding
of digital signal processing concepts and techniques. It begins with the characterization of discrete-time
signals and systems in the time and frequency domains augmented by MATLAB functions. It then covers
Fourier analysis based on digital techniques.
DIGITAL SIGNAL PROCESSING: PRINCIPLES ALGORITHMS AND APPLICATIONS John G. Proakis
2001
Student Manual for Digital Signal Processing with MATLAB John G. Proakis 2007
Applied Digital Signal Processing Dimitris G. Manolakis 2011-11-21 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 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.
Essentials of Digital Signal Processing Using MATLAB Vinay K. Ingle 2011-03 In this supplementary text,
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.
Digital Signal Processing Primer Kenneth Steiglitz 2020-11-18 Informal, easy-to-understand introduction
covers phasors and tuning forks, wave equation, sampling and quantizing, feedforward and feedback
filters, comb and string filters, periodic sounds, transform methods, and filter design. 1996 edition.
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 bestselling 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
A DSP Primer Kenneth Steiglitz 1996 This new book by Ken Steigliz offers an informal and easy-tounderstand introduction to digital signal processing, emphasizing digital audio and applications to
computer music. A DSP Primer covers important topics such as phasors and tuning forks; the wave
equation; sampling and quantizing; feedforward and feedback filters; comb and string filters; periodic
sounds; transform methods; and filter design. Steiglitz uses an intuitive and qualitative approach to
develop the mathematics critical to understanding DSP. A DSP Primer is written for a broad audience
including: Students of DSP in Engineering and Computer Science courses. Composers of computer
music and those who work with digital sound. WWW and Internet developers who work with multimedia.
General readers interested in science that want an introduction to DSP. Features: Offers a simple and

uncluttered step-by-step approach to DSP for first-time users, especially beginners in computer music.
Designed to provide a working knowledge and understanding of frequency domain methods, including
FFT and digital filtering. Contains thought-provoking questions and suggested experiments that help the
reader to understand and apply DSP theory and techniques.
Modern Communication Systems Using MATLAB Gerhard Bauch 2011-12 Featuring a variety of
applications that motivate students, this book serves as a companion or supplement to any of the
comprehensive textbooks in communication systems. The book provides a variety of exercises that may
be solved on the computer using MATLAB. By design, the treatment of the various topics is brief. The
authors provide the motivation and a short introduction to each topic, establish the necessary notation,
and then illustrate the basic concepts by means of an example.
DSP for MATLABTM and LabVIEWTM III Forester Isen 2022-06-01 This book is Volume III of the series
DSP for MATLABTM and LabVIEWTM. Volume III covers digital filter design, including the specific topics
of FIR design via windowed-ideal-lowpass filter, FIR highpass, bandpass, and bandstop filter design from
windowed-ideal lowpass filters, FIR design using the transition-band-optimized Frequency Sampling
technique (implemented by Inverse-DFT or Cosine/Sine Summation Formulas), design of equiripple FIRs
of all standard types including Hilbert Transformers and Differentiators via the Remez Exchange
Algorithm, design of Butterworth, Chebyshev (Types I and II), and Elliptic analog prototype lowpass
filters, conversion of analog lowpass prototype filters to highpass, bandpass, and bandstop filters, and
conversion of analog filters to digital filters using the Impulse Invariance and Bilinear Transform
techniques. Certain filter topologies specific to FIRs are also discussed, as are two simple FIR types, the
Comb and Moving Average filters. The entire series consists of four volumes that collectively cover basic
digital signal processing in a practical and accessible manner, but which nonetheless include all essential
foundation mathematics. As the series title implies, the scripts (of which there are more than 200)
described in the text and supplied in code form here will run on both MATLABTM and LabVIEWTM. The
text for all volumes contains many examples, and many useful computational scripts, augmented by
demonstration scripts and LabVIEWTM Virtual Instruments (VIs) that can be run to illustrate various
signal processing concepts graphically on the user's computer screen. Volume I consists of four chapters
that collectively set forth a brief overview of the field of digital signal processing, useful signals and
concepts (including convolution, recursion, difference equations, LTI systems, etc), conversion from the
continuous to discrete domain and back (i.e., analog-to-digital and digital-to-analog conversion), aliasing,
the Nyquist rate, normalized frequency, sample rate conversion and Mu-law compression, and signal
processing principles including correlation, the correlation sequence, the Real DFT, correlation by
convolution, matched filtering, simple FIR filters, and simple IIR filters. Chapter four of Volume I, in
particular, provides an intuitive or ""first principle"" understanding of how digital filtering and frequency
transforms work. Volume II provides detailed coverage of discrete frequency transforms, including a brief
overview of common frequency transforms, both discrete and continuous, followed by detailed treatments
of the Discrete Time Fourier Transform (DTFT), the z-Transform (including definition and properties, the
inverse z-transform, frequency response via z-transform, and alternate filter realization topologies
including Direct Form, Direct Form Transposed, Cascade Form, Parallel Form, and Lattice Form), and
the Discrete Fourier Transform (DFT) (including Discrete Fourier Series, the DFT-IDFT pair, DFT of
common signals, bin width, sampling duration, and sample rate, the FFT, the Goertzel Algorithm, Linear,
Periodic, and Circular convolution, DFT Leakage, and computation of the Inverse DFT). Volume IV, the
culmination of the series, is an introductory treatment of LMS Adaptive Filtering and applications, and
covers cost functions, performance surfaces, coefficient perturbation to estimate the gradient, the LMS
algorithm, response of the LMS algorithm to narrow-band signals, and various topologies such as ANC
(Active Noise Cancelling) or system modeling, Periodic Signal Removal/Prediction/Adaptive Line
Enhancement (ALE), Interference Cancellation, Echo Cancellation (with single- and dual-H topologies),
and Inverse Filtering/Deconvolution/Equalization. Table of Contents: Principles
DSP for MATLABTM and LabVIEWTM II Forester Isen 2022-06-01 This book is Volume II of the series
DSP for MATLABTM and LabVIEWTM. This volume provides detailed coverage of discrete frequency
transforms, including a brief overview of common frequency transforms, both discrete and continuous,
followed by detailed treatments of the Discrete Time Fourier Transform (DTFT), the z -Transform
(including definition and properties, the inverse z -transform, frequency response via z-transform, and
alternate filter realization topologies (including Direct Form, Direct Form Transposed, Cascade Form,
Parallel Form, and Lattice Form), and the Discrete Fourier Transform (DFT) (including Discrete Fourier

Series, the DFT-IDFT pair, DFT of common signals, bin width, sampling duration and sample rate, the
FFT, the Goertzel Algorithm, Linear, Periodic, and Circular convolution, DFT Leakage, and computation
of the Inverse DFT). The entire series consists of four volumes that collectively cover basic digital signal
processing in a practical and accessible manner, but which nonetheless include all essential foundation
mathematics. As the series title implies, the scripts (of which there are more than 200) described in the
text and supplied in code form here will run on both MATLABTM and LabVIEWTM. The text for all
volumes contains many examples, and many useful computational scripts, augmented by demonstration
scripts and LabVIEWTM Virtual Instruments (VIs) that can be run to illustrate various signal processing
concepts graphically on the user's computer. Volume I consists of four chapters that collectively set forth
a brief overview of the field of digital signal processing, useful signals and concepts (including
convolution, recursion, difference equations, LTI systems, etc), conversion from the continuous to
discrete domain and back (i.e., analog-to-digital and digital-to-analog conversion), aliasing, the Nyquist
rate, normalized frequency, sample rate conversion and Mu-law compression, and signal processing
principles including correlation, the correlation sequence, the Real DFT, correlation by convolution,
matched filtering, simple FIR filters, and simple IIR filters. Chapter 4 of Volume I, in particular, provides
an intuitive or ""first principle"" understanding of how digital filtering and frequency transforms work,
preparing the reader for the present volume (Volume II). Volume III of the series covers digital filter
design (FIR design using Windowing, Frequency Sampling, and Optimum Equiripple techniques, and
Classical IIR design) and Volume IV, the culmination of the series, is an introductory treatment of LMS
Adaptive Filtering and applications. Table of Contents: The Discrete Time Fourier Transform / The zTransform / The DFT
eBook Instant Access for Fundamentals of Communication Systems, Global Edition John G. Proakis
2015-02-27 The full text downloaded to your computer With eBooks you can: search for key concepts,
words and phrases make highlights and notes as you study share your notes with friends eBooks are
downloaded to your computer and accessible either offline through the Bookshelf (available as a free
download), available online and also via the iPad and Android apps. Upon purchase, you'll gain instant
access to this eBook. Time limit The eBooks products do not have an expiry date. You will continue to
access your digital ebook products whilst you have your Bookshelf installed. For one- or two-semester,
senior-level undergraduate courses in Communication Systems for Electrical and Computer Engineering
majors. This text introduces the basic techniques used in modern communication systems and provides
fundamental tools and methodologies used in the analysis and design of these systems. The authors
emphasise digital communication systems, including new generations of wireless communication
systems, satellite communications, and data transmission networks. A background in calculus, linear
algebra, basic electronic circuits, linear system theory, and probability and random variables is assumed.
Contemporary Communication Systems Using MATLAB John G. Proakis 2012-07-19 Featuring a variety
of applications that motivate students, this book serves as a companion or supplement to any of the
comprehensive textbooks in communication systems. The book provides a variety of exercises that may
be solved on the computer using MATLAB. By design, the treatment of the various topics is brief. The
authors provide the motivation and a short introduction to each topic, establish the necessary notation,
and then illustrate the basic concepts by means of an example. Important Notice: Media content
referenced within the product description or the product text may not be available in the ebook version.
Fundamentals of Communication Systems John G. Proakis 2014 For one- or two-semester, senior-level
undergraduate courses in Communication Systems for Electrical and Computer Engineering majors. This
text introduces the basic techniques used in modern communication systems and provides fundamental
tools and methodologies used in the analysis and design of these systems. The authors emphasize
digital communication systems, including new generations of wireless communication systems, satellite
communications, and data transmission networks. A background in calculus, linear algebra, basic
electronic circuits, linear system theory, and probability and random variables is assumed.
Digital Signal Processing Using MATLAB Vinay K. Ingle 2011-01-01 In this supplementary text, 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. Important Notice: Media content

referenced within the product description or the product text may not be available in the ebook version.
Advanced Digital Signal Processing John G. Proakis 1992-01-01
Digital Signal Processing Using MATLAB: A Problem Solving Companion Vinay K. Ingle 2016-01-01
Learn to use MATLAB as a useful computing tool for exploring traditional Digital Signal Processing (DSP)
topics and solving problems to gain insight. DIGITAL SIGNAL PROCESSING USING MATLAB: A
PROBLEM SOLVING COMPANION, 4E greatly expands the range and complexity of problems that
learners can effectively study. Since DSP applications are primarily algorithms implemented on a DSP
processor or software, they typically require a significant amount of programming. Using interactive
software, such as MATLAB, enables readers to focus on mastering new and challenging concepts rather
than concentrating on programming algorithms. This edition discusses interesting, practical examples
and explores useful problems to provide the groundwork for further study. Important Notice: Media
content referenced within the product description or the product text may not be available in the ebook
version.
Contemporary Communication Systems Using MATLAB John G. Proakis 2012-07-19 Featuring a variety
of applications that motivate students, this book serves as a companion or supplement to any of the
comprehensive textbooks in communication systems. The book provides a variety of exercises that may
be solved on the computer using MATLAB. By design, the treatment of the various topics is brief. The
authors provide the motivation and a short introduction to each topic, establish the necessary notation,
and then illustrate the basic concepts by means of an example. Important Notice: Media content
referenced within the product description or the product text may not be available in the ebook version.
Digital Signal Processing Principles Algorithms And Applications John G. Proakis 1996
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