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Preface

The Handbook series published by CRC Press represents a truly unigue approach to disseminating
technical imformation. Starting with the first edition of The Elecivion] Engreering Handbook edited
by Richard Dorfl and poblished in 1993, this series is dedicated o the idea that & reader should e
able 1o pull one of these handbooks off the shell and at least 80% of the time find what they need to
know about a subject anea. As handbooks, these books ane also different in that they are more than
just a dry listing of facts and data, filled mostly with tables. In fact, a hallmark of these handbooks
is that the articles or chapters are designed 10 be relatively short, written as tutorials or overviews,
so that once the reader locares the broader 1opic, 115 easy to find an answer 1o 3 specific question.

At the inception of this project, | prepaned an outline containing the main headings and chapter
titles, about 135 chapters. With the counsel of the Advisory Board, this first 1able of contents was
refined and I began to seek authors, My approach here was fairly simple—ask the best people 1
know. I then had the apportumity to talk 1o these very active people absout their ficld, Sometimes as
we spoke, prospective authors would indicate that a particular chapter togic or two included in the
original outline could be eliminated or combined with another, or was being superceded by Later
developments. In response, the contents were modified accordingly,

Of course, the authors are the key to echieving the averall goal of the handbook, and having
read all of the chapters personally, the results are impressive. The chapters are authoritative, to-
the-point, and enjoyable to read. Answers to frequently asked questions, facts, and Agures are
available almost at o glance. Since the authars are experts in their field, it is onderstandable tha
the content is excellent. Additionally, the authors were encouraged to put seme of thekr own
mnterpretations and insights into the chapters, which greatly enharces the readability. However, 1
am most impressed by the abiliry of the authors to condense so much information into so few pages.
These chapters are unlike any mast poople have ever written—they are not rescarch journal artiches,
they are not textbooks, they are not long tutorial review articles for magazines. They really are a
new format.

In reading drafts of the chapters, I applied two tests. If the chapter covered a topic that 1 felr
familiar with, 1 checked 1o see if it contained what [thought were the essential facts and ideas. [ ihe
chapter was in an area of communitations less familiar to me, [ booked for definitions of terms that
I had heard of, or for 2 discussion that broughe forth to me why this ares is important and what is
happening in the fickd today, 1 was amazed at what 1 learned. Yoo will be too.

Using The Communications Hardbook is simple. Look up the topic of interest to you either in the
Table of Contents orin the Index. Go directly to that chapter. As you are reading the chiosen chapter,
you may wish to refer ta other chapters in the same main heading. [f you need some background
infarmation in the general communications field, you need anly consult the Basic Principles section,
There is no need to read the Handbook beginning-to-end, start-1o-finish. Look up what you need
right now, read it, and po back to the task at hand.

iii
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The pheasure of such & project as this is in working with the authors;, and [ om gratified o
nave had this opponunity and o be associated with cach of them.  Additionally, Mary Kugler at
CRE Fress and the peronne o1 TechBiooks have been extraordinarily elpful and paticot as the
handbook evolbved and was fimally broagh 1o fraitsan, Elaine M. Gelbson served as Maraging Editor
of the Handbook, working dirvctly with the authors, the publisher, and the production staff, using
her creative tabents and enthusiasm to Improye operations, iy l'l:l"ullll!ﬂ“., and make cach siep
of the profect as scamless as possible for evervone livalved.  Elaine and 1 also acknowledge oar
editors at CRC Press, frst Joe] Claypood, and novw Kiisten Mais, for their insgghta, guidance, dnd
encourapement in making The Comprstericasons Hanalbool a reality,

Jerry 1), Gibson

College Station, Texas
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Editor-in-Chief

Jerry I3, Gibsomn currentiy holdsthe W, Runyon, [ Professorship in the Department of Flectri
«al Engincering at Texas A&M University. He has held positions at General Dynamics—Fort Worth
{1969-72), the University of Notre Dame (1973=74), and the University of Nebraska—Lincaln
(197476}, amd during the fall of 1991, Dr. Gibsan wis on sabbatical with the Information Systems
Laboratory and the Tebecommunications Program in the Department of Flectrical Engineering at
Stanford University:

He is coauthor of the book Inivadiction to Novnparametric Detection with Applizations | Academic
Press, 1975 and IEEE Press, 1995) and author of the textbook, Principles of Drigital and Anglog
Communications (Prentice-Hall, second ed., 1993), He was Associate Editor for Speech Processing
for the IEEE Transactions en Compmintications from 1581-1985 and Associate Editor for Commu-
nications for the IEEE Tramsactions on Irforsnation Theory from 1988-1991. He has served as a
member of the Speech Technical Committee of the IEEE Signal Processing Society (1992-1995) and
is currently a meneber of the TEEE [nformation Theory Society Board of Governors (1990-1596)
and a member of the Editorial Board for the Proceedings of the IEEE He is serving as President of
the [EEE Information Theory Society in 1996.

Dr. Gibson is Editor-in-Chiel of The Moebile Conmmunications Hardbook (CRC Press, 1995),
Editor-in-Chief of The Communications Handbook (CRC Press, 1996}, and Editor of the IERE Press
book series on Signal Processing.

In 1990, Dr. Gibson receivid The Frederick Emmons Terman Award from The American Society
for Engineering Education, and in 1992, was elected Fellow of the IEEE “for contributions to the
theory and practice of adaptive prediction and speech waveform coding™ He was co-recipient of
the 1993 IEEE Signal Processing Society Senbor Paper Award for the Speech Processing area.

His research interests include data, speech, image, and video compression, multimedia over
networks, wireless communications, information theory, and digital signal processing,
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Advisory Board

Vijay K. Bhargava received the B.Sc., M.5c., and Ph.D. degrees from Queen's University of
Kingston, Canada in 1970, 1972 and 1974 respectively. He is a Professor of Electrical and Computer
Engineering at the University of Victoria, co-author of the book Digital Comrtcrications by Sarellife
{New York: Wilew, 1981), and co-editor of the IEEE Press Book Reed-Sofomion Codes and Thesr
Applications, Dy, Bhargava is the founding President of Binary Communications, Inc. (est. 1983),
& company which has succsssfully produced a programmable {31,k) Reed-Solomeon CODEC uang
VILSI technology. He is very active in the IEEE and is currently a Director of the IEEE and a member
of the Board of Governors of the IEEE Information Theory Society.

Chris D. Heegard received the B.S. and the M.S. degrees in electrical and computer engineering
from the University of Massachusetts, Amherst, MA, in 1975 and 1976, respectively, and the Ph.D.
degree in electrical engineering from Stanford University, Stanford, CA, in 1981.

From {976-1978, he was an R&D Engineer at Linkabit Corp., 5an Diego, CA, and in 1981, he
jotned Cornell University, Ithaca, NY, as an Assistant Professor; he was appointed to Associate
Prodessor in 1987,

In 1984 Dy, Heegard received the Presidential Young Investigator Award from the Mational Science
Foundation and the TBM Faculty Development Award. In 1986, he vas elected 1o the Board of
Governors of the Information Theory Socicty of the IEEE, reelecied in 1989, and he served as
President in 1994

Laurence B. Milstein received the BE.E. degree from the City College of New York,
Mew York, NY, in 1964, and the M.5. and Ph.D. degrees in electrical engineering from the Polytechnic
Institute of Brooklyn, Brooklyn, NY, in 1966 and 1968, respectively.

From 1968 10 1974, he was employed by the Space and Communications Group of Hughes
Aircraft Company, and from 1974 1o 1976 he was a member of the Department of Electrical and
Systemns Enginecring, Rensselaer Polytechnic Institute, Troy, NY. Since 1976, he has been with the
Diepartment of Electrical and Computer Engineering, University of California, San Diego, La Jolla,
G, where he 15 a Professor and former tlrep.m:rpaﬂ Chairman. He was an Associate Edivor for
Communication Theory for the [EEE Transactions on Commuanications and an Associate Technical
Editor for the [EEE Comnumications Magazine, and he is currently a Senior Editor for the [EEE
Jourmal on Selected Areas m Copprunications. He was the Vice-Presudent for Technical Affairs in
1990 and 1991 of the 1EEE Communications Society, and has served as a member of the Board of
Governors of bath the 1EEE Communications Society and the TEEE Information Theory Society.

James W. Modestino received the BS. degree from Northeastern University, Boston, MA, in
1962, and the M.S. degree from the University of Pennsylvania, PA in 1964, and the M.A, and Ph.D.
degrees from Princeton University, Princeton, NJ, in 1968 and 1969, respectively.
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He has held industrial positions with RCA Communication Systems Division, Camden, NJ;
AVCO Systems Division, Wilmington, MA; GTE Laboratories, Inc., Waltham, MA and M.LT.
Lincoln Laboratory, Lexington, MA. From 1970 to 1972, he was an Assistant Professor in the
Department of Electrical Engineering, Northesstern University. In 1972, he joined Rensselacr
Palytechnic Institute, Troy, NY, where he is currently a Prodessor in the Department of Electrical,
Computer, and Systems Engineering. Dr. Modestine is 2 past Associste Editor of the [EEE Tras-
actions on Tiformation Theory, and in 1984, he was co-recipient of the Stephen Q. Rice Prize Paper
Award fram the |EEE Commumications Society.

Joseph C. Palais has been a member of the electrical engineering faculty at Arizona State
University singe 1 964, where is pressntly serving as a professor. He received the B.5.ELE. degree from
the University of Arizona, Tucson, in 1959 and the M.S.E and PhD. degrees from the University af
Michigan, Ann Arbor, in 1962 and 1964 respectively,

Professor Palais hay worked as 2 Miciowave Engineet fd Motorola and Stanford Research Institute
and has been a consultant to several firms, including Sperry Flight Systems, Sylvania, and Polaroid.
In 1967 he was swarded a Ford Foundation Residency in Engineering Practice, and in 1973 be served
as a Viating Assocrate Professar al the Technion-Tirael Institine of Technology,

In 1993, he received the IEEE Educational Activities Board Meritorions Achievement Award in
Continuing Education.

[k Palais is the author of the texbook Fiber Qpric Corpmnica tions, Prentice-Hall, 3rd edition
1992, Profesor Palais has alzo coauthored the software manual, Bbse Opite Sisrenns and Devices
with Microcomputer Software, with T Johnson, Kern International, Inc., 1987,

Jonathan 5. Turner received the M.5. and Ph.D% degrees in computer sclence from North-
weslern University in 1979 and 1981,

He is a Professor and Chairman of the Department of Computer Science at Washington Uni-
versity, where he has been simoe 1983, His primary research imterest is the design and analysis of
switching systems, with special interest in systems supporting multicast communication. He has
been awarded more than a dozen patents for his work on switching systems and has a number of
widcly cited publications in this area. His reseanch interests also inchude the study of algorithms
and computational complexity, with particular intercst in the probably performance of heunistic
algorithms for NP-complete problems.

Dr. Turner isa member of the ACM and SIAM.

Managing Editor
Elaine M. Gihson

vifi

Samsung Exhibit 1022, Page 10 of 182
Samsung Electronics Co., Ltd. et al. v. One-E-Way, Inc.
IPR2025-01541



Safl Asghar
Advanced Micro Devices, Inc,
Amistin, exa

Contributors

Wal-Yip Chan
Ilimoks Instinate of Technalogy
Chagaga, Ilmon

Robert L. Douglas
Undverslly of Mempkis
Memphis, Ternesee

Chris B. Autry Biao Chen e Disboi
Georgia Institute of Technology University of Texas- Dallas UErru!':;'rDﬁtrn!ﬂu:h-:t
Atlzats, Georgit g S Vesdun, Quebes, Canada
. Giovanni Cherubini
Joseph Bannister : v
The Aerospace Corporation 1M "!‘f"rl":h E’“f““h Laboratary H"I":"r H" I:lulu_
Los Angeles, California Ruschiikon, Switzerland HMmr f.';“-it“ﬂ;‘fr‘
array Hi criey
Stanley Chia
Melbourne .B.'I..M“ BT Labosatories
Bell Commemicstbons Research Tpewich, United Kingdlom: Bruce Elbert
Marrestonen, Mew leney :: |-I| “ Ilulﬂﬁﬁpahi:?dlﬂurrmmnkmium
. n Ho Choung nternational, 1ne,
Vijay K. Bhargava TRW Space & Defense El Segundo, Californis
University of Victoria Redondo Beach. California
Victoria, B.C., Canada Abmed K. Flhakeem
John M. Ciofli Cancordia University
Ezio Biglieri Stanford University Montrasl Ousbeic, Candds
Politecnico di Torino Stamfard, Califarnis - J
Torino, Italia .
Leon W, Couch Ivan J. Fair
Anders Bjarklev Lintversity of Florida Trechmical Universaty of Nova Scotia
Technical University of Denmark Gainesville, Forida Halifax, Mova Scotia, Canada
e Rene L. Cruz tohn L. Fike
Daniel J. Blumenthal Unnersiy of Caliornia-San DeB®  Texas ABM University
Georgia Inmitute of Technobogy La jolls, Calitornia College Station, Texas
Aslanta, Georgis Mare Delprat
Alcatel Telecom Michael I}, Floyd
Paula M. Bm?ﬂn. Mobile Communication Dhwision Maotorls Semdcandactos Producs
Lucent Technologics Calombes, Prance Austin, Texss
North Andover, Massachusetts
Paunl Diament
Madhukar Budagavi Columbis University Ilf?" E'.w 4
Texas A&M University New York, New York EIVETEAY o RinAmchusets
':D]Itg{' Statign_ Texas Amhenit, Masachosetts
. Spiros Dimolitsas
Pierre Catala Lawremce Livermore Mational Susan AL Garrod
Texas ARM University Labaratory Purdhse University

Callege Station, Texas

Livermicne, Califcenia

‘Wiest Lafayetie, Indiana

Samsung Exhibit 1022, Page 11 of 182
Samsung Electronics Co., Ltd. et al. v. One-E-Way, Inc.
IPR2025-01541



Costas Georghiades
Texas Afidd Universsy
College Station, Texm

Ira A. Gerson
Motoraly Semiconductor Prodacts
Schagmbarg, Hlinais

Klein Gilhousen

(Qualcomm, Inc.
San Déego, Califormnia

David Haccoun
Ecole Palytechnique de Manireal
Monireal, Guebser, Canada

Frederick Halsall
University of Wales
Swanses, Wales, United Kingdan

Jeff Hammlion
General [nstrument Corparation
Hathorm, Pennsybvamia

Lajos Hanzo

University of Southampion
Highfichl, Southempron
Unired Eingdam

Roger Haskin
1884 Almaden Regearch Center
Sas Jose, California

Tor Helleseth
Umiversity of Bergen
Bergen, Morway

Garth [). Hillman
Motoealy, Inc.
Austin, Texas

Stephen |. Hinterlong
Lucent Technolegies
Mapervilie, lliinois

Michasel L. Honig
Mosikbwestern Unmverssty
Ewvansion, Mllinais

Hwei . Hsiu
Farleigh Dickinson Unipeersiny
Teaneck, Mew ferney

Erwin Hudson

TRW Electronics Systems &
Technology Divison

Redando Beach, Californda

Yeongming Hwang
City Unbversity of Hong Kong
Kowlaos, Hong Kong

Louis |. Ippolito, Jr.
StamEned Telecom Inc
Revion, Yirginia

Bijan Jabbari

Gearge Mason Univensdty
Fairfax, Virginia

RBavi Jain

Bell Communicatbons Resesrch
Red Bank, Mew fessey

Amos E. Joel, In
Execytive Consuliam
Sauth Onange, Mew feriey

Varun Kapoor

Yirginis Polytechnic Institare and
Srabe University

Blackshurg. Virginia

B.L. Kasper
Liscent Technalogies

Braningaville, Pennsylvands

Eota Kinoshita
NIT Do Co Mo
Tnkoruica Shi, Japan

Mark Kolber
General Instrament Cotfporation
Hathoro, Penayivamia

Boncung Koo
Eyonpgi University
Kyonggi-Da, Korea

Mitin C, Kothari
Geosgha Iestitute of Techmology
Atlamta, Georgaa

Andrew D Kucar
U Comm. Research Ing.
Oitawa, Ontario, Cagads

Vijay P. Kumar
University of Southern California
Los Angeles, Californks

Vinod Kumar

Alcate] Telecnen

Mobile Communication Divisson
Codombees, France

B.F, Lathi

Callfornia Sisie Unbveraity
Sacramento, Califormia

Allen H. Levesquie

GTE Laboratorici Inc.
Meodbam, Masaschusens

Curtis A Levis
Ol State Liniversity
Columbus, Dhio

Chung Sheng Li
iBM T.1. Watson Rescarch Center
Yorktonen Heights, New Jeriey

¥i-Bing Lin
Mutional Chado Toeg Unbrersity
Heimchu, Taiwan, B.O0C

Joseph L. LoCicero

liEnais Institute of Tochnology
Chicago, Hlineis

john H. Lodge
Communications Research Cemife
Cituwa, Oirilario, Casisda

Mari Maeda
Hell Communications Research
Red Bask, MNew |rscy

Micholas Maleolm
Hewlett-Packard (Casada) Lud.
Burnaby, BC, Cansda

Masud Mansuripur
University of Arteone
Twscson, Arizors

Gerald A, Marin
LBk
Trsanple Park, Morth Caroling

Masir I Memon
Mosthesn Hlinois University
Dekaiby, Hlmais

Toshio Miki
Mfalile Coammumbcation Network, Inc.
Yoloouake-shi, Kansgawa, Japan

Laurence B. Milstein
University of California at San [Hegn
La Jolla, Califomnis

Abdi B Modarressi

Bell Labaratarics
Columbus, Ohio

Seshadri Mohan
Bell Compmanications Rricanch
Mneristonen, Mew ferey

Samsung Exhibit 1022, Page 12 of 182

Samsung Electronics Co., Ltd. et al. v. One-E-Way, Inc.

IPR2025-01541



Michael Moher
Communications Research Cendre
Dataws, (atario, Cansda

Jackyun Moon
University of Minnesota
Minneapolis. Minnesota

Rias Mubamed

Wirginia Polytechinic Insgitute and
Saate Universioy

lacksburg, Visginia

MMasao Nakagawa
Keio Unindersaty
Hiyoshi, Yokohama, Japan

Madihally . Narasimha
Tebecom Salmions
%an Jose, Califormia

A, Michael Noll
Universizy of Southern California
Los Angebes, Califorais

Peter Noll
Fechnizche Universitaet Bertin,
Berkip, West Germamy

Peter P. Muspl
Wl Pritchard & Co

Bethesda, Marylamd

Michael O'Flynn
San Jose Saate University
San [ose, Califormiz

Raif Onvural
Puks Unnersity
Purham, Morth Carolina

Geoffrey C. Orsak
George Masan Universicy
Fairfax, Virginia

Henry W.L. Owen III
Geargia Institute of Technology
Atlantz, Georgia

Kaveh Pahlavan
Worcester Polytechnic Institute
Woreester, Massachusetts

loseph C. Palais
Arizona State University
Tempe, Arizona

Bernd-Peter Paris
Gearge Mason Uiiversity
Fairfax, Virginis

Lance Parr
Texas ABM Unreeranty
Caollege Statian, Texss

Bhasker P. Patel
Mlknals lastioue of Techmalogy
Chicago, [Rinod

Achille Pattavina
Palitcenico di Milano
Milamo, laky

Arogyaswami Paulraj
Seandord University
Sranford, California

Ken [, Pedrotti
Hockwell Intermatzonal
Thowand Oaks, Califomia

Eric Petajan
Lucent Technologes
Murray Hill, Mew Jemsey

Roman Pichna
University of Victari
Victaria, B, Canada

Samuel Pierre
Universate du Chacbec
Mantreal, Quselee, Canada

Alistair J. Price
Rocowell International
Thowsand Oada, Cabifornda

Dravid K. Pritchard

HMoalight Telecommunications
Teleport Chicago

Skokie, Hlinoks

Wilbwur L. Pritchard
WL Prischard & Co.
Bethesda, Marpand

Tohn G. Proakis
Mortheastern University

Baosion, Massachosctis

Ramesh R. Rao
Universaty of Califania sl San Diego
La Jolls, Californis

Theodore 5. Rappaport

Virginia Palytechnic Irtitute and
Seate University

Blacksbarg, Vinginia

Erwin P. Rathgeb
Siemend Al
Muenchen, Germany

Marasimha Reddy
Tesxas A8M University
College Stahon, Texas

Whitham I, Reeve
Reeve Enginesrs
Anchoragr, Alaska

Bixio Rimaoldi
Washington University
51, Louls, Mistown

Thomas G. Robertazzi
State University of Kew York
Stamy Brook, Mew York

Martin 5. Roden
Californda Siase Undversicy

Low Angedes, Calilornia

Arthur H.M, Ross

Cluaicomam, Inc.
Sam DNego, California

Izhak Rubin

Uniwersity of California at
Los Angeles

Lo Anpeles, California

Khalid Savood
University of Mebrasks
Lincoln, Hebradia

Charles Schell
Generzl Instiuiment Corporation
Hithoea, Pernahania

A, Udaya Shankar
University of Maryland
College Park, Maryland

Curtis A. Siller, Ir.
Lucent Technologies
Motk Andover, Masachusweits

Marvin K. Simon
Jet Propulsion Laboratory
Passdena, Califoernis

x®l

Samsung Exhibit 1022, Page 13 of 182

Samsung Electronics Co., Ltd. et al. v. One-E-Way, Inc.

IPR2025-01541



Suresh P Singh
University of South Carofina
Caolumbia, Sowth Carling

Bernard Sklar

Communications Enganeering
Servioes

Tarzana, Californa

R.A. Skoog

ATET
Halmdel, Mew fersey

[ravid R. Smith
George Washington Uniwersity
Ashbam, Virginis

Jonathan M. Smith
University of Pernsylvaria
Phifadelphan, Petmsylvania

Richard G, Smith
Certer Valler, Pennaylvanda

Raymond Stecle

Mizltiple Acorss Cormm unscalsong
L n ted

Sounhempeon, Hampshire

L et ]i.lllq;l.‘ll- i

Ferrel Go. Stremler
Lty wly of Wikiodan
Wadisan, Wisconain

x0i

Gardan Stuber
Georgia [nstitate of Technology
Atlemaa, Georgia

Len Tanpier
General Instrament Coerporation
Hatbom, Pennsyivenia

Chong Ewan Un

Korea Advaneod tnstitute of Science
and Technology

Tazpon, Kores

Reudiger Urbanke
Lucent Technalopis
Murray Hill, Mew Jersey

Harrell |. Van Morman
Do, Ohio

David YWlack
Ref! 1ahs
L. Charles, lamots

Diang Wang
University of Yieraria
Yictoria, BAZ, Canada

Richard F Williams
Universily of MNow Mexico
.I'|.|.h.||'|_u|"-|i.'|llf. Bt Mexica

Ping Wah Wong
Hewlett Packasd Laborabaries
Falo Ao, Califarnds

Maynard A. Wright
Electrical Engineering Consultant
Citrus Heights, California

Michel D. Yacoub
The University of Campinas
San Paulo, Brazil

Shinj Yamashita
RCAST University of Tokyo
Tokyo, Japan

Chong Ho Yoon
University of Arizona
Tucson, Arizona

William C, Young
Bell Communications Rescarch
Red Famk, MNow fersay

Wei Zhao
Teway ASdl Unpwesaly
College Stanion, Tewrs

Rodger E. Zicmer

Univeriaty of Codorado a8
Colorada Springs

Colarado Sjrings. Colorada

Samsung Exhibit 1022, Page 14 of 182
Samsung Electronics Co., Ltd. et al. v. One-E-Way, Inc.
IPR2025-01541



Contents

SECTIONT Basic Flincipl_l_:s_

e — — —

1  Analog Modulation  Ferrel G Stremiler .oooovviiiiieniiiiiiiciesi e b =
2 TS rplinge I I osioraiiosansen e ok e S S T R RSN 13
3 Pulse Code Modulation  Leon W Couch I ....ooconivinsincnnnns T 23
4 Probabilities and Random Variables  Michael 0'Flynn ..ovvviinneernenseicnss 35
5 Random Processes, Autocorrelation, and Spectral Densities  Lew E Franks 62
& Queuing  Richand . Williams .o i AR R . TR
7 Multiplexing MartinS Roden ...oooooiiiciiinmeniieimsmeemiiiinninmmi e 87
8 Pseudonoise Sequences  Tor Helleseth ard P Vijay Kumar .....oooviiicvcevcnnes 94
9 D/A and A/D Converters  Susam AR Garrod ....co.oooiuniiiensssssisssimsssmss smess 107
10 Signal Space  Rodpwr B ZHINT uiiuiiiuins s inssniisitisiesssintsssssnnstinisiassanissss 11k
11 ChannmelModels Duvid B Simith . ooocinenaiiminssionmissni s sns s cns sasani 131
12 Optimum Receivers Geoffrey C. Ok ......oooeomemerireiieieencnnresnssnensnessons 141
13 Standards Setting Bodies  Spiros Dintolisans .........c.ciermmorinesninsimssiasseasins 155
14 Forward Error Correction Coding  Vijay Bhargave and Fate [, Faif . .ooiiineinn 56
15 Automatic Repeat Request  David Haccoun and Sammiel PIirre ..........ooonrecens 181
16 Spread Spectrum Communications  Lawrence B Milstein and Marvin K. Simor 199
17  Diversity Techniques  Arograsimi Pamnef ......ooceeeevemissisimsssimecmscenns 213
18 Information Theory Bixio Rimoldi and Resliger Urbanke oo ST -
xiii

Samsung Exhibit 1022, Page 15 of 182
Samsung Electronics Co., Ltd. et al. v. One-E-Way, Inc.
IPR2025-01541



19 Digital Communication System Performance  Bermard Sklas .................. 236
20 Synchronization Cosas N. Georghiades ............cooorrvere, . 255
21  Digital Modulation Techniques  Ezio Bighieri .............coomssremoscsessasesnnss 273
SECTIONII Telephony

22  POTS (Plain Ol Telephone Service) A Michad Noll ...........ocoooesreeniiss . 291
23 FDM Hierarchy Plerre Comal ........veoueecesiisscssensssisessssssssseeesmssemmsin . 301
24 Analog Telephone Channels and the Subscriber Loop

IR T R T e S e et 08
2> Baseband Sugn.allmg and Pulse Shapr.u.g Michael L Ffmg and

Meibourne Barton . " AR . 318
26  Channel Equalization  John G. Proakis ........... . 339
27 PCM Codec Filters  Michael D. Floyd and Garth B Hilltsan ................oo..... . 364
28 Digital Hierarchy B.P Lathi and Mpmard Wright .........coooviiireneeeemensiens an
29  Line Coding Joseph L LoCicero and Bhasker P, Patel .............. . 386
30 Telecommunications Network Synchronization  Madhaily J. Nerasiesha .. 404
31  Echo Cancellation  Giovensi Cherini .................coovvvrcosrenenn. . 4l
32  Switching Fabrics  Ames £ Joel Jt .. ovooovoeeeiiisoeeee oo e 415
33  Customer Premises Equipment  John L Fike and M. Lance B —...v.ovvvnnn, 433
34  Asymmetric Digital Subscriber Lines  fohn M. Gioffi ........oooooroonernnn, 450
35  Overview of Common Eha.nn:lﬁlgnaﬂmg Abdi R Modarressi and

RA. Skoog .. e S e
36 Digital Cross-Connect Systems  Pouda M. Bordogna and Curtis A, Siller, Jr. ... 496
37  Building Future Networks by Using Photonics in Switching

Secphen I, Hirteriong and David VISck ...ccoiiiominrnrmnisiinaiesnssssinss sessssassssssias 513
38  Asynchronous Transfer Mode (ATM)  Raif O. Omviral .......coovonernnnn, 529
39  Synchronous Optical Network (SONET)  Henry L. Owen and

IR IR BRI ey o itocimvss o o N e e e BB o e 542
40  Synchronous Digital Hierarchy (SDH)  Henry L. Owen and Chris B Astry .. 554

Samsung Exhibit 1022,

Page 16 of 182

Samsung Electronics Co., Ltd. et al. v. One-E-Way, Inc.

IPR2025-01541



SECTION II1 Networks

4] The OS] Seven-Layer Model  Fred Haltall .........couciunsicisseiinscsssssinrmsnse 567
42 ISDN and B-ISDN  Erwi B RGEeh ..oooovoieieresorseesss s ennsenns 577
43 Ethernet Networks  Ramesh B Rt o.ooooovvivenesinnnss S s e VIR 591
44 FDDI Biao Chen, Wei Zhao, and Nicholas Malcolm ...............cccocoviviiiioveiiinen 597
45 Broadband Local Area Networks  joseph A Banwitter ......coviiivnminiinsnns all
46 Multiple Access Methods  Lohak Rubint ............cocooviiiiieriinsrinissimsrenee 622
47 Routing and Flow Control  Rene LOE ..ovveericonsioesieonscsieiossinisiinssens 550
48 Transport Layer A Ubaya Shankar ........ccossiimimsssssssnsinssssssssioesamsnens =
49  Gigabit Networks  fomarhien M. SO .....c..oc.oorensconsiesmssnsesasissssrasssnes 672
50 Local Area Networks —Thomas G, Boberszs .....o..oovevsnssesssssssesionssesnsseas 681
51 Asynchronous Time Division Switching  Achille Fettaving ..............0000n., 56
52 Internetworking Hamell] Vs NOFEM ..c..cuviuoeiisimsisinssinesiessisesessssans 701
53 Architectural Framework for ATM Networks: Broadband Network
Services  Gernbd A Marin and Ruif O, Omamal _....ooooiiiimieiiiiieeiiiiarsnnsss 77
SECTION IV Optical
54 Fiber Optic Communications Systems  Joseph € Falitis ....o.oveveverssseossasses 731
55 Optical Fibers and Lightwave Propagation  Paul Diment .............ocoo0rnrs 740
56 Optical Sounces: Miley K DUt ...iiie. iioiiiiiisimiiss oo ssssit sissssonbastansons 751
27 Optical Transmitters  Alisirir |, Price and Ken D, Pedrotti ... 7
58 Optical Receivers  Richand G. Svith andd B.L KEPer ...uvvvueinsvossssssssmssssssssness T80
59 Fiber Optic Connectors and Splices  William C ¥ourg ......ooovmivneiriensinnns 303
60 Passive Optical Components  Joseph € Bilais .....voeiviessiiianmmssnissssasiin &4
61 Semiconductor Optical Amplifiers  Dniel | Blurenthal gad
Nt G R e e e R R e b B e s S B gA2
62 Optical Amplifiers  Asders Biarkley ........ooomvriririsios vesseressssssssssrssssssns B8
63 Coherent Systems  Shinfi Yamashita ... . 62
XV

Samsung Exhibit 1022, Page 17 of 182
Samsung Electronics Co., Ltd. et al. v. One-E-Way, Inc.
IPR2025-01541



64 Fiber Optic Applications  Chamg-Sheng Li ..oovovvmnrieonneosssssrissnssmerene 872

65 Wavelength Division Multiplexed Systems and Applications
PP B PRI v e 0 i s a4 S e e BR3

SECTION V Satellite

66  Geostationary Communications Satellites and Applications  Bruce B Elberr 893

67 Satellite Systemns  Robert L Doightd o...voeieseioinissnsssssnsmssmnanns R . 812
68 The Earth Station D R Pritchand ...........coooeiimmiiussicsssiomssresssnsenens 922
69  Satellite Transmission Impairments  Lowis L fpolito, It ..oooiiicinninsnnn: . 935
70 Satellite Link Design  Peter B Nuspl and Jahangir A, Tehrar .....o.ovoeeiirinnensn 49
71 The Calculation of System Temperature for a Microwave Receiver

Lt T L N R e e R R e st B T T 966
72 Onboard Switching and Processing  Ahwosed K. Elhakeem ....oovieeseeisninns 76
73 Path DIivertly CUTA LB viivirsssssmesssissssismaitonsosnsasicrasresesisnssssassssans it
74 Mobile Satellite Systems  fohn H. Ladge and Michael Moker ...o.covrineiresoriers 1015

73  Satellite Antennas  Yeomgming Hwiarg and Youn He CRomng .....covreeesevenneers 1032
76 Tracking and Data Relay Satellite System (TDRSS)  Erwin € Hudson ....... 1054

SECTION VI Wireless

77 Mobile Badio: An Overview  Avidniw DKW oooooveeersienesssessssessssssemnsss, 1GD
78  Base Station Subsystemns  Chorg Kivan Un and Chong Ho ¥o0m oveeeeinsiviiinns 1090

80 Location Strategies for Personal Communications Services  Ravi fuin,
Yi-Bireg Lény, aned Seshardri MaREM oo ocoiremmmmmmnmmnimmnmsn s insassnsinmimnnisimas s pesy 1116

81 Cell Design Principles  Michd Dmoud Yacoud ......ooveinirinessesaseossssissssans 1146

82 Microcellular Radip Communications  Raymond Steele .. .oooeeiieiiiemiiniin, 1160

83  Fixed and Dynamic Channel Assignment  Bijun fabbari ..ooovoeeiiiiiiins 1175
84 Propagation Models  Theodore 5. Rappaport, Rins Mukamed, and Vi Kapeor .. 1182
85 Power Control  Bowan Pichma ard Qhamg WERE -...oovveeseesieieeeeeieiaeeeaesssennns 1157
B6 Second Generation Systems  Mare Delprat and Vinod Kiowar ... ...o.ovvvvo. 1208

Samsung Exhibit 1022, Page 18 of 182
Samsung Electronics Co., Ltd. et al. v. One-E-Way, Inc.
IPR2025-01541



87 The Pan-European Cellular System  Lajos Hangar o, LR A e 1226
88 The IS-54 Digital Cellular Standard P Mermelsteint .........oooviiiennnsninss 1246

89 CDMA Technology and the 15-95 North American Standard
Arthur H M. Ross and Klein 5. GUROWSER ...c.ovciiiiiaiomsiimmsisisiassnssrsresssrsnsass, |27

90 Japanese Cellular Standard  Kota Kinoshita and Masao Nakagaws ................ 1276
91 The British Cordless Telephone Standard: CT-2  Lajos Hanzo .....eeevene, 1289
92 DECT (Digital European Cordless Telephone)  Saf Asghar .ooovvvenvevnnernn. 135

93 The RACEProgram  Soanbey Gl v..oie.ocesiisnsssnsassssnn smnessss dosssibnssinssnssa 1327
94 Half-Rate Standards  Was-Yip Chan, fra Gersor, and Tashio Miki ,....i0oireiesseens 1338
95 Modulation Methods  Gerdom L SHIBEF .......coveesireessissiesssmrassasssnsssinssss 1353
96  Wireless LANS  Suresh B Singh «..cc.ooveeviiuenesieiiieis e cesssenecansiiens 1367

97 Wireless Data  Allen H. Levesque and Kaveh Bohlavan .o.......ooo.ovseeevsrnssesnsss 1280

SECTION VII Source Compression

98 Lossless Compression  Khalid Sayoed and Nasir D. MEmen ..........o.vciesniins 1397

90  Facsimile Nasir D Memon and Khalid Sayoad ....oieenieeimssisressnsnns e 1411
100 ‘Speech  Bonesop B i e i 1424
101 still Image Compression and Halftoning  Ping Wah Wong ooooovevrnrannens 1437
102 Video EricDubtis ....oveimesesessmssrsmerensssesnranss e L e 1449
103 The High-Definition Television Grand Alliance System  Eric Perajun ........ 1462
104 Audio Colding Peter Mol .c.ciciuioaaisionummisisismmmmisssii s isssinsmiins 1475
105 Cable jeff Humilton, Mark Koiber, Chardes Schefl, and Len Toupier ................ cerns 1488

106 Video Servers Narmsimba Reddy ard Roger HRSKIR ....ocoesioresinninisvesessssnnses 1502

107 Desktop Videoconferencing  Musdiwkar Budpavi ........oevooveieensiinnimansnnes 1516

SECTION VIII Data Recording

108 Moagnetic Storage  fekyum MOOm ..-..cocisrcmsienrmsresrasssssssnersnsont snssssens 1531
109 Magneto-Optical Disk Data Storage  Masud Mamuripsr ..oiuiweiosninsssens V546
I“du lllll S A R AR R TR A NN R PR EE FEEEBER BRI EER AR EE BiEE I :"E'-T

VIl

Samsung Exhibit 1022, Page 19 of 182
Samsung Electronics Co., Ltd. et al. v. One-E-Way, Inc.
IPR2025-01541



\

Pseudonoise Sequences

N Tt 1T T 11 | 04
LA MR Ty s S e i e e ey e S LR e e e 95
E3  Theg-ary Sequences with Low Aubecorrelatitn. . ....cooveeenrnnn, %
&4  Families of Eq'd.rm.'qn:ﬂ wiith Lovw Crossoorralalbim. . . cooviienans .

Ciodel ardd Kasami Sequenses + Clusternary Soguetoes with Low Lnods-
carrelation * Kerdock Sequeticns

85 Aperiodic Correlation veas 101
'r];.'f" Hf“f“d' Dokt Sequences = Soquences with Fiigh Merit Factor + Sequens
il with Low Aperiodi Crosscorrelation
P. Vijay Kumar 8.6 Other Correlation Measures ... ((E)
Liméversizy of Sowmihern Partisl-Period Corrclation = Mean Sguare Correlation = Optical
Cudifurnda Orthegonal Codey

8.1 Introduction

Pseudonoise sequences (PN sequences), also referred to as pseudorandom sequences, are sequenoes
that are deterministically generated and yet posscss some properties thar one would expect fo find
in randomly generaled sequences. ﬂppl:'u:llim‘l:. ol PM sequenced inclids li‘ﬂ.lj :rulmmkurinn_
navigation, radar ranging, random number generation, spread-spectrum communications, multi-
pqth rn.nlu::-pn mﬁnﬁﬂpﬁﬁ:ﬂﬁ@ﬂﬂlﬂtﬂllﬁmwﬂ in mulhpl:qmm: wmmum-uhun syitemms.

B o e
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correlation if the shift is a cyelic shift, 4) an aperiodic correlation if the shift is not cvclic, and 5) 2
partial-period correlation if the inner product involves only a
Muore precise definitions are given subsequently.

Binary m sequences, defined in the next section, are p
sequences. The balance, run-distribution, and autocorrelatio
those of random sequences. 11 is perhaps the random-like o
that makes them maost alfractive in a communications syste
collection of low-correlation sequences as o family of PN seq.... ..

Section 8.2 begins by discussing m sequences. Thereafter, the discussion continues with a dé-
scription of sequences satisfying various correlation constraints aleng the lines of the accompanying
self-explanatory figure, Fig. 8.1. Fxpanded tutorial discussions on pseudorandom sequences maf
be found in Sarwate and Pursley, 1980, in Chapier 3 of Sim '
Kumar, 1996,

B - P R
a4 D) 199 by L P, Tl
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Prendonoise Sequences 25

SEQUENCES WITH LOW CORRELATION

| l | |
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8.2 m Sequences

A binary {0, 1} shift-register sequence [2(f)) is 2 sequence that satisfies a linear recurrence relation
of the form

D fisit+i)=0,  forallt =0 (8.1)

wherer = 1 is the degresof the recursion; the coefficients f; belong to the finite field G F(2) = [0, 1]
where the leading coefficient f. = 1. Thus, both sequences {ait)] and [B(1)) appearing in Fig. 8.2
are shift-register sequences. A sequence satisfying a recursion of the form in Eq. {8.1) is said
to have characteristic polymomial fix) = 37_, fix'. Thus, {a{r)] and {b(s)) have characteristic
polynomials given by fix) = x* 4+ x + land fix) = 2* + x¥ + 1, respectively.

Since an r-hit binary shift register can assume a maximum of 27 different states, it follows that
every shift-register sequence [5(r)} is eventually periodic with periodn = ¥, i.c.,

5(t) = st +n), forallr = N

for some integer N, In fact, the maximum period of a shifi-register sequence is 27 — 1, since a shift
register that enters the all-zero state will remain forever in that state. The upper shift register in
Fig. 8.2 when initialized with starting state 00 | generates the periodic sequence {a(r)) given by

0010111 0010111 Odlolll .- (8.2)

of perbod n = 7, It follows then that this shift register generates sequences of maximal period
starting from amy nonzero initial state.

An m sequence is simply a binary shift-register sequence having maximal period. For every
F 2 1, m sequences are known 1o exist. The periodic autocorrelation function &, of a binary [0, 1)
sequence [£(r)] of period n is defined by

=1

B(r) = Y (=100 pcr<p—
F=0

Anm sequence of length 2 — | has the following attributes, 1) Balance property: in each period of the
m sequence there are 27! ones and 2'~! — | zeros. 2) Rum property: every nonzero binary s-tuple,
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Pseudonoise Sequences 105

An O0C code that achieves the Johnson bound is sid 10 be aptimal. A family [F;) of OOCs
indexed by the parameter n and arising from a common construction is said to be asymptotically
optimum if

[Fal
I- ; |
nai Min, w, &)

Constructions for opiical orthogonal codes are available for the cates when L = land L = 2. For

larger values af &, there exist constructions which are asymptotically optimum. Further details may
e found in Helleseth and Kumar, 1996,

Defining Terms

Autocorrelation of a sequence:  The complex inner product of the sequence with a shifted version
itself,

Crosscorrelation of two sequences:  The complex inner productofthe first sequence with a shifred
version of the second sequence,

m Sequence: A periodic binary [0, 1] sequence that is generated by a shift register with linear
feedback and which has maximal possible period given the number of stages in the shift
register.

Pseudonoise sequences:  Also referred to as pseudorandom sequences (PN, these are sequrences
that are deterministically generated and yet possess some properties thal one would expect
1o find in randomly generated sequences.

Shift-register sequence: A sequence with symbels drawn from a fiebd, which satisfies a lincar-
recurtence relation and which can be implemented wsing a shift register.
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D/A and A/D
Converters

2.0 DA and ASEYCINCUE o cv v i i ban s isinimanns s sy pa s am b n w7
DA and A1 Comverter 'erformance Criseria = DA Conversson
Procesieds * DA Converter 1Cs * A D Conversion Processes = AJLF
Susan A R. Garrod Comverter 105 » Grounding and Bypassing on D/A and A/D ICs =
Purdue Uiniversity Selection Crisera for DA and ASD Converter s

Digital-to-analog (DA} comversion ks the process of converting digital codes into a continuous range
of analog signals. Analog-to-digital (A/ D) corversion is the complementary process of converting
a continuous range of analog signals into digital codes. Such conversion processes ane noccssary
to interface real-world systems, which typically monitor continwously varying analog signals, with
digital systems that process, store, interpret, and manipulate the analog values.

D/A and A/D applications have evolved from predominately military-driven applications to

consumer-oriented applications. Up to the mid-1980s, the military applications determined the
design of many D/A and A/D devices. The military applications required very high performance
coupled with hermetic packaging, radiation hardening, shock and vibration testing, and military
specification and record keeping. Cost was of litle concern, and “low power” applications required
approximately 2.8 W, The major applications up the mid-1980s included military radar warning
and guidance systems, digital oscilloscopes, medical imaging, infrared systems, and professional
viden,
The applications requiring DA and A /D circuits in the 19905 have different performance criteria
from those of carlier vean. In particular, low power and high speed applications are driving the
development of D/ A and A/D circuits, as the devices are used extensively in battery-operated con-
sumer products. The predominant applications include cellular telephonces, hand-held camcorders,
portable computers, and set-top cable TV boxes. These applications generally have low power and
long battery life requirements, or they may have high speed and high resolution requirements, as is
the case with the set-top cable TV boxes.

9.1 D/A and A/D Circuits

[/ A and A/ conversion circuits are available as integrated cireuits (1Cs) from many manufacturers.
A huge array of 1Cs exists, consisting of not only the DA or A/ D conversion clrenits, but alse closely

i T T

© 5957 by CC P, e 107

Samsung Exhibit 1022, Page 23 of 182
Samsung Electronics Co., Ltd. et al. v. One-E-Way, Inc.
IPR2025-01541



108

TARLES] DJAand A/D InIrEr.H:'.'] Circuiis
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related circuits such as sample-and-hold amplifiers, analog multiplexers, voltage-to-frequency and
frequency-to-voltage converters, voltage references, calibrators, operation amplifiers, isolation am-
plificrs, instrumentation amplifiers, active filters, DC-to-DC converters, analog interfaces to digital
signal processing systems, and data acquisition subsystems. Data books from the IC manufacturers
contain an enormous amount of information abowt these devices and their applications to assist

the design engineer.

The ICs discussed in this chapter will be strictly the /A and A/D conversion circuits. Table 9.1
lists a small sample of the variety of the D/A and A/D converters currently available. The 1Cs
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DA and A/D Converters 108

wsually perform either D/A or A/D conversion. There are serial interface [Cs, however, typically
for high-performance audio and digital signal processing applications, that perform both A /D and
DA processes.

D/A and A/D Converter Performance Criteria

The major factors that determine the quality of performance of DfA and A/D converters are
resplution, sompling rate, speed, and dreariiy.

The resolution of 3 DVA crcuit is the simallest change in the ouiput analog signal. In an
ASD system, the resalution is the smallest change in voltage that can be detected by the sys-
tem and that can produce a change in the digital code. The reselution determines the total
number of digital codes, or quantization Jevels, that will be recognized or produced by the
circuit,

The resodution of a DfA or A /D IC is usually specified in terms of the bits in the digital code or in
terms of the least significant bir (LSB] of the system. An n-bit code allows for 27 quantization levels,
or 2 = | steps between quantization bevels, As the number of bits increases, the step size between
quantization levels decreases, therefore increasing the accuracy of the system when a conversion
is made between an analog and digital signal. The system resolution can be specified alio as the
voltage step size between quantization levels. For A/D circuits, the resolution is the smallest input
voltage that is detected by the system.

The speed of a D /A or A/ converter is determined by the time it takes 1o perform the conversion
process, Por [V A converters, the speed is specified as the settlimg time. For A/D converters, the
speed is specified as the conversion time. The settling time for /A converters will vary with supply
voltage and transition in the digital code; thus, it is specified in the data sheet with the appropriate
conditions stated.

A/ D converters have a maximum sampling rare that mits the speed at which they can perform
continuous conversions. The sampling rate is the number of times per second that the analog
signal can be sampled and converted into a digital code, For proper A/D conversion, the minimum
sampling rate must be at [cast two times the highest frequency of the analog signal being sampled
to satisfy the Nyquist sampling criterion. The conversion speed and other timing factors must be
taken into consideration to determine the maximum sampling rate of an A/D converter. Myquist
A/D converters use a sampling rate that is sightly more than twice the highest frequency in the
amalog skgnal, Oversampling A /D converters usce sampling rates of N times rate, where N typically
ranges from 2 to 64.

Bath WA and AJDY converters require @ wvoltage reference in order to schieve absolute
CONVETHION accuracy. Some conversion ICs hawe interpal voltage references, whereas others
accepd external voltage references. For high-performance systems, an external precision refer-
ence ¢ needed to ensure long-term stability, load regulation, and control over temperature
fluctuations. External precision voltage reference ICs can be found in manufacturer’s data
books.

Measurement accuracy is specified by the converter’s linearity. Integral linearity is n measure
of linearity over the entire conversion range. It is often defined as the deviation from a straight
line drawn between the endpoints and through zero (or the offset value) of the conversion range.
Integral lincarity is also referved 1o as refative accuracy.  The offiet value is the reference level
required o establish the zero or midpoint of the conversion range. Differenvial linearity is the
linearity between code transitions. Differential linearity s a measure of the monotonicity of the
Eﬂ‘l‘:ﬂﬂ. A converter is said to be monotonic if increasing input values result in increasing output

e,
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Lo Basic Principles

The sccuracy and Hnearity values of a converter are specified in the data sheet in units of the LS55
of the code. The linesrity can vary with temperature, and sa the values are often specified at +25°C
a4 well as over the entire temperature range of the device.

D/A Conversion Processes

Diigital codes are typically converted 1o analog voltages by astigning 2 voltage weight to cach bit in
the digital code and then summing the voltage weights of the entire code. A general D/A converter
consists of a network of precision resistors, input switches, and level shifters to activate the switches
10 camvert a digital code to an analog current or voltage. D/A 1Cs that produce an analog current
output usually have a faster settling time and better linearity than those that produce o voltage
output. When the output current is available, the designer can convert this to a veltage through the
selection of an appropriate output amplifier to achieve the necessary response speed for the given
application.

/A converters commonly have a fixed or variable reference level, The reference level deter-
mines the switching threshold of the precision switches that form a controlled impedance network,
which in wrn controls the value of the owtput signal, Fixed reference DA converters produce
an output signal that is proportional 1o the digital input. Multiplying D/A converters produce
an outputl signal that is proportional to the product of a varying reference bevel times a digital
code,
D/ A converters can produce bipolar, positive, or negative polarity signals. A four-quadrant
multiplying D/ A comverter allows both the reference signal and the value of the binary code to have
a positive or negative polarity. The four-quadrant multiplying D/A converter produces bipolar
oulput sgnals.

D/A Converter 1Cs

Mast D/ A converters are designed for general-purpose control applications. Some D/A converters,
however, are designed for special applications, such as video or graphic outputs, high-definition
wideo displays, ultra high-speed signal processing, digital video tape recording, digital attenuators,
or high-speed functisn generators,

D/A converter 1Cs often include special features that enable them 1o be interfaced casily to
microprocessors or other systems. Microprocessor control inputs, input latches, baffers, input
registers, and compatibility o standard Jogic families are features that are readily available in DA
ICs. In addition, the 1Cs usually have laser-trimmed precision resistors 1o eliminate the need for
user trimming to achieve full-scale performance.

A /D Conversion Processes

Analog signals can be converted to digital codes by many methods, including integration, succes-
sive approximation, parallel {fash) conversion, delta modulation, pulse code modulation, and
sigma—delia converslon, Two of the most common A/D conversion processes ane successive ap-
proximation A/D conversion and parallel or flash A/D conversion. Very high-resolution digital
aundio or video systems require specialized A/D techniques that often incorporate one of these
general techniques as well as specialized A/D conversion processes, Examples of specialized A/D
comrversion technigues arc pulse code modulation (FCM), and sigma-delta comersion. PCM i3 a
common vobce encoding scheme used not only by the sudio industry in digital audio recordings
bust also by the telecommunications industry for voice encoding and multiplexing. Sigma-dela
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conversion is an oversampling A/} conversion where signals are sampled at very high frequencies.
It has very high resolution and low distertion and is being used in the digital audio recording
industry.

Successive approximation A/D conversion is a technique that is commonly used in meditm- to
high-speed data acquisition applications. It is one of the fastest A/D conversion techniques that
requires a minimom amount of circuitry, The conversion times for successive approximation A/D
conversion typically range from 10 10 300 s for 8-b systems.

Thie sieccessive appraximation A /[ converter can approximate the analog signal to ferm an n-bit
digital code in n steps. The successive approximation register (SAR) individually compares an
analog input voltage to the midpoint of one of m ranges to determine the value of 1 b. This process
is repeated a total of n times, using & ranges, to determine the o bits in the code. The comparisen
is sccomplished as follows. The SAR determines if the analog input is above or below the midpoint
and sets the bit of the digital code accordingly. The SAR assigns the bats beginning with the most
significant bit. The bit is set to 2 1 if the analog input is greater than the midpoint voltage, or it is
sct 1o a 0 if it 5 bess than the midpeint voltage. The 5AR then moves 1o the next bitand sets it o a
1 or a 0 based on the results of comparing the analog inpat with the midpoint of the next allowed
range. Because the SAR must perform one approximation for each bit in the digital code, an n-bit
code requines N approXimations,

A successive approaximation A/ D converter consists of four functional blocks, asshown in Fig. 2.1:
ihe SAR, the analog comparator, 3 DA converter, and a clock,

Parallel or flach A/D conversion is used in high-speed applications such as video signal pro-
cessing, medical imaging, and radar detection systems, A flash AJ/D converter simultancously
compares the input analog voluage to 2" — 1 threshold volrages to produce an r-bit digital code
representing the analog voltage. Typical flash A/D converters with 8-b resolution operate at 20-
100 MHz.

The functional blocks of a flash A/D converter are shown in Fig. 9.2. The circuitry consists
of a precision resistor ladder network, 2* — | analog comparators, and a digital priority en-
coder, The resistor network establishes threshold voltages for each allowed quamieation level
The analog comparators indicate whether or not the input analog vohage is above or below the
threshold at each level, The output of the analog comparators is input to the digital priority en-
coder. The priority encoder produces the final digital output code that is stored in an output
lacch.

An B-b flash ASD converter requises 255 comparators. The cost of high-resolution A/D com-
parators escalates as the circuil comiplexity increases and as the number of analog converters rises
by 27 = 1. As a low-cost alternative, some manufacturers produce modified flash A /D converters
that perform the A/D conversion in two steps to reduce the amount of circuitry required. These
madified flash A /D converters ate also referred to as half-flash A /D converters, since they perform
only half of the conversion simultaneously.

A/D Converter ICs

A/D comverter ICs can be classified as general-purpose, high-speed, fash, and sampling A/D
converters, The gemeral-purpose A/D corrverters are typically low speed and low cost, with con-
version times ranging from 2 s to 33 ms. A/D conversion techniques used by these devices
typically include successive approximation, tracking, and integrating. The general-purpose A/D
eomverters often have control signals for simplificd microprocessor interfacing.  These 1Cs are
appropriate for many process control, industrial, and instrumentation applications, as well as
for emvironmental monitoring such as seismology, oceanography, meteorclogy, and pellution
monktoring.
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ngh-;]n_—p:.i AT carnverters have capverisomn Himes I!r|1i|..1||:1.' |:.1I|Ei1|.g froany 400 ns vo 3 pis The
higher speed performance of these devices is achieved by wsing the successive approximation
technigque, modified flash technigues. and statistically derived A/D comersion tochniques,  Ap-
plications appropriate for these A /D ICs include fast Fourier transform (FFT) analysis, radar dig-
itization, medical instrumentation, and multiplexed data acquisivion. Some [Cs have been manu-
factured with an extremely high degree of linearity, o be appropriate for specialized applications
in digital spectrum amalysis, vibration analysis, geological research, sonar digitizing, and medical
imaging.

Flash A /[ converters have conversion limes ranging typically from 10 to 50 ns, Flash ASD
conversion techniques enable these [Cs 1o be used in many specialived high-speed data acquisition
applications such as TV video digitizing {encoding), radar analysis, transient amalysis, high-speed
digital ascilloscopes, medical ultrasound imaging, high-energy physics, and robotic vision applica-
tions.

Sainpling A/ D converters have a sample-and-hold amplifier circuit bailt into the 1C. This elim-
inates the need for an external a.;mpl-:-m:!~ hald circuit. The !hmuﬁ]‘lpu! afl these AT convertes
ICs ranges “.'Fil,'.ll.l:;r from 35 kHz to 100 MHz. The speed of the system is dependent on the A/D
technique used by the sampling A/D converter.

AJD converter ICs produce digital codes in & sérial or parallel format, and some 1Cs offer the
designer both formats. The digital outputs are compatible with standard logic families to facilitate
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interfacing 1o other digital systems In addition, some A/D converter [Cs have a built-in analog
multiplexer and therefore can accept more than ane analog input signal

Pulse cade modulation (PCM) 1Cs are high-precision A/D converters. The PCM IC is often
refered to as a PCM codec with both encoder and decoder functions. The encoder portion of
the codec performs the A/D conversion, and the decoder portion of the codec performs the D/A
conversion, The digital code is usually formartted as a serial data stream for ease of interfacing to
digital transmission and multiplexing systems.

PCM 35 a technique where an analog signal is sampled, quantised, and then encoded a2 a dig-
ital word. The PCM IC can include successive approximation technigues or other rechniques to
accomplish the PCM encoding. In addition, the PCM codec may employ nonlinear data com-
pression techniques, such as companding, if it is necessary 1o minimize the number of bits in the
output digital code. Companding is a logarithmic technigue used to compress a code to fewer
bits before transmission. The inverse logarithmic function is then used to expand the code to
its original number of bits before converting it 1o the analog signal. Companding is typically
used in telecommunications transmission systems to minimize data transmission rates without
degrading the resolution of low-amplitude signals. Two standardized companding techniques
are wsed extensively: A-law and p-law. The A-law companding i3 used in Europe, whereas the
di-law is wsed predominantly in the United States and Japan. Linear PCM conversion is used in
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114 Hasie Principles

high-fidelity audio systems 1o preserve the integrity of the audio signal throughowt the entire analog
range.

Digital signal processang {DSP) techniques provide another type of A/D conversion 1Cs, Spe-
cialized A /D conversion such as adaprive differennial pulse code modulation { ADPCM), sigma—delta
modulation, speech subband ercoding, adaprive predictive speech encodnng, and speech recogrition can
be accomplished through the use of DSP systems. Some DEP systams require analog front ends that
eenploy traditional PCM eodec 1Cs ar DSP interface 10 Thede 1Cs can interface 1o a digieal skenal
processof fof advanced AJD applications. Some manufacturers have incorporated DSP techniques
on board the single-chip A/D IC, as i the caze of the DSP56ACT 6 sigma-delta madulation 10 by
Motorala,

Irregraring Af D corverters are used for conversions that must take place over a long period of
time, such as digital voltmecter applications or sensor applications such as thermocouples. The
integrating A/D converter produces a digital code that represents the average of the signal over
time. Moise 1% reduced by means of the signal averaging, or integration, Dual-slope integra=
thom is accomplished by a counter that advances while an input voltage charges a capacitor in
a specified tme interval, T. This is compared 10 another count sexquence that advances while
a reference voltage is discharging across the same capacitor in a time interval, delta 1. The ra-
tio of the charging count value to the discharging count value is proportional to the ratio of
the input voltage to the reference woltage. Hence, the integrating converter prowides a digital
eode that is a measure of the input voltage averaged over time. The conversion accuracy is in-
depenadent of the capacitor and the clock frequency since they affect both the charging and dis-
charging operations, The charging period, T, is selected to be the perind of the fundamenial
frequency 1o be rejected, The maximum conversion rate is slghily less than /{2 T) conver-
sions per second.  ‘While this limits the conversion rate to be tao slow for high-speed data ac-
quisition applications, it is appropriate for long-duration applications af slowly varying input
signals,

Grounding and Bypassing on D/A and A/D ICs

DA and AJD converter ICs require correct grounding and capacitive bypassing in order to op-
erate according to performance specifications, The digital signals can severcly impair analog
signals, To combat the electromagnetic interference induced by the digital signals, the ana-
log and digital grounds should be kept separate and should have only one common point on
the circuit board. If posible, this common point should be the connection to the power
supply.

Bypass capacitors are required at the power connections to the [C, the reference signal inpats,
and the analog inputs to minimize noise that is induced by the digital signals. Each manufac-
turer specifies the recommended bypass capacitor lecatsons and values in the data sheet. The
1-uF tantalum capacitors are commonly recommended, with additional high-frequency pawer
supply decoupling sometimes being recommended through the use of ceramic disc shunt ca-
pacitors.  The manufacturers’ recommendations should be followed tw ensure proper perfor-
mance,

Selection Criteria for D/A and A/D Converter ICs

Hundreds of D/A and A/D converter [Cs are available, with prices ranging from a few dollars 1o
several hundred dollars each, The selection of the appropriate ype of converter is based on the
application requirements of the system, the performance requirements, and cost. The following
psises should be considered in order to select the appropriate comeerter.
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1. What are the input and output requirements of the system? Specify all signal current and
voltage ranges, logic levels, input and output impedances, digital codes, data rates, and data
formats.

2. ‘Whiat kevel of accuracy is required? Determine the resalution needed throughout the analog
voltage range, the dynamic response, the degree of linearity, and the number of bits enco-
ding.

3. What speed is required? Determine the maximum analog input frequency for sampling in
an A/D syitem, the number of bits for encoding cach analog signal, and the rate of change
of input digital codes in a DA system,

4. What is the operating environment of the systemi Obtain information on the emperature
range and power supply to select a converter that is accurate over the operating range.

Final selection of D/A and ASD converter 1Cs should be made by consulting manmufactur-
ers 1o obtain their technical specifications of the devices. Major manufacturers of DfA and
A/D converters include Analog Devices, Burr—Brown, DATEL, Maxim, National, Phillips Com-
ponents, Precision Monolithics, Signetics, Sony, Texas Instruments, Ulira Analog, and Yarmaha,
information on contacting these manufacturers and others can be found in an IC Master Cara-

log.

Defining Terms

Companding: A process designed to minimize the transmission bit rate of a signal by compressing
it prior 1o transmission and expanding it upon reception, It is a rudimentary "data compres-
sion” technique that requires minimal processing.

Delta modulation:  An A/D conversion process where the digital output code represents the
change, or slope, of the analog input signal, rather than the absolute value of the ana-
bog input signal. A 1 indicates a rising slope of the input signal. A 0 indicates a falling
slope of the input signal. The sampling rate is dependent on the derivative of the signal,
since a rapidly changing signal would require a rapid sampling rate for acceptable perfor-
mance.

Flxed reference D/A converter:  The analog output is proportional to a fixed (nonvarying) refer-
ence sigmal.

Flash A/D:  The (astest A/D conversion process available to date, also referred 1o as parallel A/D
conversion, The analog signal is simultanesusly evaluated by 2" — 1 comparators to produce
an s-bit digital code in one step. Because of the large number of comparators required, the
circuitry for flash A /D converters can be very expensive. This technique is commonly wsed
in digital video systema.

Integrating A/D:  The analog input signal is integrated over time to produce a digital signal that
represents the area under the curve, or the integral.

Multiplying D/A: A D/A conversion process where the output signal is the product of a digital
code multiplied times an analog input reference signal, This allows the analog reference signal
15 be scaled by a digital code.

Nyquist A/D converters: A/D converters that sample analog signals that have a maximum fre-
quency that is less than the Myguist frequency. The Nyquist frequency is defined as one-half of
the sampling frequency. If a signal has frequencies above the Nyquist frequency, a distortion
called aliasing occurs. To prevent aliasing, an antialiasing fitter with a flat passband and very
sharp rolloff is reguired.

Oversampling converters: A/ converters that sample frequencies at a rate much higher than
the Nyquist frequency. Typical oversampling rates are 32 and 64 times the sampling rate that
wolld be required with the Nyquist converters,
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Pulse code modulation (PCM):  An A/} conversion process requiring three steps: the analog
signal is sampled. quantized, and encoded into a fixed length digial code. This technique
s used in many digital voice and audio systems. The reverse process reconstructs an analog
signal from the PCM code. The operation is very similar to other A/D techniques, but specific
PCM circuits are oplimized for the particular voice or audio application.

Sigma-delta A/D conversion:  An oversampling A /D conversion process where the analog signal
is sampled at rates much higher {typically 64 times) than the sampling rates that would be
required with a Myquist converter. Sigma-delta modulators integrate the analog signal before
performing the delts modulation. The integral of the analog signal is encoded rather than the
champe in the analog signal, as is the case for traditienal delta modulation. A digital sample rate
reduction filter [also called a digital decimation filter} is used to provide an output sampling
rate 2t twice the Nyquist frequency of the signal. The overall result of oversampling and digital
samiple rate reduction is greater resolution and less distortion compared 1o.2 Myquist converter
PrROCESS,

Successive approximation:  An A/D conversion process that systematically evaluates the analog
signal in n steps 1o produce an n-bit digitul code. The analog signal is successively compared
10 determine the digital code, beginning with the determination of the most significant bit
of the code.
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Further Information

Analog Dievices, Inc. has edited or published several technical handbooks to assist design
engineers with thor data acquisition system requirements. These references should be con-
sulted for extensive technical information and depth. The publications include Analog-Digiral
Conversion Handbook, by the engineering stall of Analog Dievices, published by Prentice—
Hall. Englewood Cliffs, NJ, 1986; Monlinear Circuits Handbook, Transducer Interfiacing Hand-
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10.1 Introduction

signal space concepts have their roots in the mathematical theory of inner product spaces known
as Hilbert spaces [Stakgold, 1967, Many books on lincar systems touch on the subject of signal
spaces in the context of Fourker series and transforms | Ziemer, Tranter, and Fannin, 1993; Frederick
and Carlson, 1971]. The applications of signal space concepts in communication theory find
their power in the representation of signal detection and estimation problems in geometrical terms,
which provides much insightinto signalling technigques and communication system design. The first
perzon to have apparently exploited the power of signal space concepts in communication theory was
the Russion Kotel'nikov | 1968] who presented his doctoral dissertation n January, 1947, Wozencraft
and Jacobs [ 1965] expanded on this approach and is still woday widely referenced. Arthurs and Dym
[1962) made use of signal space concepts in the performance analysis of several digital madulation
schemes. A one-chapter summary of the use of signal space methods in signal detection and
estimation is provided in Ziemer and Tranter | 1995], Another application of signal space concepls
is in signal and image compression. Wavelet theory [Riow] and Vetterli, 1991) is currently finding
use in these application areas, In the next section, the fundamentals of generalized vector space
are summarnized, followed by an overview of several applications to signal representations.

10.2 Fundamentals

o

A lincar space or vector space {signal space) [Stakgold, 1967] is a collection of clements {called
vectors) x, ¥, £, . . ., for which the following axioms are satisfied:

L. Toevery pair of vectors x and ythere corresponds a vector x + ¥, with the properties:

LX4y=yp+x
b x+iy+zl=ix+yi+z

TR B RS0

& 1997 by CRC Press, Inc.
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¢. There exists a unigue element 0 such that x 4 0 = x for every x
d. To every x, there exists a unigue vector labeled —x such that x -+ (—x) =0

2. To all vectors x and p, and all numbers o and 8 (in general, complex), the following com-
mautative and associative males hold:

p, offix) = (of)x

b {4+ Bix=ax+ Hy

c aix+ p) =ax+ay

d. Ix = x, where | i3 the identity element

A vector is gaid to be a linear combination of the vectors x;, £, ..., % ina vector space if there

exist numbers (in general, complex) oy, o100 . ag such that
k
x=Y o (10.1)
imi
The vectors Xy, X1, ... x; are said 1o be linearly dependent (or form 2 dependent set) if there exist
complex numbers ay, o, ..., ery, mol all zeeo, such that
X o+ Fapxg =0 (10.2)

iFEq. {10.2) can be satisfied only for ) = oy = - - = @y = 0, the vectors are Hnearly independent.

One is tempted touse the infinite-sum version of Eq. {10.2) in defining the notion of independence
for an infinite set of vectors. This is nol true in general; one needs the notion of convergence, which
i based on the concept of distance between vectors.

With the idea of linear i ndepend:ncr firmly in mind, the concept of dimension of a vecior space
readily follows. A vector space is n dirmensional if it possesses a set of n independent vectors, but
every set of m + | vectors is a dependent set. If for every positive integer k. a set of k independent
vecluds in the space can be found, the space is said to be infinite dimensbonal, By a basks for a vector
space is meant a finite set of vectors &, &, ... & with the following attributes:

. They are hinearly independent.

2. Every vector x in the space can be written as a linear combination nflh:hlmmm that s

k

x= Y ke (10.3)

It can be proved that the representation (10.3) is unique and that if the space is n dimensional, any
set of m mdependent veciors ey, ey, .-, g, forms a bass
The next concept 1o be developed is that of a metric space, In addition 10 the addition of

vectors and multiplication of vectors by scalars, as is true of ordinary three-dimensional vectors,
it is important 1o have the notions of length and direction of a vectar imposed. In other words, a
metric structure must be added to the algebraic structure already defined. A collection of elements
X, ¥, 2, ... in aspace will be called a metric space if 10 each pair of elements x, y there corresponds
a real number o (x, y) satisfying the properties:

L. dix, y) md{ y, x}

1 dix, y) = 0 with equality ifand only if x = y

3. dix, 2) = dix, y) + d(x, ) (called the triangle inequality)

The function dix, #) ia called a metric (or distance function}. Note that the elements in the space
teed not be vectars: there may not be any way of adding elements or multiplying them by scalars as
required for a vector space.
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With the definition of a metric, one can now discuss the idea of convergence of a sequence [x;]
of elements in the space. Mote that d{x, x} i5 2 sequence of real numbers, Therefore, it is sensible
to write that

lim 5 =x {10.4)
k=ean
if the seqquence of numbers d (2, 2) converges ol in the ordinary senee of convergence of sequences
of real mumbers. I

lim (%, x,) =0 (10.5)
i, =00

the sequence x| is said to be a Cauchy sequence. It can be shown that if a sequence [ | converges,
it 15 @ Cauchy sequence. The converse is not necessarily true, for the limit may have carelessly been
excluded from the space. If the converse i true, then the metric space is said to be complete.

The next vector space concept 10 be defined is that of length or norm of & vecion. A normed
vector space (o lincar space) 15 a vector space in which a real-valued function |jxi] (known as the
norrnt of x) is defined, with the properties

L. =l = 0 with equality if and only if x = 0
2, Noxf = ja|lixi
3oks + =l = k=l + il

A normed vector space is automatically a metric space if the metric is defined as
dix.p) =llx—y| = (x— p.x =)' (10.6)

[see definition bebow] which is called the natural metric for the space. A normed vector space may
be vicwed either as a linear space, a metric space, or both, 1ts elernents may be interpreted as weciors
or points,

The strecture of a normed vector space will now be refined further with the definition of the
notion of angle between two vectors. In particular, it will be possible 1o tell whether two vectors
are perpendicular, The notion of angle between two vectors will be obtained by defining the inner
product (also known as a scalar or dot product), In general, an inner product in a vector space is a
complex-valued function of ordered pairs x, y with the properties

L. (%, ¥) = {y. x)* (the asterisk denotes complex conjugare)
2, (ox, y) = aix, ¥

om+x ) = x4 + s )

4. (x, x) = O with equality ifand only if x =0

Froun the first twi properties, it follows that
(x.ay) = a*{x. ¥ (107}
Abso, Schware's inequaliny can be proved and is given by
{x. ¥} < (%, %) (. 12 (10.8)
with cquality if and only if x = ey, The real, nonnegative quantity (x. £ satisfies all of the
progrerties of a mrm.  Therclore, it & adopted as the definition of the norm, and Schwart's

ineguality assumes the form

[{x. ¥} =< U=flipll 10,9
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The natural melFc in the SpraLe 1% F,l"l."l.'n |:|[|r L-L] [10.6). AR mmaer Flrln:lun:i spage, which 1x 4;-r||'r'||'r|r|!i:
it its matural metric, is called a Hilbert space.

Example 10,1
Consider the space of all complex-valued functions x(r] defined ona < 1 < bior which the integral

b
&, -f |x(t))" dr (10.10)

exists (1.2, the space of all finite -energy signals in the interval [a, B, The inner product is defined os

b
{x, =f x(rpp" (1) dr (10,11}
i

The natural norm is

is /2
Nx) = [ f ;xun*dr] (10.12)
£l

and the melnc s
h II-'.!
dix. y) = Jx — yf _[f |x(1) ymr’df] {10.13)

o

n'ip:tl:ll.-t'!!r. Selwares ihnr.lrl“'l:!r hedomes

b i b L b I
[f [:{:}r‘{r}llﬁrif[f ;.ﬂr:!”m} [f i:.rml":lv] (10.14)

It cun bae shown thar this space s complete and, hence, s a Hilbert space.

An additional requirement that can be imposed on a Hilbert space is separability, which, roughly
spenking, restricts the number of clements in the space. A Hilbert space M is separable if there
cxists & countable (1., can be put in one-te-one correspondence with the positive integers) ses of
clementa { fi, fr. .. .. o) wheose finite linear combinations are such thar for any element £ inH
there exat an ndex & and censtants oy, @3, .. .. ary swch thad

- fus

The set ( fy, . ... e 2.0 is called @ spanning set. The discussions from here on are limited o
separable Hilbert spaces.

Any fnite-dimensional Hilbert spate E; is scparable. In fact, there exists o set of 0 vectors
(o foa oo ) such that ench vector x in £, has the represertation

< {10.15]

x = Zm}i (10.16)

H can be shown that the spaces consisting of square-integrable functions on the intervals [, b],
(=20, ], |a, oc), and (—o0, 50) are all separable, where a and b are finite, and spanning sets exist

Samsung Exhibit 1022, Page 37 of 182
Samsung Electronics Co., Ltd. et al. v. One-E-Way, Inc.
IPR2025-01541



122 Basic Frinciples

for each of these spaces. For example, a spanning set for the space of square-integrable functions
on [a, b] istheset (1, £, M, ..}, which is clearly countable.

The congepts of convergence and Cauchy sequences carry over to Hilberd spaces, with comvergence
in the mean defined as

b
Ii.mf i) —x(F =0 (10,17)

k=rog

Simalarly, the ideas of independence and basis sets apply 1o Hilbert spaces in infinite-dimensional
form.

It is neceszary to distinguish between the concepts of a bty and a spanning set condisting of
independent vector. As £ is reduced in Eq. (10.15), it is expected that N must be incressed, and it
may also be necessary to change the previously found coefficlentsar, ..., ey Hence, there might
not exist a fixed sequence of constants £, &, .. ., &. . .. with the propesty

&
X = E'ﬁﬁ (10.18)

as would be required if the set | fi] were a basis. For example, on the space of square-integrable
functions on [—1, 1], the independent set i = 1 fi =0, = 1%, ... is a spanning set, but
Aot 4 bagis, since there are many square-integrable functions on [=1, 1] that cannot be expanded
in a series, like Eq. (1001%) (an example is |1]). Odd ag iy mzy seem at firse, it is possible if the
powers of I in this spanning sct are regrouped into the set of polynomials known as the Legendre
pohymomials, Feir).

Two vectors x, ¥ arc orthogonal or perpendicular if (x, ¥} = 0. A finite or countably infinite
set of vectors {ghy, gy, .. o By, o o) I sald to be an onthogonal sedif (o, g} = 0,0 # J. A proper
arthagonal set is an orthogonal set none aof whose elements is the zero vector. A proper orthogonal
et i3 an independent ser. A set 8 orthonormal if

(hy. @) = '?: ie (10.19)

i=j

An important concept is that of a linear manifold in a Hilbert space. A set M is said to be a
linear mmanifiold if, for x and ¥ belonging 1o M, so does orx + By for arbittary complex numbers
o and #; thus, M is itself a linear space. If a linear manifold is a closed set, it is called a closed
linear manifold {Le., every Couchy sequence has a limit in the space} and is itself a Hilbert space,
In three-dimensicnal Eudidean space, linear manifolds are simply lines and planes containing the
origin. In a fnite-dimensional space, every linear manifold ks necessarily closed.

Let M be alinear manifold, closed or not. Consider the set M- afall vectors which are orthogonal
to every vector in M. It is a Hnear manifold, which can be shown to be closed. If M 15 dlosed, M
and M* are known as orthogonal complements. Given a linear manifold M, each vector in the
space can be decomposed in a unique manner, as 0 sum x, + 2, where x, is in M and z isin M=,

Given an infinite orthonormal set [¢, ¢y ... @,....] in the space of all square-integrable
functions on the interval [a, b], let [0,) be a sequence of complex numbers, The Riesz-Fischer
thearem tells how to represent an element in the space and states;

L If

x
¥ laal? (10.20)

n=|
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diverges, then

=]

Y ands (10.21)

e

diverpes,
2, M0 Eay. C10L20) commverges, then Bq, (10021 ) also converges fo sume clement g in the space and

iy = (. @) (10.22)

The next question that arises s how 1o constrect an orthonormal set from an independent sct

([ T €, - .. Aoway to do this is known as the Grans-Schmidt procedore. The construction
i ars [l bonwea:

1. Pick a functsn from the se1 (e ). sy ey, Let

&

i = {10.23)

- {eu,n}"-'

2. Remowe from o second function in the set (& ), say ¢, its projection on . This yields

£ = ey — (e, iy (10.24)
The vector g is a linear combination of ¢ and e, and & crthogonal 1o ¢y, To pormalize it
fnrrri
¢ = —2 (10.25)
(g g}

1. Pick another fumction from the set {eg ], say ey, and form
= & — (e, Bl — (63, 61, (10.26)

Mormalize gy in a manner similar 1o that used for g.
4. Continue until all functions in the set (&} have been used,

Note that the sets (ex ], (g ], and [y | all penerate the same linear manifold.
A basis consisting of orthonormal vectors is known as an orthonormal basis, 17 the basis vectors
are not pormalized, it is simply an erthogomal bases,

Example 10.2

Consider the interval [—1, 1] and the independentset gy = L es =1, ..., a =t ... The Gram~-
schmidt procodure applied to this set without normalization, but with the requrement that all
orthogonal functions take on the value 1 at ¢ = 1, gives the set of Lengendre polynomials, which is

W =1, =t daO=L37-1), @ =15"-30,...
(10.27)

It is next desired to approximate an arbitrary vector x in a Hilbert spece in terms of a linear combi-
nation of the independent set (&, ..., &}, where & < w if the space is an n-dimensignal Euclidean
space, and k is an arbitrary integer if the space is infinite dimensional. First, the orthonormal
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st [ehysinn | is constructed from {ey, ..., &) The unique, best approximation to x is the

i
S lx iy dy (10.28)

=]

which is geometrically the projection of x onto the linear manifold generated by [y, . ... @), o7
equivalently, the sum of the projections along the individual axes defined by gy, @, ..., . The
square of the distance between x and its projection is

k 2 i
x- Z{#- '.‘E'.}lﬁrrl = Jl«f? - Z |{x. o )1° (10.29)

dml J=)

Since the lefi-hand side is nonnegative, Bq, (10.29) gives Bessel's ineguality, which is

k
lel2 = 3 1w ) (10.30)

A convenient feature of the Fourier sum is the following: If another vector ¢y 15 added the
orthonormal approximating set of vectors, the beit approximation now becomes

k]

pIERAL (10.31)
=1

Thus, an additional term is added 1o the series expansion without changing previously computed
coefficients, which makes the extension to a countably infinite orthonormal approximating set
simple to envision. In the case of an infinite orthonarmal approximating set, Bessel's inequality
{101.30) mow has an infinite limit on the sum. Does the approximating sum {1031 comvenge to x 7
The answer is that corvergence can be guaranteed onby iF the set {g; | 12 extensive enough, that is,
il it is a basis or a complere artharorral set. In swch cases, Eq. (10.30] becomes an equality. In fact,
o number of equivalent criteria can be stated 1o determuine whether an orthonarmal set (g ) 5 a
basis or not [Stakgold, 1967]. These are:

1. In finite p-dimensional Eoclidean space, [gb; | has exactly » elemenis for completeness,
2. Far every x in the space of square integrable functions

x= ) (x. &0 {10.32)
i

3, For every x in ihe space of square-integrable functions

i
Bl =3 lix )l {10.33)
=]

{ ko as Parseval's equality),

4. Theonly x in the space of square-integrable functions for which all of the Fourier cocfficients
wanesh 15 the 0 function,

5. There exists no function ¢t ) in the space of squarc-integrable functions such that [¢, o,
Wy oo iy, ] 1 an onthonosmal sel
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Examples of complete orthonormal sets of trigonometric functions over the interval [0, T are as
follows: (1) The complex exponentials with frequencics cqual to the harmonics of the fandamental
frequency ag = 2n /T, or

1 et P ol et P Lo
VT Vit NIm VT JIx M
The factor {2x)"? in the denominatar is necessary to normalize the functions and is often not

included in the definition of the complex exponential Fourier series. (2) The sines and cosines with
frequencies equal to harmonics of the fundamental frequency oy = 2=/ T, ar

(10,34}

1 {Ccos dat ) {5 aogl (cos 2ant) {sin 2o )
NiTa Jr Jr ' x| g
(10,35

Note that if any function is left out of these sets, the basis is incomplete.

10.3 Application of Signal Space Representation
to Signal Detection

The M-ary signal detection problem is as follows: given M signals, so(r), 510r), ..., 5u(r), defined
over 0 < 1 = T. One is chosen at random and sent each T-second interval through a channel
that adds white, Gaussian noise of power spectral density N/2 1o it. The challenge is to design a
receiver that will decide which signal was sent through the channel during each T-second interval
with minimum probability of making an error.

An approach to this problem, as expanded upon in greater detail by Wozencraft and Jacobs [ 1965,
Chap. 4] and Ziemer and Tranter [1995, Chap. 9], is to construct a linear manifold, called the
signal space, using the Gram-Schmidt procedure on the M signals. Suppose that this results in the
orthanormal basisset [gh,, @, ..., g | where K = M. The received signal plus noise is represented
in this signal space as vectors with coordinates (note that they depend on the signal transmitted)

j= Irlrllllxl
Zip=Ay+ Np, P=1,2,.... M (10.36)
where
T
Aij =f {0 () dr {10.37)
B

The numbers £;; are components of vectors referred 1o as the signal vectors, and the space of ali
signal vectors is called the observation space. An apparent problem with this appeoach is that no
all possible noise waveforms added to the signal can be represented as vectors in this & -dimensional
observation space. The part of the noise that is represented is

K
mity =" Njp,() (10.38)
i=1
whete
T
N; nf nir)ed; () dr (10.39)
1]

In terms of Hilbert space terminology, Eq. (10.38) is the projection of the noise waveform oato the

Samsung Exhibit 1022, Page 41 of 182
Samsung Electronics Co., Ltd. et al. v. One-E-Way, Inc.
IPR2025-01541



140 Raxic Principles

Kennedy, B.5. 1969, Fading Dispersive Corrmrentoarion Charmels, Wibey, New York.

Knowles, M.D. and Drukarev, A.L 1988, Bit error rate estimation for channels with memory, JEEE
Tranz. Comnmen., COM-36{ Junc): 767769,

Neyman, | 1939, On a new class of contagious distribution, apphicable in emtomology and bacteri-
ology. Ann, Math, Seat, 10:35-57,

Rummler, WX 1979, A new selective fading model: Application to propagation data. Bell Syst.
Techi. [, S8(May Tune }: 10571071,

Semmar, A., Lecours, M., Chouinard, [, and Ahern, [. 1991. Characterization of error sequences in
UHF digital mobile radio channels. ITEEE Trans, Vieh, Tech,, 40{MNow. | 769-776,

Smith, D.R, and Cormack, LL 1982 Measurement and characterization of a mubtipath fading
channel. In 1982 Internattomal Conference on Comenunications, pp. THA.1-TBA6.

Stein, S., Schwartz, M., and Bennett, W. 1966, Contmrunication Systems and Techniques, McGraw-
Hill, New York.

Wozencraft, .M. and Jacobs, LM. 1967, Principles of Conmmunication Engineering, Wiley, New York.

Further Information
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14.2  Fomdamentals of Block '[:m.illltg... e

P i o=

T T e T e

implesment [Skiar, 1988],

A simplified model of a digital communication system which incorporal
in Fig. 14.1. The FEC code acts on a discrete data channel comprising all 5,
the encoder output and decoder input. The encoder maps the source data 1o g-ary code 5)
which are modulated and transmitted, During transmission, this signal can be corrupied, ¢
errors to arise in the demodulated symbol sequence. The FEC decoder attempts to correc
errors and restore the original source data,

A demodulator which outputs only a value for the g-ary symbol received during each
inberval Bs said o make hard decisions. In the binary symmetric channel {BSC), hard decisi
made on binary symibols and the probability of error ks independent of the vahse of the symbc
mm]:lln' of a BSC 1% the ml'lcrmtl:r demodulated I:rhuqr pt
by additive white Gaussian noise (AWGN]. The conditic

TR

W 1F e R P, 1
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|I ;

FIGURE 14,1 Tk -l‘|-'-l-|";|.'|r'l! ol 2 1'J|':L'.J| conmmmeioation sestern with forward erns cormechion.

—E, 0 K,
Solt decirion catput: 000 | 001 | 010 011 - 100 101 | 110 111
V! devision mpz: 0 1

FIGLURE 1.2 Hard and soft decision demodulation of a coherently demodulated BPSK
signal corrupted by MWGHN, ({2 | Dhand fiz | 00 ane the Gaussianly disiribuied condstional
probability density functions at the threshold device.

result with this system are depicted in Fig. 14.2. The probability of error is given by the area under
the density functions that lies across the decision threshold, and is a function of the symbol encrgy
E; and the one-sided noise power spectral density Ny.

Alternatively, the demodulator can make soft decisions or output an estimate of the symbaol value
along with an indication of itz confidence in this estimate, For example, if the BPSK demodulator
uses three-hit quantization, the two beast significant bits can be taken as a confidence measure,
Possible soft-decision thresholds for the BPSK signal are depicted in Fig. 14.2. In practice, there is
little to be gained by using many soft-decision quantization levels,

Block and convolutional codes introduce redundancy by adding parity symbals to the message
data. They map k source symbels 1o n code symbols and are said to have code rate R = k/n.
With fixed information rates, this redundancy results in increased bandwidth and lower energy
per transmitted symbsal. At low signal-1o-notse ratios, these codes cannot compensate for these
impairments, and performance is degraded. At higher ratios of information symbol energy Ex
o noise spectral density Ny, however, there is coding gain since the performance improverent
offered by coding more than compensates for these impairments. Coding gain is usually defined as
the reduction in required E, /Ny to achieve a specific errar rate in an error-control coded system
over one without coding. In contrast to block and convelutional codes, trellis-coded mudulation
introduces redundency by cxpanding the size of the signal set rather than increasing the number of
symbols transmitted, and so offers the advantages of coding to band -limited systems,

Each of these coding techniques is considered in turn. Following a discussion of interleaving and
concatenated coding, this chapter concludes with a beiel overview of FEC applications.

14.2 Fundamentals of Block Coding

In block codes there is a one-to-one mapping between k-symbol source words and n-symbol
eodewords. With g-ary signalling. ¢* out of the g" possible 1- tuples are valid code vectors, The set
of all n-tuples forms a vector space in which the ¢° code vectors are distributed. The Hamming
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distance between any two code vectors is the number of symbals tn which they differ; the mininmum
distance iy, of the code is the smallest Hamming distance between any two codewords,

There are two contradictory objectives of block codes, The first is 1o distribute the code vectors
in the vector space such that the distance between them is maximized. Then, if the decoder receives
4 corrupled vector, by evaluating the nearest valid code vector it will decode the correct word with
high probability. The second is to pack the vector space with as many code vectors as possible to
reduce the redundancy in transmission,

When code vectors differ in at least dpyy positions, a decoder which evaluates the nearest code
wvector o each received word s guaranteed to cormect up 1o § mndom symbol evrors per word if

Brin = 20+ 1 [14.1)

Alternatively, all ¢" — g* illegal words can be detecied, including all error patterns with dyin — 1
or fewer errors, Tn general, a block code can correct all patterns of ¢ or fewer errors and detect all
patterns of u or fewer errors provided that u > r and

e =0+ uw+ 1 (14,2}

I g = & knowledge of the positions of the errors i sulficient for their correction; if ¢ > 2, the
decoder must determing both the positions and values of the errors, If the demodulator indicates
positions i which the symbol values are unreliable, the decoder can assume their vilue unknown
and has anly to solve for the value of these symbals. These positions are called erasures. A block
oodle camy coerect up 1 F erfors aiidd © efasuies i each wond &

dgin = 2t +u 41 (14.3)

14.3 Structure and Decoding of Block Codes

Shannon showed that the performance limit of codes with fixed code rate improves as the block
length increases, Asn and & increass, however, practical implementation requires that the mapping
from message to code vector not be arbitrary but that an underlying structure to the code exist.
The structures developed 1o date limit the error correcting capability of thess codes 1o below what
Shannon proved possible, on average, for a code with random codeword assignments. The search
fior good constructive codes continues.

A property which simplifies implementation of the coding operations is that of code linearity. A
code is linear if the addition of any twio code vectors forms another code vector, which implies that
the code vectors form a subspace of the vector space of n-tuples. This subspace, which contains
the all-zero vector, i spanned by any set of k linearly independent code vectors. Encoding can be
described as the multiplication of the information E-tuple by a generator matrix G, of dimension
k x n, which contains these basis vectors as rows. That is, a message vector my is mapped to a code
vector ¢ according to

& =m@G, i=0,1,....a%8 =1 (14.4)

where elementwise arithmetic is defined in the finite Beld GFig). In geneml, ithis encoding pro-
cedure results in code veetors with nonsystematic form in that the values of the mcssape sy mbals
cannot be determined by imspection of the code vecior. However, il G has the form [ I, P} where |
i the & 2 & identily marrix and Fisa k o (o — &) matris of parity checke, then the & most significant
symbols of each code vector ane identical 1o the message vector and the code has systematic foam.
This notation assaemcs That veclors are written wath thetr maost significant or first symbols in time
on ihe behl, o comendion wsed throughout this chapier.
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For each generator matrix there is an (n — k) = & parity check matrix H whose rows are orthogo-
nal to the rows in G, i.e., GH” = 0. Ifthe code is systematic, H = [—PT, L, _,]. Since all codewords
are linear sums of the rows in G, it follows that gH” = O forall i, = 0.1,....¢" = 1, and
that the validity of the demodulited vectors can be checked by performing this multiplication.
If a codeword ¢ is corrupted during transmission s0 that the hard-decision demodulator outputs
the vector ¢ = ¢ + e where & is & nonerd ecror pattern, the result of this multiplication s an
i — kj=tuple that is indicative of the validity of the sequence. This resuly, called the symdrome 5,
i3 dependent only on the error pattern since

s=¢HT =(ct e)H =cHT + eHT = eH" (14.5)

If the error pattern is a code vector, the errors go undetected. For all other error patterns, however,
the syndrome is nonzero. Since there are g" =k — | nonzero syndromes, g®~* = 1 error patterns can
be corrected. When these patterns include all those with ¢ or fewer ervors and no others, the code is
said to be a perfiect code. Few codes are perfect; most codes are capable of correcting some patterns
with more than ¢ errors. Standard array decoders use lookup tables to associate each syndrome
with an error pattern but become impractical as the block length and number of parity symbols
increases. Algebraic decoding algorithms have been developed for codes with stronger structure.
These algorithms are simplified with imperfect codes if the patterns cormected are limited to those
with 1 or fewer errors, a simplification called bounded distance decoding.

Cyclic codes are a subclass of linear black codes with an algebraic structure that enables encoding
to be implemented with a lincar feedback shift register and decoding to be implemented without
a lookup table. Asa result, most block codes in use today are cyclic or are closely related to ovclic
codes. These codes are best described i veclors are interpreted as pelynomials and the arithmetic
fiollows the rules for polynomizls where the elementwise operations are defined in GFig). Inacyclic
oode, all codeward polynomials are multiples of a generator polynomial g(x) of degree s — &, This
polynomial is chosen to be a divisor of x® — 1 so that a cyclic shift of a code vector yields another
code vector, giving this class of codes its name. A message pobmomial sy (x) can be mapped 1o a
codewand polynomial ¢ (x) in nonsystematic form as

gi(x) =mi(x)glx), i=0,1,....4" -1 (14.6)
In systematic form, codeward polymamials have the form
Ef(I}=mf!l.f_}.T.-t-r‘f£.r!, E=D.1.....if -1 (14.7)

where r; (1) i the remainder of m; (x1x* % divided by g (x). Polynomial muliplication and division
can be casily implemented with shift registers [Blahut, 1983].

The first step in decoding the demodulated word is 10 determine if the word 3 a mulple of
gix} This is done by dividing it by g{x) and examining the remainder. Since polynomial division
i5 4 linear operation, the resulting symdrome 5(x) depends only on the ervor pattern. I £7{x) &5
the all-zero polynomial, transmission is errorless or an undetectable error pattern has occurred.
If 5(x) is nonzero, at least one error has occurred. This is the principle of the cydic redundancy
check (CRC). It remains to determine the most likely error pattern that could have generated this
symdromie

Single error correcting binary codes can use the syndrome to immediately bocate the bit in error,
More powerful codes use this information to determine the locations and values of multiple errors.
The mast prominent approach of doing so is with the iterative technique developed by Berlekamp.
This technique, which involves computing an error-locator polynomial and solving for its roots,
was subsequently interpreted by Massey in terms of the design of a minimum-length shift register.
Once the location and values of the errors are known, Chien's search algorithm efficiently corrects
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the code and is important for evaluating the performance of a code that uses threshold decoding. As
i increascs, d. (1) approaches the free distance of the code, dipee, which is the minimum Hamming
distence in the set of arbitrarily lang paths that divesge and then remerge in the trellis.

With maximum likelihood decoding, convalutional codes can generally correct up to 1 errors
within three 1o five constraint lengths, depending on how the errors are distributed, where

ivee = 2 + 1 (14.8)

The free distance can be calculated by exhaustively searching for the minimum-weight path that
returns to the all-zern state, or evaluating the term of kewest degree in the generating function of
the code.

The objective of a convelutional code is 1o maximize these distance properties. They generally
improve a5 the constraint length of the code increases, and nonsystematic codes generally have better
propertics than systematic ones. Good codes have been found by computer ssarch and are tabulated
in many texts, including [Clark and Cain, 1981]. Comolutional codes with high code rate can be
constructed by puncturing or periedically deleting coded symbaols from a low rate code. A list of
low rate codes and perforation matrices that result in good high rate codes can be found in many
sources, including [Wu et al,, 1987]. The performance of good punctured codes approaches that of
the best comvolutional cosdes known with similar rate, and decoder implementation is significantly
less complex.

Comvolutional codes can be catastrophic, having the potential to generate an unlimited number
of decoded bit errors in response to 4 finite number of errors in the demodulated bit sequence.
Catastrophic error propagation is aveided if the code has generator polynomials with a greatest
common divisor of the form x” for any a or, equivalently, if there are no closed-loop paths in the
state diagram with all-zero output other than the ene taken with all-zero input. Systematic codes
are Nt catasirophic.

14.6 Decoding of Convolutional Codes

In 1967, Viterbi developed a maximum likelihood decoding algorithm that tekes advantage of the
trellis structure to reduce the complexity of the evaluation, This algarithm has become known as
the Viterbi algorithm. With each received n-tuple, the decoder computes 2 metric or measure
of likelihood for all paths that could have been taken during that interval and discards all but the
most likely to terminate on each node. An arbitrary decision is made if path metrics are equal.
The metrics can be formed using either hard or soft decigdon information with linle difference in
implementation complexity.

If the message has finite length and the encoder is subsequently flushed with zeros, a single
decoded path remains, With a B5C, this path corresponds to the valid code sequence with minimum
Hamming distance from the demodulated sequence, Full-length decoding becomes impractical as
the length of the message sequence increases. The maost likely paths rend 1o have a commeon stem,
however, and selecting the trace value four or five times the constraint length prior to the present
decoding depth results in near-optimum performance. Since the number of paths examined during
each interval increases exponentially with the constraint length, the Viterbi algorithm alss becomes
impractical for codes with large constraint lengeh. To date, Viterbi decoding has been implemented
for codes with constraint lengths up to ten, Other decoding technigues, such as sequential and
threshold decoding, can be used with larger constraint lengths.

Sequential decoding was proposed by Worencraft, and the most widely used algorithm was
developed by Fano. Rather than tracking multiple paths through the trellis, the sequential decoder
operates on a single path while scarching the code tree for a path with high probability. It makes
tentative decisions regarding the transmitted sequence, computesa metric between its proposed path
and the demodulated sequence, and moves forward through the tree as long as the metric indicates
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ensures improved Euclidean distance 1s the method of set partitioning. This imvolves separating
all parallel paths on the trellis with maximum distance and assigning the next greatest distance o
paths that diverge from or merge ento the same node. Figures 14.6(c) and 14.6(d) give examples
of mappings for the rate 2/3 code with 8-PSK and 8-PAM signal constellations respectively.

As with convolutional codes, the free distance of a TCM code s defiuved as the minimum distance
between paths through the treflis, where the distance of concern is now Euclidean distance rather
than Hamming distance, The free distance of an uncoded signal is defined as the distance between
the closest signal points. When coded and uncoded signals have the same average power, the coding
gain of the TCM system is defined as

(14.9)

d
coding gain = 20log,, (ﬂ)

dirce, uncoded
[t can be shown that the simple, rate 2/3 8 phase-shift keying (PSK) and & pulse-amplitude modula-

tiosn (PAM) TCM systems provide galns of 3 dBand 3.3 dB, respectively | Clark and Cain, 1981]. More
comphex TCM systems yield gains up to 6 dB. Tables of good codes are given in [Ungerboeck, 1987].

14.8 Additional Measures

When the demodulated sequence contains bursts of errors, the performance of codes designed o
correct independent errors improves if coded sequences are interleaved prior to transmission and
deinterleaved prior to decoding. Deinterleaving separates the burst errors, making them appear
more random and increasing the likelihood of accurate decoding. It is generally sufficient 1o inter-
leave several block lengths of a block coded signal or several constraint lengths of a convolutionally
encoded signal. Block interleaving is the most straightforward approach, but delay and memory
requirements are halved with convolutional and helical interleaving techniques. Persodicity in the
wary sequences are combined is avoided with pseudorandom interleaving.

Concatenated codes, first investigated by Forney, use two bevels of coding to achieve o level
of performance with less complexity than a single coding stage would require. The inner code
interfaces with the modulator and demodulator and corrects the majority of the errors; the outer
eode corrects errors that appear at the output of the inner-code decoder. A convalutional code with
Viterhi decoding is usually chosen as the inner code, and an RS code is often chosen 25 the outer
code due to its ability 1o correct the bursts of bit ervors which can result with incorrect decoding of
trellis-coded sequences. Interleaving and deinterleaving outer-code symbaols between coding stages
offers further protection against the burst ercor output of the inner code.

FEC coding remained of theoretical interest until advamces in digital technology and improvements
in decoding algorithms made their implementation possible. It has since become an antractive
alternative to improving other system components or bogsting transmission power. FEC codes
are commonly used in digital storage systems, deep-space and satellite communication systems,
terrestrial radio and band limited wireline systems, and have also been proposed for fiber op-
tic transmission. Accordingly, the theory and practice of error correcting codes now occupies a
promminent pasition in the feld of communications engineering.

Deep-space systems began using forward evror correction in the early 19704 to reduce transmis-
100 power requirements, and used multiple exror correcting RS codes for the first time in 1977 10
profect against corruption of compressed image data in the Voyager missions | Wicker and Bhargava,
1994]. The Consultative Committee for Space Data Systems (CCSDS) has since recommended wse
of a concatenated coding system which uses a rate 1/2, constraint length 7 convolational inner code
and a {255, 223) RS outer code.
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Coding is now commonly used in satellite systems to reduce power requirements and overall
hardware costs and 1o allow choser orbital spacing of geosynchronous satellites |Berlekamp et al,,
1987]. FEC codes play integral roles in the VSAT, MSAT, INTELSAT, and INMARSAT systems |Wy
etal,, 1987|. Further, a (31, 15} RS code is used in the joint tactical information distribution system
(ITIDS), a (7. 2) RS code is used in the air force satellite communication system (AFSATCOM),
and a (204, 192) RS code has been designed specifically for satellite time division multiple access
(TDMA) systems. Another code designed for military applications involves concatenation of a
Golay and RS code with interleaving to ensure an imbalance of 1's and 0% in the transmitted
symbol sequence and enhance signal recovery under severe noise and interference [Berlekamp
ot al., 19877,

TCM has become commanplace in transmission of data over voiceband telephone channels.
Modems developed since 1984 use trellis coded QAM modulation to provide robust communication
at rabes above 9.6 kb5,

FEC codes have also been widely used in digital recording systemis, most prominently in the
compact disc digital audio system. This system uses two bevels of coding and interleaving in the
cross-interleaved RS eoding {CIRC) system to correct errors that result from dise imperfections
and dirt and scratches which accumulate during use. Steps are also taken to muate uncorrectable
sequences [Wicker and Bhargiva, 1994],

Defining Terms

Binary symmetric channel: A memeryless discrete data channel with binary signalling, hard-
decision demodulation, and channel impairments that do not depend on the value of the
symbol transmitted,

Bounded distance decoding:  Limiting the error patterns which are corrected in an imperfect code
to those with § or fewer errors.

Catastrophic code: A convolutional code in which a finite number of code symbol errors can
cause an unlimited number of decoded bit errors.

Coderate:  The ratic of source word length to codeword length, indicative of the amount af
information transmitted per encoded symbal.

Coding gain:  The reduction in signal-to-neise ratio required for specified error performance ina
block or convolutional coded system aver an uncoded system with the same infarmation rate,
channel impairments, and modulation and demodulation techniques. In TCM, the ratio of
the squared free distance in the coded system to that of the uncoded system.

Column distance: Theminimum Hamming distance between convolutionally encoded sequences
of a specified length with different leading n-tuples,

Concatenated codes: Two levels of codes that achieve  level of performance with less complexity
than a single coding stage would require. The inner code is often a convolutional code, and
the outer code is usmally an RS code,

Cyclic code: A block code in which cyclic shifis of code veetars are also code vectors.

Cyclic redundancy check: When the syndrome of a eychic block code is used to detect errors.

Designed distance: The guaranteed minimum distance of & BCH code designed to correct up to
f errors.

Discrete data channel: The concatenation of all system elements between FEC encoder oulput
and decoder input

Distance profile: The minimum Hamming distance after each encoding interval of convelution-
ally encoded sequences which differ in the first interval,

Erasure: A position in the demodulated sequence where the symbol value is unknown.

Finite field: A finite st of elements and operstions of addition and multiplication that satisfy
specific properties. Often called Galods fields and denoted GF{g), where g is the number of
elements in the ficld. Finite fiekds exist for all g which are prime or the power of a prime.
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Free distance:  The minimum Hamming weight of convolutionally encoded sequences that diverge
and remerge in the trellis. Egquals the maximom column distance and the limiting valoue of
the distance profile.

Generator matrix: A matrix used 1o describe a hinear code, Code vectors equal the information
vectors multiplicd by this matrix,

Generator polyomial:  The polynomial that s a diviser af all codeword polynomials in a cyclic
block code; a polynomial that describes cincuit connections in 2 convolutional encoder.

Hamming distance: The number of symbals in which codewords differ.

Hard decision:  Demodulation that outputs only a value for each recesved symbaol,

Interleaving: Shuffling the coded bit sequence prior to modulation and reversing this operation
following demodubation. Used to separate and redistribute burst errorsover several codewords
i{block codes) or constraint lengths (irellis codes) for higher probability of correct decoding
by codes designed to correct random errors.

Linearcode: A code whose code vectors form a vector space. Equivalently, a code where the
addition of any two code vectors forms another code vector.

Muximum distance separablez A code with the largest possible minimum distance given the block
length and code rate. These codes meet the Singleton bound of i = 0 =k + 1,

Metrict A measure of goodness against which items are judged. In the Viterbi algorithm, an
indication of the probability of a path being taken given the demodulated symbol sequence.

Minimum distance: [nablock code, the smallest Hamming distance between any two codewords.,
In & convalutional code, the column distance after K intervals,

Parity check matrie A matrix whose rows are arthogonal 1o the rows in the generator matrix of
a linear code. Errors can be detected by multiplying the received vector by this matrix.

Perfect code: At ervor correcting (n, &) block code inwhich "% = 1 = 3, (7).

Puncturing: Periodic deletion of code symbaols from the sequence generated by a comvolutional
encoder for purposes of constructing a higher rate code. Also, debetion of parity bitsina block
oo,

Set partitioning:  Rules for mapping coded sequences to points in the signal constellation that
always result in a larger Fuclidean distance for a TCM system than an uncoded system, given
zpproprizte construction of the trellis,

Soft decision:  Demodulation that outputs an estimate of the mﬁtn‘td symnbol value along with
an indication of the reliability of this value, Usually implemented by quantizing the received
signal to more levels than there are symbol values.

Standard array decoding:  Association of an error pattern with each syndrome by way of a lookup
table,

Syndrome: An indication of whether or not errors are present in the demodulated symbol se-
quence.

I Systematic code: A code inwhich the values of the message symbaols can be idemtified by inspection
|| of the code vectar.

Viector space:  An algebraic structure comprised of a set of elements in which operations of vector
addition and scalar multiplication are defined. For our purposes, a set of n-tuples consisting
of symbols from GF{g) with addition and multiplication defined in terms of elementwise
operations from this finite ficld.

Viterbi algorithm: A maximum-likelihood decoding algorithm for trellis codes that discards bow-
probability paths at each stage of the trellis, thereby reducing the total number of paths thaz
must be considered,

[t

elerences

Berlekamp, B, Peile, BLE., and Pope, 5.1 1987, The application of error contrel to communica-
tions. JEEE Commun. Mag. 25(4]:44-57.

Samsung Exhibit 1022, Page 50 of 182
Samsung Electronics Co., Ltd. et al. v. One-E-Way, Inc.
IPR2025-01541



15

Automatic Repeat
Request

151  [Introduction. . R A - 181

15.2 Fundamentals md El-anl: hthmmc H::pm thursl Schnn:: 182
Basic Principles « Stop-and-Walt Automatic Repeat Bequest »
Sliding Window Protocals

153 Performance Analysis and Limftations .. _............coovnennnen, 187
SEnp-and-Wait Avtomatic Repeat Requesi = Continoous Aufomatic
Repeat Requen: SEding Window Pretacod

154 Wariants of the Basic Aulomatic Repeat Request Schemes ... 193

55 Hybrid Forward Error Contrel /Auiomatic Repeat Rr.-qw.'n

David Haccoun. I S s e R s S s 194
Loale Ptrecciahiigua da Momdedal 15.6 .i.ﬁl]ml!un F"ﬂhl'm _________________________________________________ 195
Samuel Pierre Solution

Lfpverfe il Fivathec Tﬁ? -I:‘mrlluhn s PP S SR R e BRI EE A R b Rk lﬁ

15.1 Introduction

i st digital comumuimication systems, whenever error events occar in the transmitted messages,
some action must be taken o correct these events, This action may take the form of an error
correction procedure that stternpts to correct these errars. Tn some applications whene a two-way
communication link exists between the sender and the receiver, the receiver may inform the sender
that 4 mestage has been received in ervor and, hence, request a repeat of that message. 1n principle,
the procedure may be repeated as many times as necessary until that message is received error free,
An error control system in which the erroneously received messapes are simply retransmyitied is
calbed automiatic-repent-requsit (AR,

In ARQ systems, the receiver must perform only an error detection procedure on the received
messages without attempting o correct ihe errors, Hence, an error detecting code, in the form of
specific redundant or parity-check symbols, must be added to the information-bearing sequence.
In general, as the error detecting capability of the code increases, the number of added redundant
symbols miust also be increased. Clearly. with such a system, an erroncously received mestage is
delivered to the user only if the receiver fails to detect the presence of errors. Since error detection
coding is simple, powerful, and quite robust, ARD sysiems constitute a simple and efficient method

H for providing highly reliable transfer of messages from the source to the user over a variety of
transmission chanmels. ARD systems are therefore widely used in data commumnication systems that
are highly sensitive to errors, such as in computer to computer communications,

18]
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This chapter presents and discusszes principles, performances, limitations, and variants of basic
ARQ strategies, The fundamentals of the basic ARQ schemes are presented in Sec. 15.2, whereas
the performance analysis and the limitations are carried out in Sec. 153, Section 154 presents
some of the most commin variants of the basic ARC schemed, and hybrid forward error contral
[FEC}/ARQ techniques are outlined in Sec. 15.5, Fmally, an application problem is provided in
Sec. 15.6. )

15.2 Fundamentals and Basic Automatic Repeat
Request Schemes

Messages transmitted on a communication channel are subjected 10 errors, which must be detected
and for corrected a1 the receiver. This section presents the basic principles underlying the concept
of error contral, using retransmission schemes,

Basic Principles

In the seven-layer open system interoonnection (051 model, error control refers 1o some basic
functions that may be performed at several layers, expecially at the trangport loyer (level 4) and ar
the data link layer (level 2). The transpart layer is responsible for the end-to-end transport of infor-
mation processed as profoced diate nrir (PDU) through a network infrastruciure, An intermediate
layer, called network layer (bevel 3], ensures that messages, which are broken down into smaller
blocks called packets, can successfully be switched from one node to another of the nerwork.

The error control on cach individual link of the network is performed by the data link layer,
which transforms packets received from the network Leyer into frames by adiding address, control,
and error check fields prior to their transmission into the channel. Figure 15.1 shows an example
of the frame structure, whose length, which depends on the particular data link protocol wsed,
usually varies approximately between 50 and 200 bytes. The length of each field also depends on
the particular data link control protocol employed, The data link layer must ensure a correct and
arderly delivery of packets between swilching nodes in the network., The objective of the error
control is to malntain the integrity of the data in the frames as they transit throwgh the links,
owercoming the boss, duplication, desequencing, and damage of data and control information bits
al these various levels, Most ARD error control technigues integrate error detection wsing standand
eyelic redundancy check (CRC), as well as requests for retransmission using PDLUL

Error control coding consists essentially of adding to the information bits to be transmitted same
extra or redundant bits, called perity-check bits, on a regular and controlled manner. These parity-
check bits, which are removed at the recciver. do not convey information but allow the receiver to
detect and possibly correct errors in the received frames.

The single parity-check bit used in ASCII is an example of a redundant bit for error detection
purposes. It is an eighth bit added 1o the seven information bits in the frame representing the
alphanumeric character to be transmitted. This bit eakes the value 1 if the number of 15 in the first

A.dde Diata packet (CRC)

Header Trailer

[ o —H

FIGURE 15.1  Structure of a frame.
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seven bits is odd (odd parity), and 0 otherwise, At the receiver, the parity check bit of the received
frame is computed again in order to verify whether or not it agrees with the received panty check
bit. A mismatch of these parity check bits indicates that an odd number of errors has occurred
during transmission, leading the receiver to request a retransmission of the erroneous frame.

ARQ refers to retransmission techniques, which basically operate as follows. Erroncously re-
ceived frames are retransmitted until they are received or detected as being error free; errors are
detected using a simple detection code, Pesitive (ACK) or negative (NAK) acknowledgments ane
sent back by the receiver to the sender over a reliable feedback channel, in order 1o report whether
a previously transmitted frame has been received error free or with errors. In principle. a positive
acknowledgment signals the transmitter to send the next data frame, whereas a negative acknowl-
edgment is a request for frame retransmission. stop-and-wait, go-back-N, and selective-repeat are
the three basic versions of ARQ, the Last two schemes being usually referred 1o as diding window
protocols,

Stop-and-Wait Automatic Repeat Request

Stop-and-wait ARQ is a very simple acknowledgment scheme, which works as follows. Sender
and receiver communicate through a half-duplex point-10-point link. Following rransmission of
a single frame to the receiver, the sender waits for an acknowledgment from the receiver before
sending the next data frame or repesting the same frame. Upon receiving a frame, the receiver
sends back 1o the sender a positive acknowledgment (ACK) if the frame is correct; otherwise it
transmits a negative acknowledgment (NAK).

Figure 15.2 illustrates the frame flow for stop-and-wait ARCQ. Frames F1, F2, F3,... are in
queue for transmission. Al time &, the sender transmits frame F1 1o the receiver and stays idle
until either an ACK or NAK is received for that frame. Ar time 1y, F1 is correctly received, hence an
ACK is sent back. At time 1z, the sender recerves this ACK and transmits the next frame F2, which
is received at time £ and detected inerror. Frame F2 is then discarded at the receiver and a NAK is
therefore returned 1o the sender. At time £y, the sender receiving a NAK for F2 retransmits a copy
of that frame and waits again, until it receives al time i either an ACK or MAK for F2. Assuming
il is an ACK, as illustrated in Fig, 15.2, the sender then proceeds to transmit the next frame F3,
and s0 an. Clearly, such a technique requires the sender to store in a bulfer a copy of a transmitted
frame until a postive acknowledgment has been received for that frame,

Obwvinusky, this technique does not take into account all contingencies. Indeed, it i possible tha
somic [ransmitted frames damaged by tranemission impairments do not even reach the receiver,
m which case the receiver cannot even acknowlodge thern, To overcome this situaticon, a tmer i
integrated in the sender for implementing a fime-ent mechanism, A time out issome pre-cstahlished

FIGURE 152  Ssop-anml-waln ARG
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time interval beyond which a transmitted frame is considered lost if its acknowledgment s not
recemved; a timed-oul frame s wsaally simply retransmitted.

Another undesirable situation can be described as follows. The sender transmits a copy of some
frame F, which is received correctly by the receiver. A positive acknowledgment (ACK) ks then
returned fo the sender. Unfortunately, this ACK may be corrupted during its iransmission in the
feedback channel sa that it becomes unrecognizable by the sender which therefore transmits another
copy of the same frame. As a result, there is a possibility of frame duplication st the receiver leading
to an ambiguity between a frame and its immediste predecessor or successor. This ambiguity can be
easily resolved by anaching a sequence number in each transmitted frame, In practice, a single-bit
{0 or 1) inserted in the header of each frame is sufficient to distinguish a frame from its duplicate
&t the receiver.

Stop-and-wait ARC) schemes offer the advantage of a great simplicity, However, they are not
very suitable for high-speed modern communication systems since data is transmitted in one
direction only. Protocols in which the ACK for a frame must be received by the sender prior to
the transmission of the next frame are referved to as pasitive acknesladyrnent with retransmision
(PAR) protocols. The principal weakness of PAR schemes is an inefficient link utilization related
to the time lost awaiting for acknowledgments before sending another frame, especially if the
propagation delay is significantly longer than the packet transmission time, suich as in satellite links.
To evercome this shortcoming, PAR schemes have been adapted to more practical situations, which
redquire transmitting frames in both directions, using full-duplex links between sender and receiver.
Clearly then, each direction of iransmission acts as the forward channel for the frames and as the
return channel for the acknowledgments, Now in arder 1o improve further the effickency of each
channel, ACK/MNAK control packets and information frames need not besent separately. Instesd, the
scknowledgment about each previously received frame is simply appended to the next transmirted
frame. In this technigue called pigeybacking, clearly, transmission of the acknowledgment of a
received frame i dedayed by the transmission of the next data frame, A fixed maximum waiting
time for the arrival of & new frame is thius set. If no new frame has arrived by the end of that waiting
time, then the acknowledgment frame 15 sent separately. Even with piggybacking, PAR schemes still
require the sender to wait for an acknowledgment before transmitting another frame. An obvious
improvement of the efficiency may be achieved by relaxing this condition and allow the sender to
transmit up to W, W = 1 frames without waiting for an acknowledgment. A further improvement
stall i to allow a continuous iransmission of the frames withoot any waiting for acknowledgmenis,
These protocols are called Continuonus ARQ and are associated with the concept of sliding window
protocols,

Sliding Window Protocols

Te overcome the inetfficiency of PAR schemez, an abvious solution is not 1o stay idle between frame
transmissions. One approach is to use a sliding window protocol where a window refers to a subset
of consscutive [Fames.

Consider a window that contains N frames numbered @, w1, .., @+ N = 1, a5 shown in
Fig. 15.3, Every frame using a number smaller than o has been sent and acknowledged as identified
in Fig. 15.3 as frames before the window, whereas no frame with a number larger than or equal to
w + N, identified as frames beyond the window, has yet been sent. Frames in the window that have
been sent but that have not yet been acknowledged are said to be outstanding frames. Az outstanding
frames are being acknowledged, the window shifts to the right 1o exclude acknowledged frames and,
subsequently, 1o include the new frames that have Lo be sent. Since the window must always contain
frames that are numbered consecutively, the frumes are excluded fom the window in the same
order in which they were included.

To limat the number of outstanding frames, a limit on the window stie may be determined. When
this Himit 15 reached, the sender sccepis no more frames. A window size N = | corresponds to the
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stop-and-wait protocal, whereas a window size greater than the rotal number of frames thal can be
represented in the header field of the frame refers to an unrestricted profacal. Clearly, the window
size has some influence on the network traffic and on buffening requirements. Go-back-N and
selective-repeal may be considered as two commeon implementations of a sliding window protocol
as will be described pext.

Go-Back-N Antomatic Repeat Request

Go-back-N ARQ schemes use continuous transmission without waiting for ACK between frames.
Clearly, a full-duplex link between the sender and the receiver is required, allowing a number
of consecutive frames 1o be sent without receiving an acknowledgment. In fact, ACKs may not
even be transmitted. Upon detecting a frame in error, the recefver sends @ MAK for that frame
and discards that frame and all succeeding frames, until that erroneous frame has been correctly
received, Following reception of a NAK, the sender completes the transmission of the current frame
and retransmits the erreneous frame and all subsequent ones.

In accordance with the sliding window protocol, each frame is numbered by an integer £ =
0,1,2....,2" = 1, where k denotes the number of bits in the number field of the frame. In general,
in order to Facilitate their interpretation, frames are all numbered consecutively modulo-2*. For
example, for k = 5, frames are numbered 0-7 repeatedly.

it is important 1o fix the maximum window size, that is, the maximum number of outstanding
frames waiting to be transmitted at any one time. To avold two different outstanding frames having
the same number, as well as to prevent pathological protocol faitures, the maximum window size
s & = 2' — 1. It follows that the number of discarded frames & at most equal to N; however, the
actual exact number of discarded frames depends also on the propagation delay. For most usual
applications, a window of size ¥ = 7 (Le., & = 3) is adequate, whereas for some satellite links the
window size N s usually equal vo 127,

Figure 15.4 llustrates the frame flow for a go-back-¥ ARD scheme, with & = 3 and, hence,
N = 7. Thus the sender can transmit sequences of frames nombered FO, F1, F2, ..., Fi. As
shown in Fig, 15.4, simce the receiver detects an error on frame F3, it returns NAKS to the sender
and discards both F3 and the succeeding frames F4, F5, and F6, which because of propagation
delays have already been transmitted by the sender before it received the negative acknowledgment
MAK3. Then, thesender retransmits £ 3and the sequence of frames F4, F5,and Fé, and proceeds to
transmit F7 {ustng the current sequencing) st well as frames FO, F1, ..., using the next sequencing.
Obwiously should any of the preceding frames be received in error, then the same repeat procedure
is implemented, starting from that frame in error.

Ge-back-N procedures have been implemented in various data link protocels sach as high-level
data link contral (HDLC), which refers to layer 2 of the seven-layer 061 model, and transmission
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control protocoel finternet protoco] (TCP/1F), which supports the Internes, the world's largest inter-
connections of computer networks. Indeed. 1o ensure refiable end-10-end conmections and improve
the performance, TCP uses a shiding window protocol with timers. In accordance with this protocol,
the sender can transmit several TCP medsages or frames before an acknewledgment is received for
any of the frames. The number of frames allowed in transit is negotisted dynamically using the
window field in the TCP header.

As an implementation of the diding window protocol, the go-hack-N scheme is more efficient
and more general than the stop-and-wait scheme, which is clearly equivalent 10 go-back- ¥, with
N = 1. However, go-back-N presents the disadvantage of requiring a prerequisite numbering of
frames as well as the buffering in the window of N frames awaiting positive acknowledgments.
Furthermore, in the absence of a controlled source, all incoming frames not yet accepted by the
window must be buffered while they wait to be inserted in the window. Inefficiency is also due to
the discarding of all frames that follow the frame received in error, even though these frames may be
ervor free. On the other hand, such a procedure presents the advantage of maintaining the proper
sequencing of the frames accepted at the receiver,

Selective-Repeat Automatic Repeat Heguest

To overcome the inefficiency resulting from unnecessarily retransmitting the error-free frames,
retransmissson can be restricted to only those framies that have been detected in error. Repeated
frames correspond to erroneous or damaged frames that are negatively acknowledged as well as
framees for which the time out has expired. Such a procedure is referred (o as sebective-repeat ARQ,
which obviousty should improve the performance over both stop-and-wait and go-back- ¥ schemes.
Maturally, a full -duplex link is again assurned.

Figuare 15.5 illustrates the frame flow for selective-repeat ARC). The frames appear to be disjointed
but there is no idle time between consecutive frames. The sender transmits o sequence of frames
Fl,FY F3,.... Ax illusirated in Fi&. 15.5, the receiver detects an ermor on the third frame F3
and thus returns a negative acknowledgment denoted NAK3 1o the sender. However, due to the
contindous nature of the protocol, the succeeding frames F4, F5, and F6 have alrcady been sent
and are in the pipeline by the time the sender receives NAK3, Upon receiving NAK3, the sender
completes the transmission of the current frame ( F6) and then retransmits #3 before sending the
next frame F7 in the sequence. The correctly received but incomplete sequence F4, F5, F6 must
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FIGURE 15.5 Selective-repeat ARG

be buffered at the receiver, until F3 has been correctly received and inserted in its proper place to
complete the sequence F3, FA,F5, Fé, ..., which is then delivered.

If F3 is correctly received ab the first retransmission, the buffered sequence & F4, F5, and F&,
However, if F3 is received in error during its retransmission and hence must be retransmitted again,
then clearly the buffered sequence is F4, F5, F6, F7, F8 F9, Therefore, multiple retransmissions
of a given frame leads to an ever larger bulfering, which may be theoretically unbounded. To
cincumvent such a possibility and the ensuing buller overflow, a time out mechanism is usually
incorporated in all practical selective-repeat ARQ sysiems.

In praciice, each correctly received frame prior 1o the appearance of an erroncous frame denoted
F is delivered 1o the user (i.e., the physical layer). Thereafter, all error free successive frames are
bhuffered a1 the receiver, until frame F is correctly received. It is then inserted at the beginning of
the buffered sequence, which can thus be safely delivered to the user up to the next frame received
in error. However, the reordering becomes somewhat more complex if other frames are received
in error hefore frame F is finally received ervor free. As a consequence, proper buffering must be
provided by the sender, which must also integrate the appropriate logic in order to send frames
that are out of sequence. The receiver musi also be provided with adequate bulfering to store the
out-of-order framies within the window until the frame in'error is corpectly received, in addition to
be provided with the appropriate logic for inserting the accepted frames in their proper place in the
sequence. The required buffers may be rather large for satellite transmission with long propagation
delays and long pipelines correspending to the many frames in transit between sender and receiver,
As @ result, selective-repeat ARD procedare tends to be less commonly used than the go-back-N .
ARQ scheme, even though it may be more efficient from a throughput point of view.

15.3 Performance Analysis and Limitations

In ARC) systemns, the performance is usually measured using two parameters: throughput efficiency
and undetected error probability on the data bits. The throughput efficiency is defined as the ratio
of the average number of information bits per second delivered to the user, to the average number
of biits per second that have been tranamitted in the system. This throughput efficiency is obviously
amaller than 100%. For example, using an error-detecting scheme with a coding rate & = 0.98, an
error- free transmission would then correspond o a throughput efficiency of 98%, and clearly, any
frame retransmission yields a further decrease of the throughput efficiency.
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that they are identical inverses of each other), That is, after despreading the received signal would be
identical to the transmitted signal prior to spreading, In the presence of narrowband interference,
however, there is a significant advantage 10 employing the spreading/despreading procedure de-
scribed, The reason for this i as follows, Since the mterference is introduced after the transmitied
signal is spread, then, wheneas the despreading operation at the receiver shrinks the desired signal
back 1o its original bandwidth, at the same time it spreads the undesired signal (interference]) in
bandwidth by the same amount, thus reducing its power spectral densaty. This, in turn, serves 10
diminish the effect of the interference on the receiver performance, which depends on the amount
of interference power in the despread bandwidth. It is indeed this very simple explanation, which
is &t the heart of all spread spectrum techniques.

16.3 Basic Concepts and Terminology

Ta describe this process analytically and at the same time introduce some terminology that is com-
mion in spread spectrum parkance, we proceed as follows. Consider & communicator that desires
i send o message wsng o transmitted power § Watts (W) at an information rate B bitsfs (bpa).
By introducing & 55 modulation, the bandwidth of the transmitted signal is increased from £ Hz
to W, Hz where W, & K, denotes the spread spectram bandwidth. Assume that the channel
introduces, in sddition 1o the useal thermal noise (assumed to have a single-sided power spectral
density (PSDY) equal 10 My W/Hz), an additive interference (jamming) having power J distribasted
aver some bandwidth W;. After despreading, the desired signal bandwidth is once again now equal
to Ky He and the interference PSD is now Ny = J/ Wy, Note that sinoe the thermal noise is
assumed 1o be white, Le, it is uniformly distributed over all frequencies, its PSD is unchanged by
the despreading operation and, thus, remains equal 10 Ny Regardless of the signal and interferer
waveforms, the equivalent bit energy-to-total noise spectral density ratio is, in terms of the given
parameters,

L L
Ne  No+ Ny Not+Jd/W,

(16.1)

For most practical scemarios, the jammer limits performance and, thus, the effects of receiver
aoise in the channel can be poored. Thus, assuming Ny 3= My, we can rewnite Bq. (16.1)
as

Ey . Ey, S/R SW,
— gy e—— T = e——
Ne Ny JiWy [ R

(16.2)

where the ratio J/8 is the jammer-fo-gignal power ratio and the ratio W, /Ry is the spreading
ratio and is defined as the processing gain of the system. Since the ultimate error probability
performance of the communication receiver depends on the ratio £,/ ¥V, we soe that from the
communicator’s viewpaint his goal should be 1o minimize J (5 (by choboe of §) and maximize the
processing gain (by choice of Wy for a given desired information rate). The possible strategies for
the jammer will be discussed in the section on military applications dealing with Al communica-
tions,

16.4 Spread Spectrum Techniques

By far the two most popular spreading technigues are direct sequence (DS) modulation and
frequency hopping (FH) modulation. {n the following subsections, we present a brief description
aof each,
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21.1 Introduction

The goal of a digital communication system is to deliver information represented by a sequence of
benary symboly, through a physical channel, toa user. The mapping of these symbols into signals,
selected to match the features of the physical channel, i called digital modulation.

The digital modulator is the device used to achieve this mapping, The smplest type of mod-
ulator has no memoary, that is, the mapping of blocks of binary digits into signals is performed
independently of the blocks transmitted before or after. If the modulator maps the binary digits 0
and 1 Ento a set of two different wavelorms, then the modulation is called linery. Alternatively, the
madulator may map symbals formed by i binary digits at a time onto M = 2" different waveforms,
This modulation is called rndidevel

The general expression of a signal modulated by 3 modulator with memory is

oc

o) = D s(t —nT; &, 00)

H=—=0

the symbxol emitted by the source at ime n T, and o, 15
odulator has no memory, then there is no dependence
rme is one such that sif = a7 & o) m & 5{Fr — T )

oA AL T
LA 2713
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iGiven a signal seq [g {:]lllf"_j used for modulation, its compact characterization may be given
in terms of a geometric representation. From the set of M waveforms we first constroct a set
of N = M orthonormal waveforms [, fr]}‘!"_"_, (the Gram—Schmdi procedure B the appropriale

algorithm to do this), Next we express each sipnal 5;(r) as a linear combination of these waveforms,

M
5plr) = Z-‘?mht!'.l
=]

The coefficients of this expansion may be interpreted as the components of M vectors that ge-
ometrically represent the original signal w1, or, equivalently, as the coordinates in & Euclidean
N -dimensional space of a set of points called the signal canstellation.

21.2 The Challenge of Digital Modulation

The selection of a digital modulation wcheme should be done by making the best possible nse of
the resoorces available for transmission, namely, bandwidth, power, and complexity, in onder 1o
achieve the reliability required.

Bandwidth

There is no unigque definition of signal bandwidth. Actually, any signal s(r) strictly limited 1o a time
interval T woubd have an infinite bandwidth if the Iatter were defined as the support of the Fourier
transform of 5{r). For example, consider the bandpass linearly modulated signal

=
w(r) =M| Y Eslr- ::TJH"’W}

W& — O

whene 3 denotes real part, f is the carrier frequency, £01) is a rectangular pubse with dusation T
arsd amplinede 1, and (£ ) is a stationary sequence of comphex uncorrelated random variables with
Eity) = 0 and E{}£,]°} = 1. Then the power density spectrum of v(t) is given by

§/) = 7 1G(~f ~ fo) + G{f = f]

'I"all-".'l-l'

{21.1}

G = T[EIHH_FT].

xfT
The fuasction G [} ks shown in Fig. 210,
The iwllowhig are possible definitions of the bandwideh;

= Hatf-pover bandwidth. This is the interval between the two frequencies a2 which the power
spoctrum is 3 dB below its peak value.
= Fquivatlesie nowse bandwialth, Tis & given by

i L[ SuNdf
LR maxy 5.}

This measures e sasas of o reciatple wlise hogh s mas ;9 ) and whose area §s one-half
of the power of the modulated signal.
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Two-Dimensional Modulations

Phase-Shift Keying (PSK)

'This ks a lincar modulation scheme gencrating the signal

w L
1 |
uir) = E 51 — nT et H
" -
where £, = "% takes values in the set

3 "
|‘_':|,; 1) 4 m]l

o

where @ is an arbitrary phase, The signal consteilation 15
gloven, for M = 8, in Fig. 214, a

The symbol-croor probability of M -ary FSK is closely ap-
prosimaicd by

: £ ) .
Pie) = eric —"’ log, M sin = 4 [I
il £ M

fiowr hIEI'l -ll.'_nnf-luanuiw raleai: | See F'L;p.- T1.50 The hana-
width elfckencoy of PSEK is ]

o ¥

L log, M
i r

« e Iug: ) FIGURE2Z)LA  Anf-PSKcarscllation.

T —

B dlak

10

Ple)

1

1ot

g™

E,M, (dR)

FIGURE 215 Symlsed erpuor prodabiliny of coherently demodulated "5k
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Quadrature Amplitude Modulation (QAM)
Quadratureamplitude modulation (QAM) iz a lincar mod-

Basic Principles

ulation: scheme for witich the modlated signsl takes the LT TR LT
b
e LIS LR O] "GN *0001
pir) =M E Es(t — nT)e/ "l
A= —0 -
. LEL: TR B L HUT T BT ).
Sy =y + jB i wia  woo wdan
and oy, 8, take on equally spaced values. Figure 21,6 shows
a QAM constellation with 16 paints. FIGURE21.6 A 16-QAM constellatine,
When log, M is an even integer, we have
Pley=1—(1—-p)*
with
1 Jog, M E
;-—(E oy .)er!’c —E——"'
y‘w E*IH_]}AI“
When log, M is odd, the following upper bound lwolds
Late Fro. 21,70
10
i ]
wt
o
i
io®
[V 3
] ]
a0

Fyh, (o8]

FH:URE 31.7 .‘\-:.'Ihh'\-l eriif F"-"""-“t"l'“ af |_'n-'|r||-||r|:|- drmodulised A
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L 8 l.'hﬂ“hl.l.'h-r TeFILELE

eeying (FSK] thetransmitter uses the waveforms
5(r) = Acos2m fit, D<t=<T

where i = o+ Qi =1=M)fo.borl = 1,..., M, and [y denotes the carrier frequency. The
waveforms have constant energy £ = AT /2, and the modulated signal has constant envelope
A. The distance propertics of these waveforms for a given energy depend on the value of their
normalized frequency separation 2 ;T

Generation of these wavelorms may be accomplished with a set of M separate oscillators, gach
tunied to the frequency f). In this case, the phase discontinuities at frequency-transition tmes cause
Large sidelobes in the power density spectrum of the modulated signal. A narrower spectrum can be
obtained by using a single oscillator whose frequency is modulated by the source bits. This results
in a modulation scheme with memaory called continuous-phase FSK {discussed in Sec. 21.7).

The signals 5, (1} are orthogonal, that is,

r'."

FILFIEST LT |J:II.1;‘= e b BLLET, LEIE BVIARIAREIRIARE I :IIIII.'III. r. "I'.I-I RILINE VLIW LIy I.IIIFHIJ'II.-III_’ o i LR

The symbal error probability for M orthogonal signals with energy £ is upper and lower bounded

by
1 [Ex log, M CM=1 _f [Eplog, M
3 :'rl'-.:( mINu ) < Pl#) < —5 ::rh.( —-—-—Iﬂu :

For M = I the bounds merge into the exact value, The upper bound to Fe) s plotted in Fig, 218,

w0

[

10

Pie)
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16 -

10"

E /N, (4B

FIGURE 2.8  Symibal crror prohabilny of coheremby demodulated or-
Thogianal FSE_
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It can be observed from Fig. 208 that the error probability for a given value of signal-10-
noise ratio decreases as M increases, contrary to what is observed for PAM, PSK, and QAM.
On the other hand, the bandwidth efficiency decreases as M increases, its value being given

by

2 log, M
M

R,
B

21.6 Multidimensional Modulations: Lattices

The QAM constellations may be considered as carved from an infinite constellation of regularly
spaced points in the plane, called the lattice 22,
This is represented in Fig. 21.9. This concept can
be generalized to other lattices, bath two dimen-
siomal and multi dimensional. In this framewark,
the design of a signal constellation consists of
choosing a lattiee, then carving a finite constel-
lation of signal points from ithe Lattice,

In general, s lattice A is defined ai 2 set closed
under ordinary addition and multiplication by in-
tegers. As such, it forms an additive growp as well
as a vector space. Specifically, an N -dimensional
lagtice A is an infinite st of N vectors.

If dlin 15 the minimum distance between any
two points in the lattice, the number v of adjacent
Lattice points located at distance degs, that is, the
number of nearest neighbors of any lattice point,
i called its kissmig imamiber, FIGUREZL® The lattice £7,

Examples of Lattices

The Lattice #V

The ser Z¥ of all ¥-tuples with integer coordinates is called the cubic Larrice, or integer lattice. The
minimum distance s dyyn = 1, and the kissing number is v = 28,

The N-Dimensional Lattices Ay and AL

Ay is the set of all vectors with (¥ + 1) Integer coordinates whose sam is zero. This lattice may be
viewed as the intersection of 2V and a hyperplane cutting the origin, The minimum distance is
in = +/2, and the kissing number is v = N(N + 1).

The N-Dimensional Lartice Dy

Dy is the set of all N-dimensional points whose integer coordinates have an even sum. It may be
viewed as a punctured version of Z%, in which the points are colored alternately black and white
with a checkerboard coloring, and the white points (those with odd sums) are removed, We have
tin = f'i.lnd v o= N(N — 1), Dy represents the densest Lattice packing in &*. This means that
if unit-radius, four-dimensional spheres with centers in the lattice points are used to pack &, then
Ly s the lattice with the largest number of spheres per unit volume.
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i% emplnfedm the Glnbal ﬁmm for Maobdle Communications [GSM) standard for ceflular mobile
radin with the choice BT = 0.3,

pefining Terms

Bandwidth: The frequency interval in which the density spectrum of a signal 5 ssgnificantly
different from zero.

Continuous-phase modulation: A digital modulation scheme derived from phase-shift keying
in which the carrier has no phase jumps, that is, the phase transitions occur continuously.

Digital modulation: The mapping of information-source symbols into signals, performed to
carry information through the transmission channel,

Error probability: Probability that a symbaol emited by the information source will be received
incorrectly by the end user.

Frequency-shift keying: A digital modulation scheme in which the source information is carried
by the frequency of a sinusokdal waveform.

Geometric signal representation:  Representation of a finite sct of signals a3 a set of vector,

Lattlce:  Am infimite signal constellation of points regularly located in space.

Phase-shift keying: A digital modulstion scheme in which the source information is carried by
the phase of a sinusoidal waveform, called the carrier.

Pulse-amplitode modulation: A digital modulation scheme in which the source infermation is
carried by the amplitede of a wavelform.

Quadrature amplitede modulation: A digital modulation scheme in which the source informa-
thom is carried by the amplitude and by the phase of a sinusoidal waveform.

Signal constellation: A set of signals geometrically represented in the form of a set of vectors.

Signal-to-noise ratio:  The ratio of the signal power and noise power. It is an index of channel
quality.
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The maonthly journal IEEE Transactions on Commrunications reports advances in digital modulation
techniques.
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¥ to fiming offset, Speafically, & very narmow
dill result in sampling where the eye s clased.
t & large timing olfset can be tolerated, although
ening.

ing jitter or variance in the timing offset. Specif-
piclly as the timing offset increases. In this case,
significantly increases the probability of error.

s pulse shape. In general, the faster the baseband
e, a réctangular pulse produces 3 box-shaped eye
um bendwidth pulse shape Eq. (25.12) produces

alling over an ideal bandlimited channel, band-
d. Raised cosine pulses compromise bandwidth
g errors. Another possibility is to introduce a
er, which can be removed at the receiver. This
1g. The terminodogy reflects the fact that the
1 full response given by the Nyquist condition

yquist conditbon Eq, (25.7) i replaced by the

k=101

R "R

The kth received sample is then
TR " (25.27)

neighboring transmitted symbol. For now we
ing and defer discussion of how o detect the
symbol interference. The equivalent discrete-
wrier iransform of the sequence in Bg. {25.26),

k
f-f'F)

T =217 cos(m fT) {25.28)

Az in the full-response case, for Eq. {25.28] 1o be satisfied, the rmiminem bandwidth of the channel
G} and transmitier filier P{f) is W = 1 /{2T). Assuming P /) has this minimum bandwidth
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implies
_ | 2re=tT cosimfTY  If] < 1/(2T)
H{f) = { 2 'l > 1/@T) (25.29a)
and
hir) = T{sinc(t/T) +sinc[(r — T)/T]} (25.29b)

where sinc v = (sinwx)/(7m.x). This pulse is called a duobingry pulse and is shown along with the
associated H(f) in Fig. 25.9. |MNotice that k{t) satisfies Eq, (25.26).] Unlike the ideal bandlimited
frequency response, the transfer function H({f) in Eq. (25.2%) is continwous and is, therefore,
easily approximated by a physically realizable filter. Duobinary PR was first proposed by Lender,
1963, and later generalized by Kretzmer, 1966.

£ gL, NS St idth
idth.
. . .. ce e . ning
errors. Selecting the transmitter and receiver filters so that the overall system response is duobinary
is appropriate in situations where the channel frequency responze G f) is near zero or has a rapid
rolloff at the Nyquist band edge f = 1/(2T).

As another example of PR signaling, consider the modified duobinary partial response

i k= =1
hy =1 =1 k=1 {25.30)
0 all other &

which has equivalent discrete-time transfer funciion
Heg(ef3*/T) = o¥fT _ g=iinfT
= j2sin(2x fT) (25.31)
With zero excess bandwidth, the overall sysiem response is

AT sin(2x fT)  [f] < 1/(2T)

H(f) =
=1 L] > 1/2T)

(25.32a)
and

hit) = Tisinc|(r + T/ T| = sinc[(r — T)/ T} (25.32h)

These functions are plotted in Fig. 25.10, This pulse shape is appropriate when the channel response
G{r) s near zero ot both DC {f = 0) and at the Nyquist band edge. This is often the case for
wire {twisted- pair) channels where the transmitted signal is coupled 1o the channel through a
transformer, Like duobinary PR. modified duohinary allows minimum bandwidth signalling at the
Myquist rate,

A particular partial response is often identified by the polynomial

K
zh*ﬂ‘*

t=i)

where [ (for delay) takes the place of the usual =" in the 1 transform of the sequence {h]. For
example, duobinary is also referred 10 a5 1 + D partial response.
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the wequence (#; ). This complicates detection,
reference that u.F'ImI!:d.
wl canalso be generated by Ailtering the sequence
1. Mamely, the transmitted levels are first passed
wr function Py(e/*T) {where the subscript d
slected 1o be Heqle/™ 7).} The outpuats of this
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FIGURE 2541  Geporatian of PR signal

Shaprag the ransmitted spectrum to have nulls coincadent with nulls in the channel response
potentially offers significant performance advantages By imtroducing intersymbal interference,
however, PR signalling increases the number of received signal levels, which increases the complexity
of the derector and may reduce immunity 1o nodse. For example, the set of received signal levels for
duchinary signalling s |0, £ 2] from which the transmitted levels [ 1] must be estimated. The
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performance of a particular PR scheme depends on the channel characteristics, as well as the tvpe
of detector wsed ar the receiver. We now describe a simple suboptimal detection strategy.

Precoding

binary signalling. If the receiver has
inise Ay can be decoded by subtracting
wever, then sublracting the preceding
"or to propogate 1o successive detected
an be precoded in such & way as to
the overall partial response,

quence of operations is illustrated in
re dy & [0, 1. This sequence is trans-

(25.33)

1uence |b, ] is mapped to the sequence

""l - .!l'-:'E - 1.:'..5-..*4:'

That s, & = 0 (by = 1) is mapped m the transmined kevel Ay = <1 (A; = 1). In the absence of
Aok, the soceved symbsal i then

Yi=Ap+Agm =200+ 0, - 1) {25.35]

wrnell e B ¥ Frur mmi R

e s

That is, iy = £2, then by = 0, and if ¥y = 0,then Iy = |, Precoding, thercfore, enalsles the
d_rbn.'!nrtnﬂli.r syobel-by-synibol decisions that do not depend on previous decisons, Table 25
Hicws o sequence of tronsmitted bits {81, 'F“Wdﬂt bits [b“' ransmitied Hgn'ﬂ e Al and
Peconved samiples | y).
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where the coefficients are integers and that the source symbols {by | are selected from the set
[0, 1, ..., M — 1]. These symbols are transformed 10 the sequence (I | via the precoding operation

£
b = (a,. -3 b ) mod M (25.37)
i)
Because of the modulo operation, each symbaol & s also in the set [0, 1, ... MW — 1}, The kth
transmitted signal bevel is given by
Ay =2by — (M - 1) (25.38)
i} {iLe., & shified version of the fet of
wple is
K
M= M (25.39)
Ha=ld
and it can be shown that the kbth source symbol is given by
1
by = E{_‘I-'Jc + (M —1)- Hpql]:}} mod M (25.40)

Precoding the symbaols (s | in this manner, therefore, enables symbol-by-symbaol decisions at the
receiver, In the presence of nodse, more sophisticated detection schemes {e.g., maximurm likelihood)
cun be used with PR sigmalling to obtzin improvernenis in performance.

25.6 Additional Considerations

In many applications, bandwidth and imtersymbal interference are not the only important con-
siderations for selecting baseband pulees. Here we give a brief discussion of additional practical
constraints that may influence this selection.

Average Transmitted Power and Spectral Constraints

The constraint on average transmitted power varies according to the application. For example,
low-average power ks highly desirable for mobile wireless applications that use battery-powered
transmitters. In many applications (e.g., digital subscriber loops, as well as digital radio), constraints
are imposed 1o limit the amount of interference, or crosstalk, radiated into neighboring receivers and
communications systems, Because this type of interference is frequency dependent, the constraint
may take the farm of a spectral mask that specifies the maximuom allowshble transmitted power asa
function of freguency. For example, crosstalk in wireline channels is generally caused by capacitive
coupling and increases as 3 function of frequency, Consequently, to reduce the amount of crosstalk
generated at & particular transminer, the pulse shaping filter generally attenuates high frequencies
mare than low frequencies,
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nt frequéncy bands, constraints on the
linterference, This imerference is gener-
Cherefore, a constraing is needed 10 limit
nitter, in addition to an overall average
ilter in Fig, 25.3 must have a sufficiently
‘onversely, if the transmitted signals are
response must be contained within the

In addition to a constraint on average transmitted power, a peak-power constraint i often imposed
as well. This constraint is important in practice for the following reasons:

I. The dynamic range of the transmitter s limited. In particular, ssturation of the outpul

FITELITLE APPICAtons 1S e Companding
inftzherg, 1994]. Namely, the compan.
de modulated voice signals introduces
The preceding impairments or constraints indicate that the transmitted waveform should have a
low peak-to-average power ratio. The peak-1o-average power ratio is minimized by using binary
signalling with rectangular pulse shapes, However, this compromises bandwidth efficiency. In
rary signalling with rounded pulses are

Channel and Receiver Characteristics

The type of channel impairments encountered and the type of detection scheme used ar the receiver
can alsa influence the choice of a transmitted pulse shape, For example, 2 constant amplitude
puise is appropriate for a fast fading environment with noncoherent detection. The ability 1o track
channel characteristics, such as phase, may allow more bandwidth efficient pulse shapes in addition
to multilevel signalling.

High-speed data communications over time-varying channels requires that the transmitter
and/for receiver adapt to the changing channel characteristics. Adapting the transmitter to compen-
sate for a time-varying channel requires a feedback channel through which the receiver can notify
the transmitter of changes in channel characteristics. Because of this extra complication, adapting

pubse shape. However, the following

ade-division multiple access adaps the
transmitter power to contred the amount of interference generated and to compensate for
channel fades. This can be viewed as a simple form of adaptive transmitter pulse shaping in
which a single parameter associated with the pulse shape is varied.

P Mnlritnma moadedarion Beldes b dunemalboamcdestbd ings small subbands, and the transmit-
subbands 1o maximize the information
band must be transmitted back (o the
s and power [Bingham, 1990].

In addition to multitone modulation, adaptive precoding {also known as Tomlinsan-Harashima
precoding |Tomlinson, 1971; Harashima and Miyakawa, 1972]) §s another way in which the trans-
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mitter can adapt 1o the chanmel frequency response. Adaptive precoding is an extension of the tech-
nique described easlier for partial-response channels. Mamely, the equivalent discrete-time channel
impulse response is measured at the receiver and sent back to the transmitter, where it isused ina pre-
coder. The precoder compensates for the intersymbol interference introduced by the channel, allow-
ing the receiver 10 detect the data by a simple threshhold operation. Both multitone modulation and
precoding have been used with wireline channels (voiceband madems and digital subscriber loops).

Complexity

Generation of a bandwidth-efficient signal requires a filter with a sharp cutoff. In addition,
bandwidth-efficient pulse shapes can complicate other system functions, such as timing and carrier
recovery, If sufficient bandwidth is available, the cost can be reduced by using a rectangular pulse
shape with a simple detection strategy (Jow-pass filter and threshald).

Tolerance to Interference

Inlerfr_rmu |s one of the primary channel impairments associated with digital radio. In addition

Sl e e e b "_'I_l'-ﬂ](ﬂ'lﬂﬂl'l:llj'hﬂﬂﬂ'ﬂﬂﬂ h’}'ﬁlhﬂ'

ed signal. Co-channel interference

assignments and by pulse shaping,

) i o twidth occupied by the dgnal lowers

the power speciral density and decreases the amount of interference into a narrowband system

that eccupies part of the available bandwidth, Sufficient bandwidth spreading, therefore, enables
wideband signals to be overlaid on top of narrowband signals without disrupting either service,

Probability of Intercept and Detection

Thie broadcast nature of wireless channels generally makes cavesdropping easier than for wired
channels. A requirement for most commercial, as well as military applications, is to guarantee the
privacy of wier conversations {low probability of intercept]. An additional requirement, in some
applications, is that determining whether or net communications is taking place must be difficult
{low probahility of detection). Spread-spectrum wavelorms are ettractive in these applications since
spreading the pulse energy over a wide frequency band decreases the power spectral density and,
hence, makes the signal less visible. Power-cfficient modulation combined with coding enables a
further reduction in transmitted power for a target error rate.

25.7 Examples

We conclude this chapter with a brief description of baseband pulse shapes used in existing and
emerging standards for digital mobile cellular and Personal Communications Services (PCS).

Global System for Mobile Communications (GSM)

The Furapean GSM standard for digital mobile cellular communications operates in the 900-MHz
frequency band, and is based on time-division multiple 2ccess (TDMA) [Rahnema, 1993]. A
special variant of binary FSK is used called Gaissian miintmum-shifi keying (GMSK), The GMSK
madulator is illustrated in Fig. 25.1%, The input to the madulator i a binary PAM agnal 5(1), given
by Eg. (25.3), where the pulse p(r) is a Goussian function and |s(r)] < 1. This waveform frequency
madulates the carrier [, so that the {passhand) transmitted signal is

I

wir) = R’ms[zﬂ'f,r + IJI'_I".;I s{t}dr]

=i
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Baseband Signalling and Pulse Shaping aar
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Index. 05

I} LIPF i lonw- pass filoer,

1/(2T ), which characterizes minimum-

enl receiver that is easy to implement.
[OVALSE WIS AR aggeas s e wumaa snveaape, e data can be reliably detecied in the
presence of rapid fades that are characteristic of mobile radio channels.
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The baseband signal is given by Eq. {25.3) where the symbals are complex-valued, cormesponding
oot raised costne spectrum with 35%

1d-spectrum signalling (CDMA) in the
e e ey n e e e e nee — ¢ — 3 SIAPES AT Analogous 10 those shown
mFlg.lﬁJ where the number of square pulses (chips] per bit is 128, To improve spectral efficiency
the (wideband) transmitted signal is fltered by an approximation to an kdeal low-pass response
with a small amount of excess bandwidth. This shapes the chips so that they resemble minimum

. . YACS)

Both PACS and the Japanese personal kandy phone (PHP) system are TDMA systesms whech have
becn proposed for personal communications systems (PCS), and operate near 2 Gl [Caox, 1995].
The baseband sianal iz given by Ea (25.3) with four complex symbaols representing four-phase

‘oot raised cosine spectram with 505

wd around D

me transfer function {7 transform] that
% in the absence of noise.,

specirum which s nol contmnsd wiihin

1; signal that indicates the amount of

in which the transmitied pulse ks sino-

o T L

d samplc from
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Matched filter: The receiver flter with impulse response equal to the time-reversed, complex
conjugate impulse response of the combined transmitier filter-channel impulse response.

Myquist band:  The narrowest frequency band that can support a PAM signal without intersymbol
interference (the interval [—1/(2T), 1 /(2T)] where 1/ T is the symbaol rate).

Myquist critecion: A condition on the overall frequency response of a PAM system that ensures
the abience of intersymbol interference.

Partial-response signalling: A signalling technique in which a controlled amount of intersymbol
interference is introduced at the transmitter in order to shape the transmitted spectrum.

Precoding: A transformation of source symbols at the transmitter that compensates for intersym-
bol interference introduced by the channel.

Pulse amplitude modulation (PAM): A digital modulation technigue in which the source bils are
mapped to a sequence of amplitudes that modulate a transmitted pulse.

Raised cosime pulse: A pulse shape with Fourier transform that decays to zero according 1o a
fabsed coaine; see Eq. (25.18). The amount of excess bandiwidith s conveniently determined
by a single parameter (g,

Spread spectrumc: A signalling technique in which the pulse bandwidth is many times wider than
the Myquist bandwidth,

Zero-forcing criterbon: A design constraint which specifies that intersymbaol interference be elim-
inated.
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Baseband signalling and pulse shaping is fsndamental to the design of any digital communications
syster and is, therefore, covered in numerous texts on digital communications. For more advanced
treatmients s6¢ EA. Lee and DUG, Messerschmitt, Dépital Comrmintication, Kluwer 1994, and .G
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Switching Fabrics
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Time-Division Switching Elements = Time Mulliplex Switching
(TWi5) = Time-Slot Interchange (T51) + Time-Divigion Switch
Fahwics

Amos E. Joel Jr. 32,12 PFabrics for Asynchronous Transfer Mode iATM) .ooociinnnnnn 432

32.1 Introduction

There are two distinel principles emploved in eleceronic switching systems, They are known as
cirett swirchieng and packee swirchimg

In circuit switching o dedicated path is selected, estahlished, and utilized for the entire duration
a message sesseon between a calling teeminal and at beast one selected called terminal. It usually has
the capability of simultancous transmission in both directions, known as duplex. Establishment
of a channel through one or more switches in sequence is known as a connection. The process of
requesting and establishing a connection is known a3 a call. The bandwidth associated with each
service of a call is reserved for the duration of the service and is dedicated 1o that call.

In telecammumication systemns the most important ebement is the message. If there are only two
terminals, one to originate and another to terminate messages, no switching is required. When there
dre more than two terminals, unless messages are broadcast, switching is required 1o provide selective
communication among a number of terminals. Generally privacy is required so that 2 message will
be received by only the terminal for which the message isintended. Communication privacy requires
that contention be included in the selection process to insure privacy and that a message reaches
only the selected terminal over the selected path. Selection and conrention are basic o switching.

Contention for the selection of channels occurs only at the time when a connection is being
. le when requested, the calling terminal is usually requested

ction again Later.

425
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426 Telephony

The function within a switch that provides paths for connections is known as the swirgh fabric,
This term i relatively new. In the past it has been known as the switching network or the switching
center network.

In circuit switches, a message may be sent only one way, directed only from one terminal to
another, or there may be interactive or two-way messages. For two-way messages that oecur in
real time, circult switching systems establish a path between two or more terminals exchanging
messages.!

32.2 Virtual Circuit Switching

Circuit switches are generally transparent o message content. However, to obtain efficiencies, circuit
switching systems may remove or disconnect an established path in cither or both directions during
sibent periods in the message and re-establish the circuit when the message information resumes. This
technique is sometimes referred to as virmual circui switching. Virtual cieeuit switching assumes that
there is no perceptible degradation of the message. This perception depends on the service quality

BaTRaEaliaee @l serarr

Where the nature of messages may not require real-time interaction, other forms af netwarks with
different economic criteria for service quality and message delay may be employed. They may also
be used where the network serves more than one type of telecommunications, for example, voice,
data, and video,

32.3 Packet Switching

In packet switching, messages are divided into segments or packets. These packets may be trans-
mitted over different selected channels in & network. Fach packet contains address information
as well a5 other information regarding message treatment. Contention occurs for each packet at
cach switch. Most applications using packet switching are, traditionally at least, one way and not
necessarily in real time; packets may be stored and delayed until the contention is resalved or the
switch runs out of storage capacity, The memeory used to store the packets is, for packet switching,
the equivalent of the switching fabrics.?

32.4 Cracenninte

There are two basic technology clements used in switch fabrics. One is the memory previously |
referred to and the other is simply a switch often referred 1o as a crosspoine, Any device that has at |
least two stable states, such as one that opens and closes a circuit or changes from a high to low '
chectrical impedance may be used as a crosspoint, Crosspoints are assembled in various ways to the

fiorm switch fabrics. The following are some technologies that have been used;

* Manual devices, for example, plugs and jacke The plugs may be associsted with flexible
cords, several of which operate over a ficld of jacks that together constitute a fabric.

* Gross (large) motion electromechanical devices, for example, two metion (up and around)
step-by-step switches and those that move in only anc direction, such as rofary selectors
and panel selectors that move over a vertical plane. In gross motion switches, wipers or
brushes move over fixed banks of contacts. The combination of wiper and bank constitutes
Crosspoints,

'Clrcuit switching channels may also be established on a schedule.

EAsynchronous transfer mode (ATM) is a form of packet transmission with provision for real-time intes-
active (voice) msaging. The packets are of unifarm lengih called celfy. Switch fabrics for ATM (discissed
subsequently] may emiploy crosspoints a2 well as memoy,
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uirements

perform their intended role in a stand-alone
hange data with saher computers. In financial
% from one institution computer to another, in
belonging 1o various airlines, and so on. The
- general requirement in all of these applications is for application programs running in differen
1. To achieve this, three

Frg. 41.1.
e e e - TWOTE COMApURETS 18 Lhe
tv. This may comprise a local arca network
single site, 3 wide arca network [WAN], if
internetwork if multiple mterconnected net-
ifferent network rypes s a set of access pro-
sen two computers to be established and for
wese prodocols differ for the different network
munication subsystem in each computer must
1w communecating computers are of different
zter sets, then a means of cnsuring the trans-
computer must be incorporated,  Also, the
functionality to enahle application programs,
il to @ccess these in o stendardized way must

_— e v 567
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absor be included. All of these isvues must be considered when communicatityg data between two
computers.,

41..

Uintdl recently, the standards established fiar use in the coanputer incustry by th

bodies were concerned primarily with either the internal aperation of a comyg

of a bocal peripheral device, The result was that carly hardware and softwan

systems offered lw manufacturers only enables their own computers, and so-

systems, to exchange information. Such systers are known as dlosed fpsten

ather manufacturers cannot exchange information unless theyadheretothe | .
of & particular manufactarer.

In contrast, the various international bodies concerned with public-carrier telecommunication
networks have for many years formulated internationally agrecd standards for connecting devices
to these netwarks, The Viseries recommenditions, for example, are concerned with the connection
of equipment, normally referred to as a dafa fermminal equipment {DTE), to a modem connected to
the public switched telephone network [ PSTNY; the X-series recommendations for connecting a DTE
to a public data network; and the I-series recommendations for connecting a DTE to the integrated
services digital networks (ISDMs). The recommendations have resulted in compatibility between
the equipment from different vendors, enalding a purchaser 10 select suitable equipment from a
runge of manufacturess.

Initially, the services provided by most public carriers were concerned primarily with data trans-
mhﬂmndhmwlhtlmdmdmlﬂuﬁ-udrrﬂﬂvdMMMMﬂhﬂﬁﬂq.d:rkth
these networks. Mare recently, however, the public carriers have started fn nrovide e s

from any other manulsciurer that complies with the standards. The rEmIﬂn; ::mtm is then
knowen a5 an apen spsiems on, mare completely. 45 an open systems interconnaction enviromment
(QSIE),

In the mid-1970< as different types of distributed systems (based on both public and private
data netwarks) started to proliferate, the potential advantages of open systems were acknowledged
by the computer industry. As a result, a range of standards started to be introduced. The first

:
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the functions performed by each layer have been selecied on the basis of experience gained during
earhier standardization activity,

Each layer performs a well-defined function in the context of the overall communication sub-
system. It operates according 10 a defined provacol by exchanging messages, both user data and
additional control information, with a corresponding peer layer in a remote system. Each layer has
a well-defined interface between itself and the layer immediately above and below. Consequently,
the implementation of a particular protoco! fayer is independent of all other layers.

The bogical structure of the 150 reference maodel is made up of seven protocol layers, a5 shown in
Fig. 41.3. The three lowest layers [ 1<3) are network dependent and are concerned with the protocols
associated with the data communication network being used 10 link the two communicating com-
puters. [n contrast, the three upper layers (3-7) are application orfented and are concerned with the
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4 1o interact with each other, normally through
m. The intermediate transport bayer (4) masks
ed operation of the lower network-dependent
# the latter to provide the application-oriented
npe service,
i a protocol that defines the set of rules and
similar peer layer in another [remote) systemn.
wrimmediately above. It also uses the services
sport the message wnits assockated with the
anspaort layer provides a network-independent
¢ and ukes the service provided by the network
sociated with the transport protocol to a peer
slore, each layer communicates with a simtlar
I protocol. However, in practice the resulting
) ant of the services provided by the next lower
layer. The basic functions of each layer are summarized in Fig. 41.4.

| S ¥
Fike iransfer, scocss and management, Application
Dacmment and message imerchange, lnver
Lihs rramafer and manipalaikon
‘_ .

AW TR ASE PR el P L B
l messape iMerchange service 1

End-ta-end message tranafer Tramport
{conncction management, error control, layer
frapmentation, flow controb)
Metwork routing, addressing, Metwork
call sesup and clearing layer
Data link control i
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The Application-Oriented Layers

The Application Layer

The application layer provides the user interface, normally an application program,/ proc
a range of networkwide distnibuted information services. These inchode fle transfer acces
management, as well as general document and message interchange services such as electronic
A number of standard protocols are either available or are being developed for these and other
of service.

Access to application services is normally achieved through a defined set of primitives, eacl
associated parameters, which are supported by the local operating system. The access prin
are the same as other aperating system calls (a5 used for access to, say, a local file system
resull in an appropriate operating system procedure (process) being sctivated. These ope
system procedures use the communication subsystem (software and hardware) as if it is 2
device, similar to a disk controller, for example. The detailed operation and implementat
the communication subsystem is thus transparent to the (user) application process. Wi
application process making the call i reschedulbed (run), one {or more) status parzmete
returncd indicating the success (or otherwise) of the network transaction that has been atten

In addition to information transfer, the application layer provides such services as:

* ldentification of the intended communication partner{s) by name or by address

* Determination of the current availabdlity of an intended communication partner

« Establishment of authority to communicate

+ Agreement on privacy (encryption} mechanisms

+ Authentication of an intended comumunication pariner

* Selection of the dialogue discipline, including the initiation and release proceduses
= Agreement on responsibility for error recovery

« ldemtification of constraints on data syntax (character sets, data structures, e}

The Presentation Layer

The peesertabion layer b concerned with the representation (syntax) of data during transfer between
twacommunicating application processes. Toachieve true open systems interconnection, 2 number
of commuon absiract dofd syl formes have been defimed for use by application |'|rr.'.|'l.'ﬂl{‘h-'|l.llEEll'|E'.|'
with associated fransfer (or concrete) sgpnlaves. The presentation layer negotiates and sebects the
appropriate transfer syntax(es] 1o be used during a transaction so that the syntax [structure) of
the messages being exchanged between two application entities is maintained. Then, if this form
of representation is different from the internal abstract form, the presemtation entity performs the
AECE4SATY COMYErsion.

To ilustrate the services provided by the presentation layer, consider a telephone conversation
between a French speaking person and a Spanish speaking person. Awsume each uses an interpreter
and that the only language understood by both interpreters is English, Each interpreter muast
transhate from their local language to English, and vice versa. The two correspondents are thus
analogous 1o two application processes with the two interpreters representing presentation Layer
entities. French and Spanish are the bocal syntaxes and English the transfer or concrete syntax, Note
that there must be o universally understood language which must be defined to allow the agreed
transfer language (syntax) to be negotizted. Also note that the interpreters do not necessarily
understand the meaning (semantics) of the conversation.

Another function of the presentation layer is concerned with data security. In some applications,
data sent by an application is first encrypted (enciphered) using a key, which is (hopefully) known
anly by the intended recipient presentation layer. The latter decrypts (deciphers) any received data
using the corresponding key before passing it on to the intended recipient.
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41.4 Open System Standards

The IS0 reference model has been formulated simply a5 a template for the structure of a commu.
nication subsystem on which standards activities associated with each layer may be based. 1t is no
intended that there should be a single standard protocol associated with each Layer, Rather, a sct of
andards i associated with each layer, each offering different levels of functionality. Then, for a
specific open systems interconnection environment, such as that linking numerous computer-based
systems in a fully automated manufactaring plant, a sclected set of standards is defined for use by
all systems in that environment,

The three major international bodies actively producing standards for computer communicas
tions are the 150, the American Institute of Electrical and Electronic Engineers (IEEE) and the
International Telegraph and Telephone Consultative Committee (CCITT). Essentially, 150 and
IEEE produce standards for use by compurer manufacturers, whereas CCITT defines standards for
connecting equipment to the different types of national and international public networks. As the
degree of overlap between the computer and telecommunications industries increases, however,
there is an increasing level of cooperation and commonality between the standards produced by
these organizations.

In addition, prior 1o and concurrently with 150 standards activity, the ULS. Depariment of Diefense
has for many years funded research into computer communications and networking through its
Defense Advanced Research Projects Agency (DARPA). As part of this rescarch, the compuber
networks associated with a large number of universities and other research establishments were
linked to those of DARPA. The resulting internetwork, known as ARPANET, has been extended
to incorporate internets developed by other government agencies. The combined internet is now
known simply as the Interset,

The protocol suite used with the Internet is known as transmission control protocol /internet
protocol (TCP/IP). Itincludes both network-oriented protocols and application support protocols.
Because TCP/IP b in widespread use with an existing internet, many of the TCP/IP protocols
have been used s the basis for IS0 standards. Moreover, since all of the protocod specifications
astociated with TCP/IP are in the public domain, and hence no licence fees are pavabile, they have
been used extensively by commercial and public authoilies for ercating open system networking
envirenments, In practice, therefore, there are two major open system {vendor-independent)
standards: the TCP/IP protecol suite and those based on the evolving 150 standards. {

Figure 41.5 shows some of the standards associated with the TCP/IP protocol suite. As can be |
seen, since TCP /1P has developed concurrently with the 150 initiative, it does not contain specific
protocols relating 1o all of the seven layers in the OS] model,

Moreover, the specification methodology used for the TCP/IP protocols differs from that used
for the 15O standards. Neverthebess, mast of the functionality associated with the 150 Layers is
embedded in the TCF/IP suite. A range of standards has been defined by the 150/CCITT and a |
selection of these is shown in Fig. 41.5. Collectively they enable the administrative authority that
is establishing the open system enviranment 1o select the most suitable set of standards for the
application. The resulting protocol suite is known as the open system interconmection profile. A
number of such profiles have now been defined, including: TOP, a protocal st for use in technical
and affice environmenis: MAP, for use in manufacturing avtomation; U5, and UK. GOSIP for
use in U5, and ULK. government projects, respectively; and a similar suite used in Europe known
as the CEN functional standards. The latter has been defined by the Standards Promotion and
Application Group (SPAG). a group of 12 European companies.

As Fig. 41.6 shows, the lower three layers vary for different netwark types, CCITT has defined
V. X, and | series standards for use with public-carrier networks, The V series is for use with
the existing switched telephone network (PSTN, the X series for use with existing switched data
networks (PSDN), and the 1 series for use with the integrated services digital networks {(ISDN).

Thase produced by ISO/IEEE for use with local area netwarks are known collectively as the 502
(IEEE) or BROZ (150)) series.

J
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41.5 Summary

This t'hil-l."hﬂ has reviewad the fdlibremciits for the communicalions subusyslem in cach of a set wf
mterconnecled computers that enables them 1o communicate in an open way 1o perform various
distributed application functions. The philasophy behind the structure of the 150 reference moded
far open systems interconnection has been presented and a description of the functionality of the
seven bayers that make up the reference mondel described,  Frnally, a selection of the 150 CCTTT
standards that have been defined have been identified.

Delining Terms

Imternetwark: A collection of different petwork types that are linked together.

Local area metwork (LANE:  Metwork used 1o link computers thut are distributed around a single
it

Open system interconmection (O31): A standard set of communication protocols that are inde
pendent of & specific manulacturer.

Transmission control protocol /Internet protocol (TCE/IP);  The standard st of communica
tiian protocols that are used by each computer that is connected 1o the Internet,

Wide arca network (WANE  Network wsed 1o link compuiers that are siteated at different sites.

Further Tnformation

Further coverage of the material covered in this chapter can be found in
Halsall, F. 1996, [Xata Cornmenications, Computer Nerworks amd Open Systens, 4th edl., Addison
Wesley, Beading, MA.
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once the station has determined s packet to be imvolved in a process of collision, the station will
immediately abort transmission. In this manner, colliding stations will occupy the channel with
their colliding transmissions only for a limited period of time, the collision detaction time T{CDY),
Clearly, if T(CD) < T'(P), where T(#) denotes the transmission time of a packet (MALC frame)
across the medium, the CSMA/CD operation leads 10 improved delay-throughput performance
over that af a CSMA operation.

Theethernet LAN developed by Xerox Corporation is a bus-based network operating at a channe|
data rate of 10 Mb/s and using a 1-persistent CSMA/CD medium access control algorithm. The |
physical, MAC and link layers of such a C3MA/CD network are defined by the |EEE 802.3 Standard |
(and a corresponding IS0 standard). Ethernet nets can employ different media types: twisted pair,
coaxial cable, fiber optic line, as well as radio links (in the case of an cthernet-based wirebess LAN
system). The configuration of the ethernet LAN is that of a logical bus so that a frame transmission
by a station propagates acrass the bus medium to all other stations. In turn, the physical layout of
the medium can assume a bus or a star opology. Under the latter configuration, all stations ane
connected to a central hub node at which point the access lines are connected by a reflecting repeater
module so that a transmission received from an access line is repeated into all other lines. Typical
ethernel layouts are limited in their geographical span to an overall distance of about 500-2000 m,

The delay-throughput efficiency of the CSMA/CD network operation ks determined by the
acquisition time delay ria) and index o, as for the CSMA network. In addition, the network
efficiency also depends on the CI time T{CD). 1t is noted that T{CD) can be as Jong as twice the
propagation delay across the overall span of the bus medium, plus the time required by the station
to establish the occurrence of a callision. To ensure that a collision is refiably detected, the power
levels of received packets musi be sufficiently high. This alsn serves as a factor limiting the length
of the bus and of the distance at which repeaters must be placed. As a resulr, the network stations
are attached to several ethernet segments, each assuming a sulficiently short span. The different
ethernet segments are interconnected by gateways or mouters. The latter act as store-and-forward
switches which serve to isolate the CSMA /CI multiaccess operation of cach segment.

As for the random-scoess mechanisms previo isly discussed, burst loads applied o vhe CSMA SCTY
network can cause large delay-throughput degradations. In supporting application streams which
require limited packet delay jitters, it is thus required 1o prevent the bus from being excessively
loaded. Many implementations thus plan the net's offered traffic loading levels to be no higher than
40% (or 4 Mb/s). Also mote that as for other random aceess schemes, large loading variations can
induce an unstable behavior. A flow contral mechanizm must then be employed 10 regulate the
maximum loading level of the network.

When shorter bus spans are ussd, or when shorter access link distances are employed in a star
configuration, it is possible 1o operate this network at higher channel data rates. Under such

of 100 Mb/s (or higher] has been implemented.

Wireless Networks

Under a cellular wireless metwisrk architecture, the geographical area is divided into cells Fach cell
contains a central base station. The mobile terminals communicate with te base siation controlling
the cell in which they reside. The terminals use the reverse traffic and signalling channel(s) 1o
transmit their messages to the base station. The base station multiplezes the messages it wishes 1o
send to the cell's mobile terminals across the forward traffic and signallimg chanmels,
First-generation cellular wireless networks are designed 1o carry voice connections employing a
circuit switching methed. Analog communications signals are used to transpor the vaiee infor-
mation, The !.I-I'l[!-E'I'|}'|.'IIa signalling subnetwork is used to carry the connection setup, termination,
and handover signalling messages. The voice circuits are allocated through the use of a reservation
based demand-assigned /FDMA scheme, A ready mobile uses an allocated signalling channel for
its handset to transmit to its cell’s base station a request message for the establishment of a voice
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circuil. If a frequency channel is available for the allocation of such a circuit {traffic channel), the
base station will make this allocation by signalling the requesting handset,

Second-generation cellular wireless nerworks use digital communications channels. A circuit-
switching method is still employed, with the primary service providing for the accommeodation of
voice connections. Circuits are formed across the shared radio medium in each cell by using either a
T A-access control scheme (through the periodic allocation of time slots to form an esablished
circuit, a8 performed by the Eusopean GSM and the U5, 15-54 standacds) urhfmphrhmﬂl[}ﬂa
procedure (through the allocation of a code sequence to a connection’s circuit, as carried out by
the 15-95 standard). A signalling subnetwork is established. Reverse signalling channels (RSCx)
are mulnple-aceess channels which are used by the mohbile terminals to transmit 1o their cell’s base
siation their channel-request packets [for a miobile originating call), as well as for the transmission
of paging response packets (by those mobiles which terminate calls). Forward signalling channels
(F5Cs) are multiplexing channels configured for the transmission of packets from the base station
o the mobiles, Such packets include channel-allgcation messages [which are sent in response o
received channel request packets) and paging packets (which are broadcasted in the underlying
lpcation area in which the destination mobile may reside).

For the reverse signalling channels, a random access algorithm such as the ALOHA scheme
is frequently employed. For TOMA systems, time circuitis) are allocated for the random access
yransmission of signalling packets. For COMA systems, codes are allocated for signalling channels;
each code channel is fime shared through the use of a random access scheme (employing, for
example, a sloited or unslotted ALOHA multiple-access algorithm),

Paging and channel allocation packets are multiplexed (in a time-shared fashion) across the
forward signalling channels. To reduce battery consumption at the mobile terminals, a shotted
muode operation can be invoked. In this case, the cell mobiles are divided into groups, and paging
messages destined 0 2 mebile belonging w0 a certain group are transmitted within that group’s
allocated channels (time sois) [Rubin and Chal, 19%]. In this manner, an idle mobile handset
needs to be activated for the purpose of listening to its FSC only during its group’s allocated shots.

Under the [EEE 802.11 protocol, lerminals access the base station by sharing the radio channel
through the wie of @ CSMASCA [collision avoidance) scheme,

Third-generation cellular wireless networks are planned to provide for the support of both voice
and data services. These netwarks employ packet-swilching principles. Many of the multiple-
acoess schemes described in the previous sections can be employed 1o provide for the sharing of the

- mobile-to-base-station multiple-access reverse communications channels. In particular, random-
wcoess, polling (or implicit polling) and reservation protocals can be effectively implemented, For
example, the following versions of a reservation method have been investigated. Under the packet
reservation multiple access (PRMA} [Goodman et al,, 198%] or random-access burst reservation
procedure, a random-acces: mechanizm 12 used for the mobile to reserve a time clrouit for the
transmission of a burst (which consists of a number of consecutively generated packets). For voice
baursts, a random-access algorithm is used to govern the transmission of the first packet of the burst
across the shared channel [by randamly selecting an unused slat, noting that, in each frame, the
base station notifies all terminals as 1o which slots are unoccupied), If this packet’s transmission
is successful, its terminal keeps the captured slot’s position in each subsequent frame until the
termination of the burst’s activity, Otherwise, the voice packel is discarded and the next voice
Dacket e tranesaiiid eosbs came pianiner. In selecting the parameters and capacity bevels of such a

ccessary to ensure that connections receive acceptable throughput levels

probability is not higher than a prescribed level ensuring an agceptable

[Rubin and Shambayati, 1995].

I packet-switching network implementations which provide alo data

g wireless ATM networks, it i8 necessary (o avold frequent oocurrences

# the rate of packet relrandmiszions and to lawer the chinces for packet
orward
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signalling channels are established to set up the virual-circuit connection. Channel resourees
can then he allocated 1o established connectans in accordance with the statistical featires of such
connections. For example, real-time connections can be accommodated through the periodic
allocation of time slots (or frequency/code resources) whereas burst sources can be supported by
the allocatian af swch resources only for the imited duration of a burst activiry, A mechanism mug
then be employed to identify the start and end times of burst activities. For example, the signalling
chanmnels can be wsed by the mohiles to signal the start of burst activits whereas the in-band chanme]
is used to detect the end of activity (directly and for through the use of tagging marks),

46.7 Multiple Access Methods for Spatial-Reuse
Ultra-High-Speed Optical Communications Networks

As we have seen above, token-ring and FDDI LAN'S use 1oken-passing methods to access a shared
medivm. Fonhermore, these pevworks use o source remgval procedure so that each stathon s
responsible for removing its own transenitted frames from the ring. In this manner, each transmitted
frame circulates the ring and is then removed by its souree station,  As a result, the throughput
capacity of such networks s limited 1o a value which is not higher than the ring's channe data rate.

In turn, as observed in Sec 46.4 (in connection with implicit polling-based multiplé-acoess
networks ), the bandwidth utitization of shared medium networks, with particular applications to
local and metropalitan area networks operating at high speed using generally fiber optic links, can
be significanily upgraded through the employment of spatinl-reuse methods. For example, consader
a ring network which consists of two counter-rotating unidirectional fiber opiic ring topologaes.
Each terminal {station} is connected 1o both rings through ring interface units. The bandwidth
resources of the rings are shared among the active stations. Assume now that a destination remravnl
method is employed. Thus, when 2 frame reaches its destination node (RILT), it is removed fraim
the ring by the latter. The network communications msources occupied by this frame (such as 2
time shot] can then be made availae to source nodes located downstream to the removing station
(as well as 1o the removing station itsell],

A source station which has a frame to transmat selects the ring that offers the shortest path to the
destination node. In this manner, the length of a path will be no longer than 1/2 the ring's length.
If we assumie s uniform traffic matrix (o that traffic fows between the network terminal nodes are
symmetrically distributed), the sverage path length will be equal to 1 /4 the ring’s length. Az aresult,
using such a destination removal techiiquee, we conclude thatl an average of four source-destination
flows will be carried simultaneausly in time by each one of the two rings. Therefore, the throughpat
capacity of such a spatial reuse network can reach a level which is equal 10 400% the ring'’s channel
data rate, for each one of the bwo rings.,

Spatial reuse ring networks can be used to carry traffic on a circuit-switched or packet-switched
(connectionless or connection-onenied) basts. For packet-switched network implementations, the
following two distributed implicit polling multiple-access methods have been used. Under a slored
ring operation, time slots are generated and circulated across the ring. Each time slot contains a
header whichidentifies it as either empty or busy. A station which senses an empty time slot can mark
it asbusy and insert a segroent (a MAC frame, which for example can carry an ATM cell} into the slot.,
The destination siation will remove the segment from its slot, and will destgnate the sloz as idle so that
it can be rewsed by itself or other stations. Under a buffer-insertion ring multiple-access scheme, each
station inserts a buffer into the ring. A busy station will defer the transmission af its packet to packets
currently being received from an upsaream station, In turn, when its buffer w detected 1o be empty,
the station will insert its sepment into the ring. The buffer capacity is set equal 1o a maximum sze
packctsothala packet received bya station while st isin a procest ol transmission of its own packet can
be stored in the station’s inserted buffer. Each packet is remwved from the ring by its destination node.

As previously noted, the DQDBE MAN is a slotted dual-bus network which employs active station
interfaces. Toachieve spatial bandwidih reuse gains of the bus” bandwidth resources, frame removal
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47.3 TRouting in Datagram Networks ..., :

47.4 'R.mﬂ:ins iy Virtual Cirent Switched Metworks ..ol
Réne L Crur 47.5 Hierarchical Eﬂuling ....... sessssans et T ;
Uity of Califorsia, 476  Flow Conteal in Datages— **— "
San Diego 47.7  Flow Controd in Virtual

47.1 Introduction

There are o large number of issoes relating 1o rowling i
discuss the subject comprehensively in this shoat chapl
and highlight seme important issues from a high-level p
cantext of packet switched networks,

Routing and flow control are concerned with how info
source io their destination. Specifically, routing is conce
paths traveled by packets through the network. Flow con

that is, the timing and rate of packet transmissions.
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gor flow control strategy is ofien intractable, For this reason, routing
‘typically based on several simplifyingassumptions, approximations,

d fhow control in more detail, we begin by classifying different modes
ST works

mnectionless Protocols,
Jetworks

ed protocol or service berween two netwark terminals, the two terminals
et prior 1o the transport of data, to set up a connection between them. The
exchange of data is required, for example, 1w identify the terminals to each
rules governing the exchange of data. For example, users of the telephone
nnéction-oriented protocol in the sense that a phone number must first be
smarties imunlvad moer ddeniife themeslpes 1o cach other before the cesential
*) used on the Internet i an example
wiented services are rlogin and relnet,
i Ms and services typically involve the
1h directions. In addition, connection-orienied protocols are frequently
transport of data packets between network endpoints, whereby the network
nteract during the data exchange phase in order to manage retransmission
s
tocols or services between two network terminals, no interaction between
ce prior to the exchange of data, For example, when a letter is mailed
¢ w eannactinnles segtooo] is used in the sense that the recipient of the
l'of time. An example of a connectionless protocol
transpori packets on the Internet.  Electronic mail
nse that the postal network providesa connectionless
een terminals engaging in a conncctionless protocol,
& and hence connectionless protocols are not
minectionless prodocols are often appropriate
wiently rare.
e e s e e Y designed to suppert connection-oriented
nection request is made to a connection-oriented network, the netwark
een the source and destination terminal. The switching nodes are then
et from the connection along the established path. Each switching node is
ithat pass through it and may reserve resources (e.g., bufers and bandwidth)
s, A packet switched network that ks connection oriented is also referred
witched network. Asynchronous transfer mode (ATM) networks are an
it swilched networks.
vk is a network designed 1o support connectionless protocols. Fach node
work typically knows how to route packets to each possible destination,
sordination between terminals before they communicate, Connectionless
-referred 1o as datagram networks.
:ﬁntdhnmlhﬂrd.mdmmmdm“mappﬂrmbtwidupnﬂ
wgy. We have made a distinction between a connection-oriented protocol
tedd petwork, and a distinction between a connectionbess protocol and a
Tha resenn faue thore dlcilaeilinge Yo keseios S alla oo ways In which
& can be built
we built upon
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connection-orientcd nebworks and protocals, Foroample, TCP is in widespread use oni
the Internet, but the Internct itself is inherently a connectionless network which unlizes
example that has received attention recently is in using an ATM network {connection «
i lower layer transport mechanism fo support the [P protocol between Internct nodies
b considered somewhat odd, since 1P will in turn ofien support the connection-orient

Packet switched networks can be further classified as lossy or lossless according to whs
network nodes will sometimes be forced to drop { destroy) packets without forwarding th
intended destination. Connectionless networks are inherently lossy, since the lack of cc
of data sources creates the possibility that buffers inside the network will overflow. C
oriented networks can b designed to be lossbess, On the other hand, connection-oriente
can also be lossy, depending on if and how flow control is exerchied,

47.3 Routing in Datagram Networks

“Eh'ﬂ!Enlnmﬁ.ru:uuriib:u.ﬁfmmmu!hgMIh:mmnlnfnmrwclinrﬂtumhﬂnrHL :
approach to routing in connectionless networks is for each nede in the network 1o h
intelligence to route packets 1o every possible destination in the network,

A common approach 1o oate computation is shortest path ronting. Each link in the
assigned a weight, and the length of a given path is defined as the sum of the link we
the path. The weight of a link can reflect the desirability of using that link and might £
reliability or queueing delay estimates on the link, for example. However, another com:
for link weights iz unity, and shortest paths in this case correspond to minimum hop p

We now bricfly review some popular algorithms for computing shortest paths, Suppo
n nodes in the netwack, labeled 1,2, .. The label (1, ) isazsdgned to a link that comn
to node §, The links are assumed to be arbented, that is, link {0, §) is distinet from (., 7).
that if there is a Hnk {f, §) in the network, then there is alsa a link (7, /) in the netwark, '
nisde § 15 a neighbor of node § if the link (i, ) exists. Let ¥ () be the set of nodes for s
i i% a neighbor, Let wy; denote the weight assagned 1o link (7, 7}, and define wy; = +00
not a neighbor of node j. We assume that wy; = 0for alli and j. Formally, a path from node 1, to 1
node iy is a sequence of nodes (i, 72, . . . i1 ). The length of such a path is the sum of the weights of
links between successive nodes, and the path is said to have & — 1 hops. We assume that the network
is sfrovegly coernected, that is, there exists a path between all ordered pairs of nodes with finite length.

Consider the problem of finding shortest {Le., minimum lengh) paths from each node to a given
destimatron node. Since each node in the network 15 a potential destination, this problem will be
eiplvied separately for cach destination. Without kss of generality, sssume that the destination node
s nude 1. The distance from a node ¢ to the destination node is defined 1o be the length of the
shortest path from pode d to the destination node, and is denoted as [, Define D) = 0L

Consider a shorvest path fram a nodde § 1o the destination: (7, f, &, ..., ). Note that the subpath
that begins at node j, {j, k, ... 1), must be a shortest path from node j to the destination, for
otherwise there exists a path from node i to the destination that is shorter than (i, f. k.. ... 1}
Thus, this subpath has length 0, and D; = wy; + ;. Furthermare, since D, is the length of a
shortest path, we have I < wy + B for any k. Thus, we have I} = 0 and

D; = min{w; + Dy : 1 = j = nj, l=i=n

This is known as Bellman’s squation, and forms the basis of an optimization tchnigue known as
dynamic programming. Let D = (Dy, Dy, . .., [}, ) denote the vector of shortest path lengths, and ‘
lex f denote the vector valued mapping in Bellman’s equation. 'With these definitions, Bellman's |
equation savs that D is & fixed pointof the mapging £, thatis, I = F(I. Ican beshown that under
our assumplion of positive ink weights, there is only one solution x 1o the equation x = fix), that
is, [ is the unigue solution 1o Bellman's cquation,
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The Beliman—Ford algorithns for shortest paths finds the solution to Bellman's equation iteratively,
specifically, let D = (0,00, 2¢, ..., 2¢). In the first iteration of the Bellman-Ford algorithm,
p' = f{D") is computed. In the mth iteration, I = f{D™") is computed. It can be shown
by induction on m that D is the vector of shortest path lengths, where the paths are constrained
to have at most m hops. Since link weights are positive, any shortest path visits a node at most
ance, and hence any shortest path has at most n — 1 hops. Thus, it follows that the Bellman~Ford
algorithm converges within # ~ 1 iterations. In other words, we have f{DF~") = D" ! = D, The
shortest paths can be generated from D by examining the argument of the minimum in Bellman's
equation. Specifically, for each i, let Next(i) = j, where j is an argument of the minimum in the
pquation for Dy, that is, I); = uly; + L. With this definition, Next(i) is clearly the first node along
a shortest path from node i 1o the destination. The worst case time complexity of the Bellman-Ford
algorithm is easily seen to be On').

- The Bellman-Ford shortest path algorithm is sometimes called a disrance vecterrouting algorithm.
The algorithm lends itself easily 10 a distributed, asynchronous implementation that forms the basis
for many commonly used routing algorithms. Insuch an implementation, each node 1 i responsible
for compiting the distance from itself to the destination Iy, Each node initially has an estimate of
I3, These initial estimates may be arbitrary, except the destination itself always knows the correct
distance from itself 1o itself, that is, node | knows that £ = 0. Each node ! sends, ar advertises, 1o
its neighbors the estimate of I that it currently has. This advertisement is either done periodically
oz whenever the estimate changes. Whenever a node receives an estimate from a neighbor, it updates
its own cstimate in accordance with Bellman's equation. Specifically, if £)(¢) is the estimaie of D,
at time ¢ and if D;{t — ;) s the estimate of I} from node f that was most recently advertised to
node i, then D, (1) = minfwy; + Byt = 1) ¢ j € N{f)). Note that this minimurm can be taken
ovet only nodes j which are neighbors of node i, since wy; = a¢ if node | is not a neighbor of node
j- It can be shown that each node’s estimate converges to the actual distance to the destination
under cssentially arbitrary assumptions regarding propagation delays of advertisements, and deluys

sekas and Gallager, 1992],
that the link weights were constant. In practice, however,
“or example, this may be as a result of link failures, or
Ifthe link weights change slowly enough, the distributed
il track the shortest paths correctly as the link weights
nge fast enough so that the algorithm does not have a
ar example, if link weighes change quickly in response to
ossible fior packets to travel around in loops indefinitely.
. a3 the traffic pattern on the links change due to oscillating
| Bertsekas and Gallager, 1992].
wch to finding shortest paths is for each node 1o independently compute
ile i broadcasts the link weight w,; for all outgoing links (i, j) 1o all other
s complete information about the network and can compute shoriest
sorks that use this approach are sometimes said to use link stare routing.
{lman~Ford algorithm as described 1o compute shortest paths. However,
commaon to use Dijkstra's algorithm for shoriest paths, described next.
fnding shortest paths first finds the chosest node 1o the destination node
1 the destination node with the smallest value of ), then the sccond
| closest node, and so on. Let us sssume again without loss of generality
on node. Dijkstra’s algorithm is summarized as follows:

1. Py = (1), Dy «~ 0.
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Iteration:
i* «— argmin(X; : { notin P,]
Py — Py U {i%}
D +— X
Forall k notin Pyaq:
If X = wyi- + D;» then

Xp — Wis + ,D‘-.

Next(k) +i®
m oa—rm 41
If o1 = n, then erminate. Otherwise, execute eration again,

The set Py, consists of the m cosest podes to the destination, in
words, for each mwe have | P = mi,and £ = Dy if § belongate
Ih ﬂth‘hp Dijhtﬁll ilw.l'lllhm 'I"l'l.l.l'k!-. GELTIN b I&IE!' m:l:lﬂ'i-ﬂ'g Lh-Eh.:ln.uull P LEIEITY
set of mr <= 1 closest noudes, that X = mit|wgy -+ D 1 f € Payy)yand that B has
correctly for all j € Pugq. Clearly this i true for m = 0, and we now show by in

true for all ar. Consider the (4 + st eration. Suppase that node i* isa node thay wowe ve anoeg =

10 Py to yield Py ; with the desired property and that node &
be added 1o Py to yield Py pq with the desired property. Mote |
hypothesis and the fact that all link weights are positive, it thus
that £y = X, Furthermore, we bave X; = 0 = D = X,
node §* is chosen correctly to form Py and [ = X,-, Furthe
correctly to preserve the industion hypothesis,

It iz s2en that the time complesity of Dijkstra's algorithm i O)
case-time complexity of ((n') for the Bellman-Ford algorithn
algorithm can also easily be adapted 10 address the computatio
sounce node to all possible destinations, which makes it well suite

Dieflection rowrivg [Maxemchuk, 19587] has been proposed for
flection routing, cach node attempts fo route packets along a s
congested, however, a node will intentionally send a packet 1o a n
path. Such a packet is said 1w be deflectad. 1f the number of link
the number of outgedng links, and the capacity of all links i th
essentially eliminated with deflection routing. It is possible for |
deflection routing. With 2 suitable priority structure, however, d
roasting has also heen propased weitfien high-speed packet switche:

In another approach to roating, sometimes called oprimal routing, the ra
cach possible sosrce—destination pair is estimated. Suppose that riw) is
per second) of tralfic Mlow for a given source-destination pair w. A m
for routing tralfic between each source-destination pair are ident™=-+ —
source=destination pair w. The wofal fow riw) is allecared amo
bo @ vector € . S oo fe dsuch that rlwd = i+ 4+
path p. Typically, bifurcation is allowed, so that f, may be pos
The path flow allocation for all source-destination pairs is detern
minimize some cost function, Typically, the cost function is of th
is taken over all Hnks & in the nevwork and f, denotes the toqal
link e, A common choice for C( L) s G0 = f./(C = ), w
second of link &, This would correspond 1o the average delay on lis
were an MM/ quese. Monlinear optimization techniques can b
albocations with respect 1o the cost function, The disadvantage of
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Roiting and Flow Control 658

Typically in connectionless networks, the network nodes will determine where to route a packet
wo that it gets forwarded 1o its destination, In such an environment, the source pluces the address of
the destination in a header field of each packet. Upon receiving a packet, a network node examines
the destination address, and uscs this to index into & lookup table o determine the outgoing link
ihat the packet should be forwarded on.

In contrast, source ronting describes the situation where the ronte that a packet travels is deter-
mined by the source. In this case, the source explicitly specifies what route the packet should take
within a .'rltndrr ;Flrld of the packet. Typically, this specification consists of the list of node addresses

’ tpacket should travel, This eliminates the need for large lookup tables within
ir example, link state routing can be used, where the sources compute shortest

rtual Circuit Switched Networks

o networks, sources make connection requests 10 the network, transmit data
Amai the scacsmcastlca codiboc aae o f a_dlhc oo . mF !:Emﬂ:ﬂm

tion requcst as
unknown, and

1g is still a viable approach in connection-oriented networks. The network
i paths 1o all possible destinations. When a connection request is made, the
forwarded along a shortest path to the destination, and the switching nades
termine if they have the resources (e.g., bandwidth, bulfers) to support the
all network nodes determine that they can support the request, the network
1, link weights are updated to reflect the newly formed connection, and data
rwarded alane the rstablished path. I5a network node along the shortest path
‘e network would then reject the connection request,
route a connection request along another path if the
Id be done carefully, since routing a connection on a
hat could be better used 1o support ather conncction
schniques may be used to advantage in this regard.

night be responsible for specifying a desired path in a connection
m of source routing, Obviocusly in this case, the sources would necd
atogy in order to make intelligent choices for the routes they request.
works, the source need not place the destination address into cach
a virfual circecdi identifier (VCI) in cach packet, which labels the
o This can result in a savings of bandwidth if there are a
+ and a comparatively smaller number of connections passing
can have a different VCl assigned on every link along the path
t up through a node, the node assigns a VCI to the connection
h may be different from the ViCI used for the connection on
: node then establishes a binding between the VCI used on the incoming link,
e outgoing link, us well as the appropriate outpur link itself, Upon receiving
wode reads the VCI used on the incoming link and uses this as an index into
lookup table, the node determines the appropriate outgoing link to forward

i the new VCI to use, This is sametimes referred 1o as VCI translation,

outing

ery large. 1l is
mputxtion, by
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using a hicrarchical routing strategy. One approach to a hierarchical routing strategy is
A subsel of the network nodes are identified as backbone nodes. A link connecting two
is called o backbone link. The set of backbone nodes and backbone links is called th
network.  The nonbackbone nodes are partitioned into clusters of nixbes called dom
backbone node belongs to a distinct domain, and is called the parent of all nodes in tf
The novdes within a domain are typically geographically close 1o one another, Rowtes bei
of nodes in the same domain are constrained not to go outside the domain. Routes bet
of nodes in different domains are constrained to be a concatenation of a path completely
sourrce domain, a path completely within the backbone network, and a path completely
destination domain. Routes are computed at two levels, the backbone bevel and the do
Route computations at the backbone level need only infermation about the backbor
and can proceed independently of route computations at the domain level. Conver
computations at the domain level need only information about the specific domain
routes are computed. Because of this decoupling, the problem of route computation |
forwarding can be considerably simplified in large nerworks,

With a hierarchical routing approach it is often conveniens 10 have a hierarchical suuresing
strategy as well. For cxample, for the hierarchical routing strategy just described, a node address I
could be grouped into twa parts, the domain address and the address of the node within th= ==~
Packet forwarding mechanisms at the backbone level need only look at the domain part «
aiddress and packet forwarding mechanisms ar the domain level can ignore the domain
node address. Of course, it is possible 10 have hierarchical routing strategies with morn
lewels as described.

47.6 Flow Control in Datagram Networks

Since sources in a connectionless network do not interact with the network prior to the tra

of data, it is possible that the sources may overload the network, causing buffers 10 ow

packets to be lost. The sources may become aware that their packets have been bost, and
retransmit the lost packets. In turn, it is possible that the retransmission of packets will cause more
buffers to overflow, causing more retransmissions, and o on; the network may be caught in a traffic
jam where the network throughput decreases to an unacceptable level. It is also possible that buffers
may overflow at the destinations if the sources send data too fast. The objective of flow mmml in
connectionless networks is to throtte the sources, bt only as necessary, so that rate of |

due 1o buffer overflow is at an acceptably low level,

A number of schemes have been proposed for flow contral in connectionless netws
technique that has been proposed is that network nodes that experience congestion (e
overflow) should send the netwark nodes causing the congestion special control pack
in effect request that the offending nodes decrease the rate at which packets are injecte
network. This has been implemented in the Internet, and the control packets are called sou
packets. A practical prollem with this approach is the lack of sccepted standards thar gpe
what conditions source quench packets are sent, and that specify exactly how network nod
react to receiving a source quench packel.

We now focus our discussion on a commen low control technique used on conn
networks, whereby the network carries traffic predominately from connection-oriented
and window flow control is exercised within the connection-oriented protocols.

Window flow control is a technique where a source may have 10 wait for acknowle
of packets previously sent before sending new packets. Specifically, a window size W i
ta & source, and the source can have at most W unacknowledged packets outstanding.
window flow contrel is exercised end-to-end, and the acknowledgements are seat back to
by the destination as soon as it is ready to receive another packet. By delaying acknowledgements,
the destination can slow down the source to prevent buiTer averflow within the destination.
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Another motivation behind window flow control is that if the network becomnes congesed, packet
delays will increase. This will dow down the delivery ol scknowledpements back to the source, which
will cause the source to decrease its rate of transmissions. The window size W is typlcally chosen
farge enough 5o that in the absence of congestion, the source will not be slowed down by waiting
jor acknowledgements to arrive.

Although it is possible 1o prevent buffer overflow by choosing the window sizes small encugh and
appropriately managing the creation of connections, this is typically not how datagram networks

operate. En many cascs, packet loss due to buffer overflow i possible, and window flow control is
atic repeat request (ARQ) protocol to manage the retransmission of lost
e source will wail only a limited time for an acknowledgement to arrive,
passes without an scknowledgement arriving, the source will Hmeout and
& been lost, causing one or mere packets 1o be retransmitted. The amoant
vits is called the rimeonr value.
TERTATATIS4 Ons ﬂwhld be l:ilrl:ful]]-' mntmll:d tn prevent tI:u!- netwiork
e is com-
dnation
mectanisms have been
fim the current Internet,
vrees should wait for the
tadd toit. Inthe TCP protocol [lacobson, 1988 ], each timeout causes the
bed. This is called exponennial beckoff, and is similar to what happens on
ctice, 50 that the timeout values do not get unacceptably large, exponential
he timeout value reaches a suitable threshold. After acknowledgements
ce again, the source can reset the timeout value appropriately,
wial backofl, the TCP protocel dynamically adjusts the window size in
1 particular, a congestion window W s defined. Initially, W' is set to the
riate for noncongestion conditions, Alter each timeout,
= 1. This is called mnalisplicative decrease.
ool is at most W', and could be less. The idea is that
ber of sources could still retransmit a large number of
estaon. To prevent this, cach time a timeowt oocurs, the
urce is then allowed o send one packer. If the source
ot it increases the window size by one, and hence is then
he source will increase the window size by one for each
dow size reaches the congestion window size W', This is
wsed for new connections. Afller the window size reaches W, the window
i every roundtrip delay, assuming no timeouts occur, until the original
or noncongestion conditions is reached, This has been called slower stare.

Virtual Circuit Switched Networks

ented networks, flow control, in a broad sense, can be exercised at two different
level, when a connection request is made, the network may assess whether it has
pport the requested connection. I the network decides that it cannot support the
ion, the request isblocked (repected). This is commuonby called admision covtrof, A
i mary carry information such as the bandwidth of the connection that is required,
Lcan use to assess its ability to carry the connection. Some sources do not formally
ied bandwidth from the network, but would like uhiﬂuh-undmdlh a8 possible.
sk bl sm el b Hallaca es s e e BN il B S ﬂﬁ“lqwd““h
BR] sources. IT
ntrol
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At a finer bevel, when & connection Is made, low control may be exercised at the packet level, |
particular, the rate as well asthe burstiness of sources may be controlled by the network. We locus our
discussion on flow contrel entirely at the packet level. Proposals have albio been made to exercise flow
control at an intermediate level, on groups of packets called bursts, but we do not discuss that here,

We first discuss flow control for ABR sources. Given that the bawdwidih allocated o an ABR
source is variable, the issue of laimess arises. There are many possible ways o define fairness,
One popular definition of Falrmiess Is sx—nrin fairmess, which is defined as follews. Each link in the
network has a given maximum total bandwidth that is allocated to ABR sources wing that link. Each
ABR source has an associated path through the network that is nsed o deliver data from the source
1o the associated destination. An allocation of bandwidihs w the ABR sowrces is called max-min
fair if the minimum bandwidth that b allocated is as large as poasible, Given that constraint, the
next lowes: bandwidth that is allocated is as large as possible, and so on.

A simple algorithm to compute the max=min fair allocation of bandwidths to the ABR sources is
as follows. A link is said 1o be ssturated if the sum of the bandwidihs of all ABR sources using thay
link equals the tatal bandwidth available to ABR sources on that link, Each ABR source 15 ingtially
assigned a bandwidth of zero. The bandwidih of all ABR sources is increased equally until a link
becomes saturated. The bandwidth allocated 1o cach ABR source that crosses a saturated link is
then frozen. The bandwidih of all remaining ABR sources are 1hen increased equally until another .
link becomies saturated, and the bandwidth of each ABR source thai crosses a newly saturated link
is then froren, The algorithm repeats this process until the bandwidth of each ABR source is frozen.

Chive wary' to impose fow control on ABR sources that has been proposed is 1o use window llow
control for each ABR connection at the hop level. That is, each ABR connection is subject o a
windew flow contral algasithm for each hop along the path of the connection. Thus, each ABR
connection is assigned a sequence of window sizes which specify the window size to be used at each
hop along the path for the connection. Each node along the path of a connection reserves buller
space to hold & mumber of packets equal to the window siee for the link mooming to that node.
Packet loss is avoided by sending scknowledgements only after a packet has been forwarded 1o the
next node along the path. This scheme results in backpressure that propaganes toward the source in
case of congestion. For example, if congestion occurs on a link, it inhibits acknowledgements from
being sent back on the upstream link, causing the bufler space allocated to the connection an the
node feeding the upstream link 1o Rk This will canse that node to defay sending acknowledgements
to the no<de upstream to that node, and so forth. IF congestion persists long enough, the source will
eventoally be inhibited from transmitting packets. Tt has been shown that if cach node transmits
bulfered packets from ABR connections that pass through it on a round robin basis, that if window
sizes are sufficiently large, and that if each source abways has data to send, lhm the rnnllll'l-g
bandwidths that the ABR sources receive are max-min fair [Haf-- *onet 7o b e
known a@s credii-based flow controd | Kung and Maorris, 1995], and
for adaptively changing the window sires in response to demand,

Another way 1o achieve max-min faimness (or fairness with res)
bandwadihs) is to explicitly compute the bandwidth allecations and enforce the allocations at the
entry points of the network. Explicit enforcement of bandwidth allocations is known as rate-hased
flenr corrrol.

Bandwidth is defined in a time-average sense, and this needs to be specified precisely m arder
to enforce a bandwidth allocation. Suppose packet sizes are fixed. One way to precisely define
conformance to a bandwidth allocation of p packets per unit time is as follows. Tn any interval of
time of duration x, a source can transmit 21 most px + o packets. The packet stream departing
the source 3 then said to be (o, plimooth, The parameter & 15 a constand positive integer and 53
measure of the potential burstiness of the source. Over short intervals of time, the bandwidih of
the source can be larger than g, but over sufficiently large (depending on the value o} intervals of
tirme, the bandwidih is essentially at most o, The source or network can insune conformance to this
oy m'ing Lealky burh‘r_rlmr control | Turner, 1986], defined as follows,

Samsung Exhibit 1022, Page 99 of 182
Samsung Electronics Co., Ltd. et al. v. One-E-Way, Inc.
IPR2025-01541



gouting and Flow Control G5

A source is not allowed 1o transmit a packet unless it has a permit, and each transmitted packet
by the source consiimies one permit. As lomg as the number of permits is less than o, the source
receives new permits ance every (1/,0) units of time, Thus, a source can accumulate up to o permits,
A packet that arrives when there are no permits can either be buffered by the source or discarded.
Each ABR source could be assigned the parameters (o, o), where o is the allocated bandwidth of
the source, and o represents the allocated burstiness of the source, in some sense.

Mon-ABR sources require a certain minimum bandwidth from the network for satisfactory
m,,ﬁnm, lnd may also require that latency be bounded, Examples are multimedia sources,

es, distributed computing applications, and real-time applications. Leaky
w be applied 10 non-ABR sources. The parameter o specifics the maximum
wurce, and the parameter o o casures the potential burstiness of the source,
ucket rate control is applied to all of the sources in the network, delay and
an be controfled, and packet loss can be reduced or eliminated. Some
we are presented in Cruz [1995, 1991a, 1991h]. We now bricfly describe
e amalusas
xamjple,
T o s T e e e T T Tt T n et T T EeA Fﬂh““- H-‘aéﬂii!lr
irts the node. Ohwer amy
wed 1o the switch in the
NCE NE QLY 1s DOUnaca by @. 1ne numper o these packets is bounded
o 4 pd), ance the packet stream is (o, o) smooth as it enlers the node,
as it departs the node is (o 4 pd, pd smoeoth, and is potentizlly more bursty
s it entered the node. Thus, as a packet stream passes through network
rsty at each hop, and the buffering requirements will increase at each hop.
quiremnents af intermediate nodes can be reduced by using rate control
1the transmission of packets withi the network [Cruz, 1991b; Golestani,
flow within the netwark, at the expense of some increase
e delay jitter by using this approach.

uest [ ARD) protocsl ensures relisble transpost of packets
It invobves labeling packets with sequence numbers and
a6t or errored packets. It can be exercised on a link, or on
&,
packet switched network that treats each packet as a separate entity, Ench
n, 1% forwarded to its destination independently, The data sources do not
: metwork or the destinations prior to .mldlngidltagnm. Datagrams may
ark. without natification of the source,
is generally divided into a header and a payload. The payload carries
awsported, whereas the header contains control information for routing,
umbers for AR, flow control, error detection, etc. The header is generally divided
and a header field contains information specific to a type of control function.
network: A network where the fundamental unit of information is a packet. To
anomy, the communication links of a packet switched network are statistically
fiering is required at network nodes to resolve packet contentions for communi-

&
m: A technique used in telephone networks whereby some portion of a commu-
il fs mormmind s sdemabbe fheomlind thai mealin mnet affeinmt wen o (he link, A link

1its whicl make
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Virtual circuit switched network: A packet switched network that erganizes data packets aconrd.
ing 1o the virtual circuit that they belong to. Packets from a given virtual cirouit are routed
along a fixed path, and each node along the path may reserve resources for the virtual Giroud,
A virtual circuit must be established before data can be forwarded along it
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48.1 Introduction

The transport kover of @ computer network is situated above the network layer and provides reliable
communication service between any two users on the network. The users of the transport service
are e-mail, remote bogin, file transfer, web browsers, etc. Within the transport layer are transport
entities, one for each wer. The entitics execute disteibuted algarithms, referred 1o as transport
protocols, that makes use of the message- passing service of the network layer to offer the transport
service. The most well-known transpart protocols today are the Internet Transmission Control
Prosocol (TCP), the original transport protocol, and the 150 TP4.

Histonwcally, transport protocol design has boeen driven by the need to operate correctly inspite
of unreliable network service and failure-prone networks and hosts, The channels provided by the
network laver between any bwo entities can lose, duplicate, and reorder messages in transit. Entities

1es negligible; that is, even with retransmissmons @ message is
These fault-tolerance considerations are still valid in today's

quate transport service to reliable data transfer between any
squires resources al Lhe enfities, such as buffers and processes
) o T cannot be maintained
ery pair of users would
_ ) ~ima network exchange

ty, especially in a large network such as the Internet.
ort service has two parts: connection management and data transfer. Data
the refiable exchange of data between connected users. Connection man-
the establishment and termination of connections between users, Users can
rtions to other users, and can accept of repect incoming connection requests,
d when o user enters a connection, and released when the user leaves the

661
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662 MNetwirk,

conaection. An incoming connection request is rejocted if the user has fafled or fts entity does no
have adequate resources for new connections.

A key concern of transport protocols is to ensure that a connection is not infiltrated by ol
mesiages that may semain in the network from previous terminated connections. The standarc
technigues are W use the 3-way handshake mechanism for comnection management and the sliding
window mechanism for data transfer within a connection. These mechanisms use cyclic sequene
numbers to identify the connection anempits of a user and the data blocks within a connection,
The protocol must ensure that received cyclic sequence numbers are correctly interpreted, and this
invartably requires the network to enforce a maximum message lifetime.

In the following section, we describe the desired transport service, We then describe a simplifisd
transport protocnl that illustrates the core of TCP and [50 TP4. We conclude with a brief mention
of performance issues and minimnem-fatendy ransport protocols,

Unless explicitly mentioned, we consider a client-server architecture, That is, the users of the
transport layer are partitioned into clients and servers, and clients initiate connections to servers,
Every user has a unique identity (id).

4852 A LEL Y LA TR

This section explains the correctness properties desired of the transport layer, 'We first define
the notion of incarnations. An incarnation of a client is started whenever the client requests
4 connection to any server. An incarnation of a server is started whenever the server accepls 4
{potentially new) connection request from any cdient. Fvery incamation is assigned an incarnation
number when it starts; the incarnation is uniquely distinguished by its incarnation number and
entity id,

Once an incarnation x of an entity ¢ i started in an attempt 1o connect 1o an entity 5, it has on
of two pussible futures. The first possibility is that at some point x becomes open and acquires an
incarnation number y of some incarnation of s—uwe refler 1o this as *r becomes open to incarnation
¥ of £”; at some Later point x becomes dosed. The second possibility is that & becomes closed
without ever becoming open. This can happen 10 a client incarnation either because its connection
request was rejected by the server or because of failure (in the server, the client, or the channels),
It can happen o a server incarnation either because of failure or because it was started in response
1o a connection request that later turns out to be a duplicate request from seme old, now closed,
incarnation.

Because of Batlures, it is also possible that an incarnation x of ¢ becomes open to incrmation
¥ of 5 but y becomes closed without becoming open.  This is referred to as & half-openr con-
mection.

A connection is an association between two open incarnations. For
ists between incarnation & of entity ¢ and incarnation y of entity s if
x and 1 has become open to y. The following propertics are desired ot connection manage-
meni:

* Consistent connections: If an incarnation x of entity ¢ becomes open to an incarnation v
of entity s, then incarnation y is either open 1o x or will become open to x unless there are
failures.

* Consistent data transfer: I an incarnation x of entity ¢ becomes open to an incarnation v
of entity s, then x accepts received data only if sent by v.

* Progrese [fan incarnation x of a client requests a connection to a server, then a connection is
established berween x and an incarnation of the server within some specified time, provided
the server does not reject £ request and neither elient, server nor channels fail within that
time.
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! Transpart Layer 663

+ Terminating handshakes: An entity cannot stay indefinitely in a state {or set of states) where
it is repeatedly sending messages expecting a response that never arrives.  (Such infiete
chuetter is worse than deadlock because in addition to not making progress, the protocol iz
CONGIMIINE Precious nework resounces.

(ziven a connection between incarnations x and y, the following propertics are desired of the data
transfer between x and y:

+ |n-sequence delivery: [ata blocks are receaved at entity v(x) in the same order as they were
sent by xiy).

« Progress A data block sent by x(¥) s received at y{x) within some specified time, pro-
vided the connection is not terminaled (either intentionally or due to failures) within that
Lime.

3 Data-Transfer Protocol

This sectbon describes the sliding-window methad for achieving reliable flow controlled data trans-
fer, awrnng that isers are thwaye covmected and correctly inialized.  Later we add connection
manaoeiient to this protogo],
and s connected by unreliable network channels, The user at ¢ produces
il 1o the user at 5. Because the channels can lose messages, every data
ted umtil it 15 acknowledged. For throughput reasons, entity ¢ should be
locks outstanding, that is, sent but not acknowledged. Similarty, entity 5
lata blocks received out-af-sequence (due o retransmissions or petwork

WA i i

* by user ¢ with successively increasing sequence numbers,
anism maintains two windows of sequence numbers, one

les:

ie mumber of data blocks sent and acknowledged.
¢ number of data blocks produced by the local uscr.
1is is the maximum number of outstanding data blocks

¢ outstanding and must be buffered. The entity can accept an additional
& from its user, that is, data blacks ns to a4 sw = 1. The s2quence
= | constitute the send window, and 5w is its sire.

following varialdes:
ially 0, Thas 15 the number of data blocks delivered 1o the user.
s w8y now | indtially 0. This is the maximum number of data blocks that the entity
' can buffer.

iave been delivered to the user in sequence. A subset, perhaps empty, of
- rie = | have been received and are buffered. The sequence numbers nr

+ the receive window, and rw is its size.
entity to identify a received data block or acknowledgement 1 for the
suence nomber of the concerned data block. Bt such a seouence number
, j mod
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T emzure that a received cyclic sequence number s correctly interpreted, it is necessary for the
network to enforce 2 maximum message lifetime, that is, no message older than the Bfetime remains
inthe network. It then suffices if M satisfies

ﬁ.'z:-;w+Hw+%

where SW and BW are the madimum sizes of the send and recelve windows, F is the maxi
mum message lifetime, and § & the minlmum time between suscessive data block produc
tions,

Flow control is anather issue in data transfer, that is, entity ¢ should not send data faster than thy
network or entity s can handle. By dynamically varying the send window size, the shding window
mechanim can also achieve flow contrel. In particular, consuiner-directed flow contral works as
follows: entity 5 dymamically varies its receive window siee 1o reflect local resource constraints, and
regularly requests entlty ¢ 1o et fis send window size to the receive window size, Note that in thi:
case, the previons condition on N reduces to N = 2RW + LJ§,

We finish this section with a specification of the sliding window protocol. The data messages ol
the protocol have the form (D, sid, rid, data, cj), where sid is the sender’s id, rid is the intended I

receiver's id, dane is a data block, and ¢f is its cydic sequence number.

The Hh‘uf‘-‘-'lﬂdhunni {ack) messages of the protooal ave the farm {ACK, sid, nid, cf, wh, wherne

#id and rid are as defined previoudy, ¢f is a cyclic sequence number, and w is a window size. When
the message is sent, cj and w are set to the valoes of ur mod N and rw, respectively. Thus the
message indicates the data block next expected in sequence. Because it acknowledpes all earlier dats
bloscks, it is referred 10 as a cumnddarive ack.

The events of the producer and consumer entities are shown in Fig. 45.1. There are two types of
events. A monreceive event has an epabling condition, denoted ee, and an action, denoted ac; the
action can be executed whenever the evenl bs enabled. A receive event for a message has only an
action; it s executed whenever the message is received.

Entity e Entity 8
Accept datablock from user |[data) Expand recelve window
B pi—RA € e e rw < BW
af: bulfer dats a8 datablodk ns ac: w iz rwdl
mS 2= ne+l
Dieliver datablock to ueer (data)
Send datablock (1) [ alws resends ec: datablock nr in receive wisndow
eer 0= )< ne—na-1 ac: data s= datablock me;
ac: Semd (D), ¢, &, datablock j, j mod N ur = npdl;
™= rw—1
Reception of HEE. 8, €, g, w)
at: imp := (cj—na) mod N; Send acknowledgement
H 1< tmp< na=ne then e itrue Jif also resends
delete datablocks na to rastmp ac: Send (ACK, =, ¢, nr mod N, rw
from send window;
a = madtEmps Reception of (I, e, 5, dsta, cf)
W= W ac: tmp i= (cj=-nr) mod N;
#lze if tmp = @ then sw = max{sw, w) if @ < tmp < rw then
S alee imp > pe—na; do nothing bufler data as datablock sr+tmp;
{{ el tmpzrw; do nothing

FIGURE 481 Bvenis of shiding window protocel.
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48.4 Connection-Management Protocol

This section describes a connection-management protocol. Traditional transport protocods, incud-
ing TCP and TP4, identify successive incarnations by increasing, though not necessarily successively,
incarnation numbers from some modalo-N space. Every entity uses a counter o a real-time clock
o generate incarnation numbers for local incarnations

l Another feature of traditional transport protecols is that an entity stores a remote icarnation’s

pumber only while it is connected to the remote incarnation. This necessitates a 3-way handshake
e covnmectinn estahlishment. & client that wants 1o connect 1o 3 server sends 2 connection requiest
% . When the server receives this, it responds by sending a response

rnation number, say, ¥. When the client receives the responze, it

1= by sending an ack containing x and y. The server becomes open

wver could not become open when it received the connection request

1y have been a duplicate from previous now terminated connection,

A seway nasauans sansss (0F ConRection closing. An open entity sends a disconnect request

I that is acknowledged by the other entity.

4 i b debala alon calficas fre cnmnassion calactipn, It is obvious that a server may have 1o
bviows is that a chient may have to reject a
* pecelves an ald connection requeest from a
won amrm ey reem mn - e mnemeeege 3 00 COMPlete the second stage of the 3-way
o the client has 1o reject the server.

iels imply that a k-way handshake has the following structure: In every stage
ige is sent repeatedly until the message of the next stage is received. The
= is sent anly in response, otherwise the handshake would never lerminate.
ink of the protocol as a distribeted system that is driven by user requests.
&5 the associated entity to initiate a 2- or 3-way handshake with the other
¥ learns something about the ather entity and may
Ar the end of e handshake, the protocal has served
complex because two handshakes can be exccuting

mation that & relevant to the ather.

- I nere 1s an intricate relationsnin between me modulo-N space of the incarnation numbers and
110 the case of data transfer, since the latter assumes
erpretation of received cyclic incarnation numbers,
ie, incarnation lifetime, wait duration, and recovery

— e e g assuaapeen ol The incsrnation lifEtime dosninates the wait and

sufficient and necessary to have

N}4L+f

[+

n message lifetime, £ 15 the maximum incarnation lifetime, and o i3 the min-
ceessive incarnation creations at an entity. Most references in the literature
N 2= 2L fo s sufficient.

se satisfiable for exceedingly long-lived incarnations, say, of the order ol days.
e that the probability of two successive connections having identacal modulo-
arnation numbers is negligible (it is approximately 1/ N? under reasonable
wtion lifetimes), then the following bound, which does not depend on 1.

vat
i
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We now give a specification of the connection-management prodo
A client entity maintains the following variables for cach server 5

* status{s]: [CLOSED, DPENING, OPEN, CLOSING]; initially
ihe client’s relationship with server s; CLOSED iff client has me
OPENING means clieni has an incarnation requesting a conr
client has an incarnation open to 5. CLOSING means client
connection with x,

s linfg]s [MNIL, 0, 1, ...}; initfally NIL. This &s the local incarnat
equals CLOSELDY; otherwise identifies client incarnation involv

* denfd]: [NIL. O, 1, .. .}; initially MIL. This is the distant incarna
equals CLOSED or OPENING; atherwise identifics the incart
the client incarnation i involved,

A server entily maintains the following state variabies for each client e

« statwsfe]: [CLOSED, QFENING, OPEN]; initially CLOSED, This is status of server’s

means server has an incarnation accepting a connection reques
has an incarnation open 1o ¢
= lim| el {NIL, 0. 1, .. .j; initzally NIL. This is local incarnation n
CLOSED; otherwise identifies server incarnation imvalved wirl
* dinfc]: {MNIL; 0,1, ...} initially NIL Thiz i3 the distant inca
iuis] ] equals CLOSED; otherwise identifics the incarnation of i
incarnation is imvohed.

The messages of the protocol have the forns (M, dd, rid, s, rin)
message, #iel is the sender’s id, rid is the intended receiver's id, sin s the,
and rin is the intended receiver’s incarnation number. In some messa

Esch message is either o primary message or a secomdary message
repeatedly until a response is received or the maximum wait duratic
miessage is sent only kn reiponse to the reception of o primary message
primary message may be another primary message, a5 in 8 3-way han

The messages sent by clients are as follows:

* (CR, sid, rid, sin}: Connection request; sent when opening; primarv message.

* [CRRACK, sid, rid, s, rim):  Acknowledgement 1o connectio
ondary message,

* (DR, sid, rid, sim, rin): Disconmect request; sent when closing |

* (RE], sid, rid, rin): Reject response 1o a connection request reply
The sinof the received CRR is used a5 the value of rim; seconda

The messages sent by servers are as follows;

* (CRR, sid, rid, sin, rin): Reply to connection request in 3-way ha;
Primary message.

* (DRACK, sid, rid, sin, rin): Response to disconnect request; sec

* (REJ, sid, rid, rin}: Reject response to a CR received when do
miexsage is used as the value of rin, secondary message.
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Trafispare Laydr

G

Client enlity o1 evenls concerning server s

Coanect Requesi{s]

L
i

51.“11.:[!'- v L LOSEL
statusla] == OPENING ; linls] = new incarnation number

Disconnect Request(s)

Bl
- )

statusfs] = OFEN
satols] := CLOSING

Aborts)

s
f f

statias] # CLOSED & “reipopie timeout™
statimsbs] == CLOSED ; hnds} := NIL ; dimfs] := KIL

SendCHis)

[
Bz

Kend
[~ e
Al

statusis] = OPENING
Send [ CR, e, s, Iir|.||:] i

DR{s]
statuss] = CLOSING
Send | DR, ¢ &, lin[si, din]e] }

Receive | CRR, &, c, sin, rin }

L

il status[s] = OPENING & rin = lin]s] then
statusls] := OPEN ; dinfs] := sin ;
Send [ CRRACK, 2, =, linfsj, dinfs] }

cloe if statusfs] = OPEN & rin = lnls] L sin = dinfs] thew
M daplieato CRE
Send [ CRRACEK, «; 5, linls], dinfs] )

elee il statnsfs] = OPEN & rin = linls] & sin>disls] then
[ worver erashed, reeoversd| resposiding to odd CR
Send [ REJ, ¢, 5, 8in ) ; statns(s) := CLOSED ;
dinfs] == NIL ; linls] == NIL

elsc if statusfs] is CLOSED or CLOSING then Send { REJ, ¢, #, sin )

Receive [ REJ, 5, ¢, rin ]
an irﬂllll'll! i DPENING or CLOSING k fn = hnfl! ihey,

Recei

siatuafs] c= CLOSED ; dinfs) i= NIL ; lin[s! := NI
£ else sratuss] is OGPEN or CLOSED; do aothing

DRACK, &, , sin, rin )
atugfi] = CLOSING & ris = lins] & sin = diss] thea
atusfs] := CLOSED ; dinfs] := NIL ; linfs] := NIL
lew statusfs] is OFENING or OPEN or CLOSED; do sothing

URE48.2 (CHent evenis of conmnection manzpemeni neodgonl,

between a chient enfity ¢ and o server entity 5 consists of a connection-
augmented with two data-transfer protocals, one for data transfer from ¢ 1o
transfer from 5 to c. At each entity, the data-transfer protocol is initsalized
comes open and f1s evenis are executed only while open. The data-transfer
o by incarnation number frelds, which are wsed by receiving entities to filler
ages of old conpections,
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Server antily 81 events concerning elient ¢

Abort(c)
ec: statusle] # CLOSED & “response timeoat™
ac: statusic] r= CLOSED ; lnfc] := NIL ; dinfe] := NIL

SendCRR(c)
ec: status[s] = OPENING
ac: Send | CRR, s, ¢, lnfc], dinfc] )

Receive f CR, ¢, &, in }
ac: if statusfe] = CLOSED L “rejecting conmnections” then
Sexd { REJ, 5, ¢, %n ) ;
else if statusfc] = CLOSED & “sceepting connections™ then
linfe] := mew incarnation nomber |
status[e] = OPENING | diafc] = sin
else if statwafe] = OPENING & sin>din[c] then
/[ previous dinfc] value was from some old CR
dinfc] m= sin
else if statusfe] = OPEN & sin>dinfe] thea
/[ client crashed, reconnecting
il “willling 1o reopen™ thes
linfe] := naw incarnation number ;
dinlc] := sin ; statwsfc) := OPENING
elso statm(c] == CLOSED ; Enfe] := NIL ; dinfc] 1= NIL
[ else statusc] = OFEN & sin < dislc); do nothing

Receive { CRRACK, e, 5, &y, rin, §
ac: if statusfe] = QPENING & sin = dinfc] & rin = lia[e] then
platugc] := OFEN
{ [ vl ctatusfe] is OPEN or CLOSED; do nothizg

Receive ( DR, c, 5, sin, ris )
ac: if statusfe] = OPEN & sin = dinfe] & rin = linfc] thes
Send [ DRACK, 5, ¢, linfe], dinfe] ) ;
statwi[ej ;= CLOSED | Enjc) := NIL ; dinfc] ;= NIL
else if statusic| = CLOSED then Send ( DRACK, s, ¢, rin, sin ) ;
/[ else status[c] = OPENING; do nothing

Receive { REJ, e, &, rin |
ac: if statusl] = OPENING & rin = linfe] then
statusfc] ;= CLOSED ; lafc] := NIL ; dinfe] := NIL
[/ dse statunfe] is OPEN or CLOSED; do sothing

FIGURE 483  Server cvents of connection management protocol.

We illustrate with the protocols of the previous sections. Start with the connection- managemvent
protocol of Sec. 48.4 between ¢ and x. Add two sliding window protocols, one from «© to 5 and one
from s to ¢, as follows:

* Ar gach entity, introduce varisbles ms, na, sw, and the send window buffers for the outgoing
data tranafer, and v, rw, and the receive window buffers for the incoaming data transfer.
These data-teansfer variables are initialized whenever the entity becomes apen, Whenever
the entity becomes closed, these variables are deallocated.

* Modify the client as follows. Add statuss] = OFEN 10 the enabling condition of every
data-transfer event. Add sin and rin fields to the sliding window protocol messages. When
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a data-transfer message is sent, 530 is set to the local incarnation number finfs] and i is se1
to the remote incarnation number divs], When a data-transfer message is received, first
test for staries]s] = OPEN, sin = din|s] and rin = lin{s]. If the test fails, ignore the message,
otherwise, process the message a5 in the sliding window protocol specification.

# Modily the seover similarly.

There are various ways o extend and integrate the data-transéer protocols.

The messages of the two data-transfer protocols can be combined. Forexample, the data messages
sent by an entity can have additional fields 1o piggy-back acknowledgement information for incoming
data, that is, fickds for wrand rw This is done in TCP and 150 TP4.

The preceding protocol uses cumulative acknowledgments. We can also use reject messages to
indicate a gap in the received datn. Rejects allow the data sowrce 1o retransmit missing data sooner
than cumulative acks. The protocol can also use selective acknowledgements to indicate correctly
received out-of-sequence data. This allows the data source to retransmit only what is needed, rather
than everything outstanding. Selective acks and rejects are not used in TCP and 150 TP, although
there are studies indicating that they can improve performance significantly.

The preceding protocel uses fixed-size data blocks. An alternative is to send variable-sized data

dicating the size of the
modification would be

nagement protocol can be extended and integrated in several ways.
wcol allows either user to close a connection at any point, without waiting for
npleted. An alternative is so-called graceful closing, where a user can close
transter, The user must continue to handle incoming data until the remate
. TCP has graceful closing, whereas 150 TP does not. It is a simple matter
o pm‘l.nml. thlt -;Iu-u not have it.
" ment, data transber, and conmection termination. The
ould be delivered after the server becomes open. The
r the data is delivered the connection is 1o be closed.

imber space to identify both incarnations and data
n entity, an initial sequence number is chosen and
nessage sent by the incarnation, whether of connec-
creasing sequende numbers starting from this initial

ate both data transler and connection management. Every TCP message has
(wence number of the message, the next sequence number expected, the data
gment kength, and receive window size. A connection-management message
wledgement is considered 1o use up a sequence number, say, o, This means
sclion-management message sent by the entity, whether or not it requires an
sld have the sequence number » 4 1. The remote entity can acknowledge a
nit message by sending 2 message of any type with its next expected sequence
t+ 1.
YN, SYN-ACK, ACK, FIN, FIN-ACK and R5T correspond, respectively, 1o
CRRACK, DR, DRACK, and RE] of our protocol,
wd opening, a service that is outside the dient-server paradigm. Here, iftwo
Jons to each other at the same time, a single connection is established, In the
ire, each entity would be considered to have a client-half and a server-haif,
ould be established. In fact, TCP's algorithm for balanced opening is flawed:
it PR N, S SO T P b ST | RERESCRR | | ] mmmm
vice. IS0 TPY
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ara
48.6 Conclusions

This chapter has described the service expected of a transport layer and a distributed ak
provocol, that achicwe this service. The protocol faithfully illustrates the inner worki
and [50 TP4. We conchude by outlining two currently active research arcas in transpor

Ome krea is that of minimuem-Llatency transgaort protocols. The delay in connection est
incurred by the 3-way handshake is unacceptable for many transaction-oriented applic
as remote procedure calls (RPCs). Mote that although transaction data can be sent withn
request, the server cannat process the iransaction until it confirms that this is 2 new re
has motivated the development of transport protocals where the server can determine |
of a connection request as snon as it is received, thereby achieving connection establisl
a 2-way handshake.

To achieve this, the server has to retain information about clients even when it is not
to them, Consider a 3-way handshake between clicnt incarnation x and server incan)
the server had remembered the incamnation number, say, 2, that the client had previ
when it connecied io the server, then the server could determine that the connection m
x was new [becanse x would be greater than z). In thar case, the server could have be
at onge, resulting in a 2-way handshake connection establishment. A server cannot be
indefinitely remember the last incarnution number of every dient to which it was conne
the enormous number of clients in a typical imernetwork. However, a caching scheme
and several have been propased. culminating recently in a proposed modification to TC

An alternative to caching is to use timer-based mechanisms. Here also, 4 server s
maintain information on each client it has served for a duration comparable to that in ¢
mechanisms (the major component in both is the message lifetime). In most timer-baser
if a chient's entry is removed before the specified duration, for example, dee to o crash
limitation, then the server can ingorrectly accept old connection requests of that client. £
nection management protoonl (SCMEP) is an exception: by ssuming synchronized cloe
Laims correctness but it may reject new connections for a period of time depending on
and other parametcrs. In any case, timer-based approaches do net have a backup 3-way

Anoileer area of current research concerns the performance of transport protocols. As
carlicr, transport profocol design has been histenically driven by the need to operate corn
of unreliable network service and failure- prone networks and hosts, This has resulted in|
that transport protocols should have minimal knowled ge of the network state. Forexamp
roundtrip times are the only knowledge that TCP has of the current network state,

In recent years, Internet traffic has grown both in quantity and variety, resulting in
utilization, delays, and often congestion, This has prompied the development of retr
and windowing policies to reduce network congestion, mechanisms to reduce processi
transport protocol messages, ete. lowever, this performance work is still governed by ol
motivated by fault tolerance, that 2 transport protocal should have minimal knowh
network state,

It is not clear whether this premise would be valid for the high-speed networks of the ¢
future, Current implementations of TCP use a very conservative flow contral scheme:
reduces its send window by a muliplicative factor whenever roundirip times indica
congestion, and increases the send window by an additive factor in the absence of such
Although this is very robust, it tends to underutilize the network resources. It should be
most protocol proposals for high-speed networks mlnh: use of some form of resource
to offer varying quality-of-service guarantecs. [L 1 not chear how this can be incorpor;
the current TCP framework, or even whether it should be,

Defining Terms

3-way handshake: A handshake between two entities involving three mossages, say m 1, m2, m3. |
The initiating entity repeatedly sends rrl. The other entity responds by repeatedly s °
n, The initiating entity respomnds by sending a singhe m 3 for cach m2 reccived.
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Balanced-opening: Where Iwo enlities requesting connections to each other at the same time
establish a single connection,

Client-server architecture: A paradigm where the wers of the transport layer consist of clients
and servers, connections are always between clients and servers, and connections are always
initiated by clients.

rannection:  An asgnciation hebween bawn nnen incsrnatinns

somsible for the

“he modulo- N sequence numbers used for identifying incarnations

of the transport service and protocol responsible for the reliable
m conmecied users.

an entity created for a connection attempt,

ence numbers for dentifying incarnations.

- " s

ntity.

ntity.
anism: A method for sending data rehably over unreliable channels, uwsing
wambers to identify data, a send window at the data producer, and a receive
i COnsumer,
The processes within the transport layer.

The distributed algorithm executed by the transport entitbes communicat-

Wik service.
he service expected of the transport layer.

DARPA Intermet Program Protocol Specification. Re-

siwork Information Center, Sept.

ine

nformation Processing Systeins — Open Systems Ifer-
wt Protocol Specification Addendur 2: Class four aperation over connectionfess
rmational Standard 150 8073/ DAD 2, 150, April.
n and analysis of the data-transfer protocol in Sec. 48,3, including selective
tlound i
Afied data transfer profocols with variable flow control, ACM Trars. Comput.

1 and analysis of the connection management protocol in Sec. 48.4, as well
cols and references to timer-hased protocols can be found in:

i3, 1995, Minimum latency transport protocsls with modulo- W incarmation
A Trans. Networking, 3{3):255-268,

nsfer and connection management 1% explained in:
edular design principles for protecols with an application to the transport

described in:
scliony management for the transport layer: Service
E Trams, Comenin., 3 12):1762-1775,
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isible vinual connections is reduced from an order of 52 1o the order of
inmber of users.
wmigurability includes, among other things, reprogramming of enboard
ontrol memaorics, reconfiguration of Earth stationa {time/ frequency plans
o setup), accommodation of both circuit and packet switched traffic,
low and congestion control measures for each zone depending on current
pes; and accommodation of multirate and for dynamically changing bit
¢ capversion on board.
nability 1o DAMA and 1I5DN services.
faulr tolerance; a single satellite failure hondling o cluster of zoqes can
sy another within hours or minates thus averting the disasters of losing
! 5. A singhe failing antenna onboard the satellite can be
antensa.
t that is, the cost and complexity of the satellite itself.
he satellite system in terms of number of circuits and
andwidih.
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#7 Satellite

Applications

* Internetworking, low-cost and bow-power user terminals, fixed site and mobile commy
cations

* Video conferencing

* Imterconnection of business oriented private networks, local area networks {LAMs], met
pokinen area networks (MANs], wide area nebworks [ WANs)

» Narrowband and wideband 1SDN

* Interconnection of all of the preceding to and through the public telephone network (PT
* Supercomputers networking

» Multiprotoco] inlerconneciion

» Universal personal communication (LUIPC)

72.2 Onboard Switching Types

* Reconfigurable static IF switching, also called microwave switch matrix (M5SM)

FO, SRR LS By PR, LEEETEE

22=F LYIVLA, 15 TNE MOST COFM T,

* Reconfigurable static intermediate frequency (1F) switching with regencration and forw:
error correction but no baseband processing

* Baseband switching with Rxed or hopping {scanming) spot beams
= Fast packet switching

* Phatonic baseband switches

» Asynchronous transfer mode (ATM) orienied switches

Reconfigurable Static IF Switching

Both the uplinks and downlinks access techniques could be TDMA, FDMA, or MF-TDMA. 1o
ever, the most commaonly used are FDMA and TDMA on the uplinks and downlinks, respectiv
This cholce results in a reduced terminal ground station cost. FOMA is selected on the uplinks
eliminate the need for high-power amplifiers (HPA) at the user terminal [an FDMA user transm
all of the time bt with a fraction of the bandwidth (BW)]. On the other hand, 1o wtiliee the §
power of the OB (HPA), it should operate near samuration, thus increasing the downlinks sig
and allowing very small aperture terminals (VSAT) operation. Simply a high-power high hir rate
TDM operation in the downlinks is efficient. Mo demodulation or error correction takes place
onboard. Fixed beams are used, and the number of such beams in the uplinks is typically Jess than
ithat of the downlinks, Stations wse frequency synthesizers to transmit the information using an
RF carrier cormesponding to destination. This form of FDMA is called single channel per carrief
{SCPC) and is appropriate for low rate users (64 kb/s). This carrier is demand assigned 10 the
user call vin a signalling channel (which coulil be ground based or an out of band SCPC channel).
Onboard, the variows RF carriers pass through the low noise amplifier then become doven converied
to IF (Fig 72.2). Demultiplexing separates the various user signals that form the inputs to the static
MSM. These are routed throughthe MSM to their destinations, The connection pattern of the swixh
(which input connected to which output) is configured by the master ground station of ground net-
work control center (NCC) control channcl. However, some of the connections may be permanent
to allow broadcasting. Taking the example of the advanced communications technalogy savellite
(ACTS) system of NASA [Cashiman, 1992], the uplinks sccess technique is TDMA nat FDMA.

the MSM is controlled by 2 digital comroller and a dual storage bank of memorics. The MSM
swilch is configured accarding to the 5-kbjs, telemetry. tracking, and command signal {TT&G)
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Switch configuradion and control

CURE71L2 Monregencrative anboard [F swtching.

= sl el soabes heginiing of each superfiame of 1-min duration. The

1 titme is approximately 100 re. One bank of memory

he oiler is waiting for TT&C new configurations, In

aured an call basis [slower hasis). Three active fived ar

. output. However, the MSM size is 4 x 4 1o allow for

als of the M50 switch going to same 2one are grouped (multiplexed ),

tranalated to RF [mq:l.l.'nq}'. .1r|'|.].1| ifted b solid-s1ate rivwier llﬂll];rll'!n

utput beams. Anin-band or out-of-band signalling scheme is used by

the call. The master control station finally asigns the rght resources

it of a pool on the FDMA wplinks and one time stot of a certain TDMA

' ™ This reservalion goes to Uhe OBS, which becomes correspond-

. We notice here the isolation between the up- and downlinks

rpreceding case the uplink user transmits continuously using

1t from the TDM process taking place on the downlinks. Am-

tes intermaosdulation products (IMP), SCPC also suffers from

rarsaoee our rare (Y BR) services, Makiichannmel per carrier (MCPC) TIMA

cally employed 1o reduce these IMP. Here a number of wsers (terminals) are
me slots) om a TOM frame, which is transmitted on a single carrier,

& of FDMA oriented MSM are: the difficalty of dymamic networks recon-

ta lpss, the difficulty of operation with hopping beams, and broadeasting of

missions o many destinations.

ching in the following respects: switching of IF sig-
MA ncces technlanss with the FOMA uplinks/MF-
station
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simultaneously transmitting/receiving from many stations having to use a different carrier for g
source (destination), programming reconfiguration via fixed connections and /or under the TT,
commands, use of bow midse amplifiers (LNAs) and 55PAs, and RF to IF and IF to BF translag

However, it differs in the following respects. The IF signals (following RF 1o [F tranga
and demultiplexing) are demodulated, forward error corrected, then forward error encoded |1y
error detecting and correcting coding (EDAC)] and then modulated [continuous phase shift key
{CPSK) or minimum shift keying (MSK]| again before feeding them to the MSM switch. If b
uplinks and downlinks are of the MF-TDMA kind, then the various uplinks azer TINM chans
(shots) of each beam firm the IF inputs to the swilch, At the switch output, output 1F 5
are multiplexed again, and the resultant modulates the RF carrier of the downlinks beam,
regeneration involved in the demodulation-modulation processes sllows the separation of upli
and downlinks notses, fading, interference effects, and so forth.  Also the decoding-encod
eould be done at different rates thus providing for more protection against rain in the downlin
far example, by decreasing forward error correction (FEC) encoding rate. These regenerati
lead to better links performances and better amenability 1o MF-TDMA generation thal ne
higher transmission rates. Nevertheless, regenerative IF switching suffers the same aforemention
disachvantages of static IF switching.

Implementation of Regenerative and Static IF Switches via MSM Technology

Hasically, this is a solid-state programmable crossbar switch.  Signal switching at the matrix
crosspoints is performed using dual-gate field-effect transistor (FET) active switches (employ-
ing GaAs technology for switches with [F bandwidths cqual 1o or exceeding 2.5 GHz). In recem
implementations, such as the NASA ACTS OBS |Cashman, 1952), input signal distribution snd
output signal combining are performed using passive recursive couplers {Fig. 72.3).

Amang many alternatives, such as single pole, rearrangeable switching. and so forth, the coupler
crasshar implementation was selected by both ACTS and other MASA systems for its simple control,
low insertion lows, and omenability to broadcasting. In this architecture, a switching clement
[Fig. 72.Mb)] is situated between two directional couplers. If the data & to flow from input §
to output f, the switch will be ON and the input and output couplers pass the data; stherwise,
the switch is OFF and the data is reflected and absorbed by the coupler loads. To equalize the
output power at all & input couplers connected to the & output Hnes, the coupler coefficients
increase as the output number increases, that s, a; = 1N = j + 2). The same logic o; applies
to the ourput coupler coefficient f; as in Fig. 72.3(b]. Switches at the various eross podnts are
independently controlled to provide broadeasting as well as point-to-point connections. Moreover,
the switch design could be modular both electrically and mechanically {as in NASA designs); for
example, different switch points or parts of the switch can be repatred and tested independently. 1
thus improving cost and rebiability, o larger switches can be built from smaller modules.

The switch elements could be built using ferrite switches, p-i-n diodes, or single gate FETs. The
first option is 100 slow, the second needs larger amounts of DC power, the third yields no gain |
during OM states; dual gate FETs are typically preferred. These use Schottky barrier diodes with
very low junction capacitance, thus allowing the switching from gain to high insertion boss in about
100 ps. Two FETs are used, with the RF inpur signal applied to the first and the switch conmol
applicd to the second. “This provides for excellent isolation between the DC control (which ranges
from 30-dB loss to 10-dB gain) and the RF input. One could envision an IE switch with constant
coupling cocfficients (o). ) and variable switch amplifier goin. Typically, however, the earlier
variable coupling gains implementaton is preferred.

The switch states {configuration) and latency of each cross point are decided upon by grovnd
control signals. This control wnit i typically called control distribution unit (CIUD, One bank of the
dual controd memary will be in sctive control of the switch s1ates while the other bank receives the
fresh ground control commands. These ground control signals also cause the exchange of the (i
memory bank identities to take account, for example, termination and/or new call establishments.
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9E Satellirg

The switch sequence (bogical signals) that controls the switching state of all cross Points is pe,
riodically dumped from the control memary tll fresh control commands are loaded to the ather
memory bank from the ground control station, in which case the switch control signals are dumpe.
from the other memory bank. The reconfiguration rate is o fow microsecands and the switching
time is in the 2-10 ns range.

The refiabilivy of the IF switch matrix is highly dependent on the failure rate of the Gadg FET,
which is roughly equal to 23 x 107* (including the msociated passive clements). This refiabil ity
can be improved by adding extra rows and columins <o as 1o provide alternate routes from inputs 1o
outputs that do not pass by the failed cross points [the dashes of Fig. 72.3(a)]. Additional reliability
could be achieved by using multiple (V' » N} swirching planes in paralle! 4t the expense of cost ang
weight. For the switeh cantrol unit, using the memory decoder yields a reliability of 0.833) fae 10
years operation. This can be improved further by using simple forward error correction techn T
to corvect for posslble memory rend or write errors.

Foran & = N cross pownt IF switch and if the time frame has M data units, the control memory
size is given by M(N log, N). since ¥ cross points are controlled by log, & bits of memory (4
decoding is used),

Implementation of Regenerative and Static IF Switches Using Optical Wave Guides

Future bow orbit satellite clusters will probably communicate through intersatellite optical links
at date rates of the order of few gigabits per second. This will make the instant and immediate
switching of these signals in the optical domain a great assel compared to the classic tedious and
slow approach of optical to electric conversion, switching of IF or baseband signals, then electrical
to optical conversion at the switch outputs, In both IF and bascband implementations of optical
switches, a directional coupler is the basic switching clement.

The directional coupler (Fig, 72.4) consists of two waveguides situated close enough to allow
the propagating modes (carrying the information signaks to be switched) 1o interact {couple) and
transfer power from one waveguide to another. Electrical control is still applied to allow the ON
or OFF switching of the input signal 10 one or both outputs. This controls the index of refraction
znd, therefore, the coupling coefficients.

in the CFF state, 3 3-dB optical isolation is achievable between outputs. I the switching voltage
15 15 V, coupling lengths lic in the range of 1-2 cm, the loss associated with single mode fiber
termination is of the arder of a few decibels, and switching times le in the 1-100 ns range. 11 i
possible, however, to lower these 1o 50 ps by using traveling wave electrodes or by using free space
optical switching technigues.

To reduce the N? complexity of MSM cross point switches using optical waveguides, different
configusations are used. The one shown in Fig. 72.4(b) uses only ¥(¥ — 1)/2, where N = 6
couplers, thus saving, for example, (36 — [5) = 21 couplers for a (6 x &) switch.
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FIGURE 72.6(8) T-5-T baseband swiiching.

the different modulation formats, and so forth, that best suil the fading enviranment and orher
conditions in the downlink. Multicasting and accommaodation of a mixture of high and low bit
rates without needing multicarriers as in IF switching are some of the added benefits,

Bascband switching can be oriented toward circuit or packet oriented traffic. When lafge por-
tions of the network traffic and for most of the users are of the circuit switched type, and for switch
reconfiguration is infrequent and onboard, baseband circuit switching is more efficient. For a
salellite network carrying mastly packet switched eraffic, and for cincuit switched traffic with fre-
quent configuration, and/or a combination thereof, a packet switch is more cfficient. Hybrid
packet/circuit baschand swirching is also a viable alternative that has gained attention recently.

Baseband Circuit Switching Categories

Time-space-time (T-5-T), common memaory ( T-stage}, distributed memory, and high-speed fiber
optic ring are the main types of this category.

(T-$-T) Baseband Switching. This is used for multigigabit per second operation and has been
adopted in the NASA ACTS system and for European Space Agency (ESA) prototypes, Tt has also
been in use for some time in terrestrial networks (AT&T no. 4ESS switch). The basic idea is 10 reduce
the space switch complexity by premultiplexing n of input data units (2.8 bytes), thus reducing
the number of inputs and outputs of the space switch, However, this reduced switch has 1o switch
data much faster, as will fallow;

Following RF to IF conversion, filtering, and data demodulation and forward error decoding
in each of the (N /n) uplink banks |Fig. 72.6(a}], the « baseband data units of each multipleser
(with a combined rate of i Ry b/s) are further multiplexed via the time slot interchange (T51) box
[Fig. 72.6(b)] to yield a bit rate at the TSI equal to & Ry bys, where k = 2u to allow for a strictly
internally nonblocking switch. Internal nonblocking means that there arc enough virtual paths
inside the switch to connect any of the (N /n) inputs to any of the (N /n) outputs. The TS is
basically a serial to parallel converter followed by a T-stage {memory), which stores the data units
of the uplink frames, followed by a parallel to serial converter. At the space switch output, another
TSl executes a reversed sequence of events that finally feeds all data units of the downlink frame
to the data forward error encoder and modulator, afier which IF to RF comversion and subsequent
transmission in the downlink takes place. To see the reduced complexity of this approach compared
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o a comventional cross point switch, we take N = 1034, multiplexing of @ = 128 sloas {each
can serve one unit of data), & = 2r = 256, The size of the space switch is (¥ /o = N fard, that s,
(8 = 8) o greal simplification compared 1o e cormesponding conventional cross point switcl of
(1024 = 1024) complexity. The relation & = 2n was desived In the 1950s for o class of thiree-stage
Clos space switch, which resembles the T=5<T switch, and it effectively says that the speed of the

sput of TS unit) should be at least twice as fast as that of the TSI input
ry read and write (rom the T stages limil the speed of the external lines {from
1 FEC decoders), If we take the frame time T = 4 ms, | byte as the data
o Ry = 4 Mb/s per input beam, the T-stage total memory size should be
The total memory requirements for all input and output T-stages become
'I:'h-r Iulﬂ ih'll.l'.']‘l throughput = N Ry = 1024 - 4 Mb/s = 4 Gb/s, which can
e numb:r of pins of the space switch, and the memory
-stages (assuming a 16-b-wide memory bus) is given

: has to reduce i and for the input data rate K. Dual
- -, s are used on both input and output T5ls such that
i Il'bE same memory can be achieved. Alsn, pipelined operation is
of the new frame are shifted at the input speed and stored in T-stages,
re shifted out to the output stage at the output speed.
wxity of user terminals of high and low speeds, additional multiplexing
tin Fig. 72.6(a)] is implemented at the input lines {prior to mput TS
e W /n o N e switch stracture,
wessor {conststing mainly of memaries and TSI timers) reconfigures
nanner during the call establishment period for C35 traffic and each
naumes time and hardware since all three stages {inputl TSI, space
e correspondingly adjusted. For example, if 2 user in input beam 3
s venpenel FERITRE B0 @ WBSEE 150 OABLpail Beskin 6 whio Lislens in slol 9 of the autpuy
switch control part makes swre that input beam (3] is connected 10 outpur
s fior one slot time. The TSI control at the switch inputs and outputs make
te is written in the ffth becation in inpul memory and the outpat yie read
m,
seliability, (W fu) active T-stages and r redundant ones are used in both inpur
sspace switch, which is by iteell replicated. Also error detectionand correction
ermanent and transent errors. For example, 16 out
d 1 out of 2 redundancy for space switch yields 99%

could in principle be used for routing packet switched

e R AMIYYAYLLy SWHILLLE LAJIILIRIL ml! b’!‘ dmvui in “115 case fﬂ}l’l’l‘ the lﬂdi‘ﬂd-uﬂl IHPIJI
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986 Satellise

packet headers, a process that slows the switch compared 1o the case of C8 traffic. 1t is absa
generally assumed that all corresponding time shots of all inputs to TSIs are bit synchronized. Thi
requirement will add costly hardware, especially in the case of hybeid P$/CS wraffic; for exampie,
some preambles will be siripped at the switch input, while some central headers will be routed
through the switch. Furthermore, T-5-T switching has the advantage of expandability 1o higher
speeds, and the disadvantage of encountering two switching TDM frame delays {corresponding i
tive input and output TSI stages),

Baseband Memory Switch (M5). This is the simplest and least costly architecture [Evans et al,
1986]. During a certain TDM frame, demodulated data bytes from all uplink beams are stored in 2
single double (dual) data memary (Fig. 72.71 in a sequential manner under the control of & sé1 of |
counters or control memary. Parallel in time, the stored bytes from the previows switching TDM
frame are served to the appropriate switch output under the supervision of the control memiary. |
For ane double dual memory to replace the many T-stages of the previous T-5-T architecture, this
memacy has to be large encugh and fast enough to store the data bytes of the synchronized M inpus |
TOM frames in one frame time, A high-speed bus and a multipleser (MUX) are thas used. and a |
demultiplexer (DEMUX) distributes the data memory contents inta the various output channels
under the control of simple counters and the configuration memory. Memory switches could be
asymmetric (number of inputs # number of outputs) and are internally nonblocking. The data
memory size is (2V5), where 3 is the number of TDM slots per frame and N is the number of out put
beams. This is half the MMy n,-quirl:m:-m::. of the T-mgﬂ of T=5=T switches and is ']"Piult'l"
organized into 4 or 8 smaller memory blocks.

The contents of control memary serve as the addresses 1o the data memory and together with 2
simple counter associated with each output they read the right location of data memory in the right
TDM slot of each output frame. The contral memory is reconfigured with each new call. However,
this is less intensive in time and in control hardware compared 1o the T=5-T case.

This architecture could possibly route packet switched traffic, in which case the switch control is
derived from the destination in the packet header, which is more involved and time critical.

Fus speed and memory access time upperbounds the capacity of this architecture compared 1o
the T-5-T that grows independently of these. Abso, the memaory is a refiability hagard avoided by
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l correction between data memory banks and read and write latches.
Power and weight are impontant considerations, and in recent designs (for example, the PSDE-

nately four times lighter than T-5-T switches

.......... wrr wnr anregernens 08 Teliability of the memory switch (MS) archi-
Hrllld |-'u‘ split into & T-stapes at the outpod side {Fig. 728} This way, failure
¢ T-siages means that only few (not 21} beamns are ol of service,
e uplink baschand TIM frames and sequential writing v the TDM bus takes
-stages hear the broadcast TIM data; however, under distributed control and
ropriate data is sequentially written at the right time slot into the applicable
a from T-stage 1o output beams is done via random access in different time
MM frame. The memory size is still the same as in MS, and the distributed
nonblocking switch., Redundancy is achieved by duplicating
itedd. Control units are also distributed and duplicated for fauh
slages is simple compared (o T-5-T swirches,
i better expansion capabilities than M5 or DMS structures,
n the DM, the b is overloaded by the presence of the many
ver power consumption, Ervar detecting and correcting omdes
tafies fo prolect against resding and writing errors.

hes

R —— “wore or less amenable 1o handling packet switched traffic | Inukai and Pontano,
the M$ architecture beconves self-routing (and thus able wo handle packet
tripping the headers of the packets that contain the destination and storing
iemary, which then selects the appropriate data unit from the data memory to
st register. In the case of the DMS architecture, these stripped packet headers
address bus} to the distributed control units at the various output beams, A
cess scheme ring such as thar of the fiber distributed data interface (FDDI)
| PS traffic.
ts for 5 wraffic are reduced by the described hesder
v forth, A self-routing multistage switch is generally
sts higher than a few gigalits per second are required.
. oL SECIRALY 1 LIEIRUCSSTY 10 Les case since pary of the pﬂﬂ. header is wsed o route the
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FIGURE72.9(b} Banyan network with four stages and 16 input terminabs. The dotted
path corresposnds to 8 packet header of O 100

switch through each stage. Error detection and correction are used to protect against misrouting
the packet due to header errors. However, complex data and control memeries are not used; rather
a st of cascaded (2 % 2) module switches is used. A typical multistage switch of the Banyan switch
{B5) type is shown in Fig. 72.9(a} [the sorted Banyan network {BN) or Barcher Banyan network)
[ Hui and Arthurs, 1957,

The heart ofthis is the Bayan network (also called delta network), which is detailed in Fig. 72.9(b)
for a 16 % 16 BN. The packet finds its path automatically by self-routing within the various stages
intne & = N rectangular Bapyan network, which s compased of {log, N = 4) stages. Fach stage

Samsung Exhibit 1022, Page 124 of 182
Samsung Electronics Co., Ltd. et al. v. One-E-Way, Inc.
IPR2025-01541



Crbowrd Swirching and Processing LG

ol ~EP e
] ' i .
g jek:'ﬂﬂ -
=\ e
e

AN Nas e property thad thore s caactly o path tiom atly inpof to any ot pat but has the

LT T o e N R R il R ; : iaein -
5.
iave the advanlage of being strictly nonblocking in this
scking and nonllocking switches) may have final outpui
m different inputs destined to same output. To solve the
and curpur peacking, the sorting network of Fig. 72.9(a) should be vsed
whole figure by an alternate buffered Banyan network (Fig.72.10). In the
| capacity exists at each (2 x 2) module input. If two input packets are
wt, one packet &5 routed 1o the sutput and the other is temporarily stored
i the following time slot.
| Baryan implementations is the Caso—Banyan baseband switch of Toshilsa
1990]. In that implemcntation, the FIFO properiy of the 2 = 2 switch
1ead of line data units of the two input buffers contended
| to this output and another packet (not the head of line)
outpul. [t has been found that the unit data {packet, cell,
r gonventional bulfered Banyan networks at normalized
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t their packet destimation 2! the sorter & outputs (on the first phase). Also, in this phase anly shart
Oirie L e LTS e rn.:dq:l.l'_p' Vi paLis il:lrul\.. This |1.u"l:ul ECATTRReTE LA niees 1 indernal
blocking when feeding these to the subseguent BN,

Cheiput blocking is svouded by purging contending packets and acknensdedging ondy ihe gt
respussts that have priorty [in the second phase), and Torwarding only one of the sorier owips
packets 1o the BN (in the third phase),

Unacknowledged inputs will try retransmission of their output blocked packets [n sulsequent
time slots. This three-phase algorithm sbows the switching speed and lowers the achieved theough
puts, Other implementations, such as the Starkite switch (Fig. 72,11, stll have BN and use buficrs
al the output to store contending packets that did not win the output contention (or subsequent
rosting in the following time shots, but doe not have a separate request (phase 1) af the three-phase
algorithm underlying Fig. 72.9(a}, The Starlite approach |Huang and Knauer, 1984}, however, has
maore hardware (bullers and conteal ), and may produce peckets out of sequence at the switch ouputs.

Having realized thar increasing the speed of Banyan type networks (reducing the blocking) was
achieved only at the expense of incressing the hardware, a straightforward solution of replicated-
Bamnyan switches provided modularity as well. Here, the number of internal paths {space diversity)
is increased by distributing input traffic among many Banyan switches in different planes, thus
reducing internal blockings. Output blocking may still be decreased by incorporating buffers at the
various outputs of cach switching plane, Internal speed up could be used 1o speed the data passage
ihrough the switch elements in all of the previous architecrures (sorted Bamyan, replicated Banyan,
bauffered Banyan, etc.) in a manner similar 1o that used fn baseband CS (T-5-T, M5, DM). This
leads 1o an almost strictly internal nonblocking switch as was previously outlined and a space switch
conmpanent with fess inputs and ouspats,

Similar to baseband C5; the Banyan switches suffer from both stuck arand interminent faults. Te
increase their reliability, replication of switching planes, dilation (addition of paralle] links and mort
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switching stages within the same plane), and using EDAC codes to protect the packet headers before
and alter the baschand swiiches arc the state-of-the-art techniques of fault tolerance in the baseband
PS5 case |Kumar, 1989|. Also, self-testing hardware and testing sequences have been designed and
added onboard 1o detect the presence of stuck at Faults,

Cirmma switching networks [sametimes called inverse augmented data manipulator (IADM)]
have a multistage structure, which usesa 3 x 3 switching element and allows broadcasting, a property
nat readily available in the Banyan switching networks presented,

Chmregar and close switching networks also belong o the multistage group but could be made
strictly nonblocking under certain conditions. Lack of amenability 1o broadeasting is the common
thread in most of the Banyan-based and multistage networks. To have this capability, replicated or
dilated Banyan networks are essential and for copy neoworks could be used.

Photonic Baseband Switches

These are ultra fast and efficient switches that can handle a mix of CS and PS traffic and have an
inherent broadcasting capability. TDM-based optical rings, optical token rings, wave division mul-
tiplexing (WDM) optical rings, and knockout switches are the basic types in this category. A single
fiber-based ring can support a multitude of switched traffic to a rotal sum of a few gigabits per sec-
ond. Optical technology (fibers, waveguides, free space optical transmission) provides a switching
media whose handwidths lie in the terahertz region, hence are bounded only by the processing speed
of input and cutput interfaces, and stringent bit snchroniration requirements sround the ring, etc.
Optical switch throughput exceeding 80 Gb/s can be accommadated with present day technalagy.

Swintch

input and one output processor on the optical ring see Fig. 7212, which
nd stages]. The input processor includes not only the optical transmitter,

it
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but also EDAC decoding. packet assembily, descrambling, deinterleaving, burst and/or frame .
chronization, input traffic demuitiplexing, and passibly bit stuffing for C5 traffic. The time frame
on the optical ring is divided into slots (that serve, for example, one byte for C5 traffic or one packet
for PS traffic) and each input processor of an uplink beam & allocated a certain part of this ring
switching frame (say, & slots) for its traffic to all euiput processors of the downlink, The optical
ring traffic controller, which has a dedicated control packet at the ring TDM frame stari, keeps the
ring in syne, issues the frame start and ring management commands. and reconfigares (allocate;
slots) the TDM ring frame amang the users (input processors),

For PS traffic the output processor of cach beam reczives all packets of the ring frame but processss
only the ones destined to this beam by a filtering mechanism 10 recognize the destination address
in each packet. For C5 traffic, the output processor selects the appropriate slots of the frame based
on the controller commands that are updated by the arrival of each C5 call. Alternately, the inpus
processor may insert dummy destination bits (addresses) ineach S packet only for rouling purposes
within the switch (TDM ring). These addresses will be filiered by the intended output processar.,
Mote that dummy bits could be used even In the first approach to have the same packet size for both
C3 and F'S traffic flowing through the ring so as to simplify symchronization and control hardware.
Broadcasting is casily achieved by having all output processors identifying certain broadcast bits in
the packet header and processing the packet accordingly.

The output processor of each beam will have the optical receiver, modulator, scrambler, inter-
leaver, EDAC encoding circuits, and packet reassembiy and multiplexing of the various packets on
the TDM frame to the downlink. The reliability of the ring can be increased by using dual rings as
in the FDDI standard, where failure of some parts or a whole ring docs not affect the ring operation.
Also, a bypass switch allows the isolation of faulty input and for output processors. 1t is to be roted,
however, that the access technigue in FDDI is token ring and not TDM.

Wave Division Multiplexed (WDM) Baseband Switches

Figure 72.13 shows a WDM switch that uses a star coupler [Hinton, 1990), This is o device with A
optical inputs and ¥ optical outputs that combines the M optical input signals, then divides them
among the N optical outputs. Packetized baseband information is buffered at the various inputs.
The input laser has a fixed wavelength. The output recetver should be tuned 1o the same wavelength
a5 that of the intended mput. Once bath the transmitter and receiver lasers are triggered by the star
controller, the input buffer serially shifts the data bits into the laser iransmitter, This controller also
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resolves the contention for switch outputs. This way, only one of the input packets is shifted, while
the other contending input packet is left in the input buffer for the next time slot (packet time),

This represents the PS made of operation and the amenability to broadcasting is elear, if 2 certain
input packet wavelength is to be broadcast 1o a set of outputs, all invelved output receivers are
tuned to the same input wavelength. For CS operation the control commands are received from
the ground station via out-of-band signalling channebs. These reconfigure the star controller of the
WM switch by the arrival or termination of cach new call. These commands may also be easily
derived from a signalling TDM subframe slots (in-band signalling).

A mix of C5 and PS5 traffic is easily accommodated, however, dummy bits would be inserted into
C5 traffic or the packet header stripped from PS traffic before entering the switch 5o as to have the
same packet size passing through the WDM switch, Also, this switch becomes very efficient for
directly switching CS intersatellite links in the optical domain.

For a cluster of low orbit satellites (LEQ) (64 in the Global Star proposal [Louie, Rouffer, and
Gilhausen, 1992]), optical intersatellite communications may render ground gateways (hubs) un-
necessary, and will hence reduce the end-to-end wser delay. However, with an efficient all aptical
switch such as WDM, we save the expensive and delay prone optical /electronic and electronic/ optical
comversions. Reconfiguration control of C5 traffic is still done electronically by the arrival of each
new call and does not have to be ultrafast. This could be achieved by an out-of-band signal em-
anating from the ground control station. This signal carries the time slot plan to each involved
LEQ, to enable il to communicate with its neighboring satellites. WIDM technology has reached
its maturity in terrestrial applications. Among WM experiments s the HYPASS, where receiver
wavelengths are fixed and the input laser transmitters are correspondingly tuned 1o the destination
address. There is nothing in the weight, size, or cost that will forbid the use of these WDM switches
in intersatellite switching applications so as to provide a total switch throughput over 50 Ghy/s.

Asynchronous Transter Mode-(ATM-) Oriented Switches

Onboard switches handling PS and CS traffic could become more involved with the passing of
widehand 15D and multimedia multirate services through the multibeam satellite. With the
advent of ATM-based WBISDN, signals of different kinds (video, voice, data, facsimile, etc.) are all
physically transported on a standard size packet called a eefl
Frocessing a standard size cell through the OB self-routing fast packet switch (multistage or
Hanyan rypes) makes the dummy bits addition and header stripping circuits mentioned earlier
unneccssary, All services (PS, CS, variable bit rate, et} will have the same cell format, The cell has
a header part and a data part, The cell size is 53 bytes, and the header mainly consiss of two parts
e T s T Yidentifer (VP and the second is a 16-b virtual cireudt
ferror detection. The VI s used to route the cell fram
nroute to the destination across the internetwork. The
mmunicating entitics. Cells find their way onboard the
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satellite fast packet switch by a route identifier. This route identifier is obtained by feeding the vy
1o a translation lookup table.

However, this translation process may become unnecessary if the VP is configured such that i
first few bits are the routing tag through the satellite packet type switch, ‘This is one of many possihle
scerarios. If the VIPLs are not permanently assigned to ground user stations, the satellite should als
have OB translation tables (to obtain switching routing tag) for both the VPLand the VI of sach
incoming cell, otherwise different cells from different source—destination pairs may have the same
value in their VP and VCI fields, This implies that the satellite will have the baseband routing switch
(ABN type, for example) as well at an ATM switch, This complicates the OB processing, slows down
the operation, and is not recommended. Thus far, we have assumed an ATM type of user station.
For stations launching packets, not cells, to the sateilite, the satellite should still have an ATM switch
onboard and a packet processing facility to divide the packet into cells, 1o add YPls and ViCls 1o cells,
and g0 forth, For ground user stations launching CS traffic, the ATM switch onboard will assign
a VP, and a VCI to the incoming traffic and then route the traffic through the onboard baseband |
switch (BN, photonic, etc.}. [t is casily seen that unless the ATM users of the world have the ATM |
interface, the traffic arriving to the satellite during the carly migration years of ATM technalogy
may have cell, packer, or C$ format thus complicating onboand processing. However, this mighi
e inevitable if satellite vendors are to provide the same service to ground-based optical network
users on standby or even on a competitive hasis. Once ATM supersedes other switching maodes OB .
processing will be less cumbersome except for the VP and VI processors referred to earlier. |

72,3 Summary

Numerous switching technbygues are in use or being developed for ground-based networks. We
have tried to present the mast relevant to the satellite environment. Knockout switches, token ring
switches, and back to back kybrid packet/circuit switching, such as that of the ACTS system, are
some of the technigues that could fod application OB,

To eompare the different switiching architectures, one has 1o laok at their throughput blocking.
queucing delay. and reliability performance (see the Further Information section).

Cost of hardware, weight, power consumption, and skze of the OB switch are crucial consider-
ations. Comparing the different architectures based on these could be a bess quantifisble process.
Comparing them on a basis such as amenability to migratzon to ATM environments, and o different
uplinks and downlinks access technigques coulid be both ari and science.

Defining Terms

Banyan network (BN): A seli-routing switching technique for baschand signals.

Circuit switching (CSk: A channel sharing technique where users are assigned physical or virsal
circuirs throughout thefr communicatons,

Demand assignment multiple access (DAMA): A muliizccess technique where each user is 23-
signed a varying size time and/or frequency slot depending on his call needs.

Frequency-division multiple access (FDMA): A multiaccess techniques where each user s a5-
signed a certain frequency band for his call,

Memaory switch (MSk A baschand switching technique for OB processing,

Microwave switch matrix (MSM): A switching technigque for microwave signals,

Onboard (OB):  Fart of the satellite payload.

Packet switching (PS)  A wansmission and networking technique where the data units aze called
packets.

Sanellite switching (58): A Satellite that radirects signals in the time, and/for frequency and for
space domains,
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Time-division multiple access (TDMAE A multisccess technique where each user is assigned one
ar mone shots in a certain time frame for his call.

Time space time (T-5-T): A bascband switching technique based on multiplexing in the time and
spage dumains,

Wave-division multiplexing (WDM}): A multiplexing technique for optical fiber networks also
proposed for OB switching.
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Mobile satellite systems share many aspects with other satellite svstems as well as with LerTestriad
mobile radio systems (see Sec, 6.1). With respect to other satellite systems, the main differences
are due to the small size and mobility of the user’s terminal. The largest antennas used by muobile
satellite terminals are 1-m parabalic dish antennas for large shipbaard installations. At the ather
extreme are antennas small enough to be part of a handheld terminal. Also, the transmit power level
of the terminal & limited duwe to small antenna size and often due to restrictions on available battery
power. These factors have the consequence that mobile sateliite systems operate at significantly
lower power margin than mest mobile radio systems. Thercfore, mobile satellite services are very
limited unless there is line-of-sight transmission 1o the satellite.

74.2 The Radio Frequency Environment and Its Implications

When studying any radso system, it s generally instructive to begin by considering the basic link
equation. This is particularly true for mobile satellite systems because the combination of fimited
electrical power on the satellite and at the mobile terminals and relatively small antennas on the
mobile terminals results in a situation where transmitted power is a critical resource that should be
conserved subject o the requirement of providing  sufficiently high signal-to-noise ratio to support
the desired grade of service. Here, we only consider a simplified link equation with the objective
of providing some context for subsequent issues. More detailed treatments of topics affecting link
design are provided in Secs. 5.4 {satellite transmission impairments), 5.5 {satellite link design ), and
5.6 (noise, antenna, and system lemperature).
Consider the following simplified link equation:

Where:
€/ Na = ratio of the signal power 1o the noise power speciral density after being
received and amplificd, dB-Hz
= RF power delivered o the transmitting antenna, dBW
G; = gain of the transmitting antenna relative 10 isotropic radiation, dBi

L, = free-space path loss, dBb

G, = gain of the receiving antenna, dBi

T. = compasile noise temperature of the receiving system, dRK

k= Boltzmann’s constant expressed in decibels, —228.6 dRW /K-Hz

L =composite margin accommodating losses due 1o a variety of transmission
impairments, di

A link equation of this type can be applicd to cither the forward direction or the return direction.
as well as to the corresponding links between the satellite and the gateway or base station. Also,
many satellites merely amplify and frequency translate the received signal from the uplink prior to
transmission over the downlink. Therefore the end-10-end signal-to-noisc mtio must incorporate
both uplink and downlink neise. Further examination of some of the constituents of the link
equation can provide same interesting insights. For instance, the iransmitling antenna gaip is
a measure of an antenna's ability 1o convert the clectrical radio signal into an electromagnetic
waveform and then to focus that energy toward the receiving antenna. Similarly, the receiving
antenna gain is a measure of an antenna's ability to collect the transmitted energy and then 10
convert the energy into an electrical signal that can be amplified and processed by the recever. b
geneval, the greater the gain of an antenna, the narrower is its beam. As an example, consider
circular parabolic antenma, Its antenna gain is given by the following expression:

G = 10log,,(S2x* D*f2%) dBi (74.2)
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Where:

2 = effictency of the antenna
1 = diameter of the antenna, m
b = wavelength of the RF signal, m

Although the circular parabolic antenna is only one example of many possible antennas, this equation
provides an order-of- magnilude indication ofthe size ofantenna needed 1o provide a desiced aroun?
aof gain.

The free space path loss is given by

Ly = 10log,,|(4mr)* /2% dB (74.3)

where r is the distance in meters between the terminal and the satellie,

Note that the path loss and both the transmitting and recelving antenna gains increase with
the square of the radio frequency. From Eq. (74.1) this would imply that given constraines on
the dimensions of the antennas, there is a net benefit in using relatively high radio frequencies.
Although there is some truth 1o this, the benefits are not as great as one might think because
the composite propagation losses also tend to increase with the radio frequency, as is described
in ec. 5.4 on satellite transmission impairments. Frequencies used for delivering mobile satellite
services range from about 130 MMz up to 30 GHz! Use of the lowest frequency bands is dominated
Loy loww data rate store-and-forward services provided with low Eanth-orbat (LEQY) satellites. Most
mobile satellite 1elephone services, with typical transmission rates ranging from several kilobit per
second (kbps) up to 64 kbps, are provided in frequency bands bocated between 1500 and 2500 MHz.
Interactive packet data and circwit-switched services, at transmission rates up to several megabit per
second, are planned for the higher lrequency bands, This carrelation between transmistion rates

ie% is a result of both the preceding link conssderations as well as the fact that

ations are availeble in the Wgher frequency bands than in the lower ones,
Eanciens use ap e satellite’s two critical resources, spectrum and power, can be achieved if the
I satellite’s antenna svtern cnvers the appropriate arca of the Earth's surface with maultiple beanis in-
otal allocated system bandwidth 15 divided into a number of distinct
Tequal bandwidrhs, and each beam is then assigned a subband in such
num isplation between beams with the same subband is maintained.
Fig. 74.1. Although not necessarily the case in an operational system,
ermis as being ciroular and equal in area. Here, theee are 4 distinet sul-
© xample each frequency subband iswsed four times. [n general,
i e the ratio of the number of beams 1o the mumber of distinc
- efficiency is a direct result of the higher satellive antenna gain
ally, the satellite should be able to apportion dynamically its

idual beams depending upon the loading in each beam.
srrmarma 1o o€l 10 multipath fading and shadowing just 25 the terrestrial
shysical mechanisms for these propagation phenomena are the same. Shad-
w, butldings, or terrain blocking the line-al-sight signal from the satellite,
mpaigns have been performed to investigate the statistics of shadowing in
mments. For example, Fig, 74.2 shows some results of data gathered near
wof 1983 [Butterworth, 1984], Note that these curves exhibit a kiree between
portion of the curves to the left of the knee, the characteristics are domi-
g is the dominating facter to the right of the knee,
wect mobile satellite svitems 1o maintain COMMUTC-
fading and light shadowing, but it is not practical to
.. For this reason, svailability targets between 90 and
I - ruy vunigspULILILE W an g uless uran 10 dB, are common for land miobile satcliite systems
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FIGURE 741 An example Qlestrating froguency reise with a multiple-leam saieliite. Here, the
total alocated system irequency band is divided into four ssbbands. The asgninent of the subbands
10 the beams is denoted by the number shown in cach beam

delivering services to users in rural, highway, and suburban environments. Awailabiliry figures for
urban environments tend to be much lower. Exceptions include very low-capacity services, such as
paging. which may require margins as high as 30 15 vo allow for building penetration. Of course, the
margin that is required 10 meet a given level of availability in & particular set of user environments
5 dependent on many factors incleding the elevation angle to the satellite, the type of terrain, the
density and height of the vegetation, and the number of man-made obstacies.

The shadowing is often modeled s a log-normal process | Butterworth, 1984; Loa, 1984] where
the direct path power {relative 10 the medizn power) has a distribution given by

P[5 < xsm] =u,5+u.5u:r(f‘-’:,.;—"") (74.4)
LTy

where 5 is the received sigral strength in decibel, m, is the average decibel shadowing loss, and a, i
the decibe] variance of the shadowing loss. The parameters of this distribution depend not anly on
environment but on the elevation angle to the satellite and on frequency. For a variety of situations,
estimates of these parameters can be derived from the empirical results, of propagation campaigns,
provided in [TU recommendations [1992, 1995] and in Stutzman | 1988],

Multipath fading results from interfererce caused by refiections of the radio signal from the
immediate environment, with the time-varying nature being caused by motion of the rerminal
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FIGURE 7.2 Distrebation unctions for data recorded near Oitwa, Canads, in fune
1983, The measurements were made with an amaidirectional antenmna at a frequency of
1542 MHz. The elevation anghe (the angle between a plane paralle] 1o the Earihs surloce
and the Ene-of-sight path to the sitellite) was approxinately 200, (Seurce: Butterwonh,
|58, ]

through the environment. In satellite applications, the reflections are generally too weak to be
useful by themselves but not 5o weak as 1o be ignored. Consequently, the satellite mobile channel
is usually modeled as a Rictan fading channel consisting of an unshadowed direct path and a
diffuse component, which has a complex Gaussian distribution (Rayleigh distributed amplitnude and
" distribwted phase). The amplitude distribution of the resulting channel is the noncentral

d distribution with two degrees of reedom (assuming 2 unit amplituce direct path)

5 E
— | _ a2 & ]
PIR=r]=1-e tE=u (b) filak) (74.5)

K, b = rfa, and 1) is the kth-order modified Bessel function, The quantity K is
f the direct path power to the average power of the multipath 20°. Rician channels are
sed by their K factor. The probability of a fade of a given depih is shown in Fig. 74.3 far
factors, Note that there is a greater than 50% probability that the diffuse component will
esignalsirength. K fsctors with vehicle- mounted antennas (automaobile, aircraft, or ship)
by 10 dB and higher, with the worst-case value of 10 dB occurring at low elevation angles.
eld terminals, where the antenna has littbe directivity, lower K factors can be expecied.

e-varying nature of the fading, in particular, the duration of the fades, is characterized by
. For land-mobile applications the Clarke model, which assumes uniformly distributed
n a plane about the moving terminal, is often used. The maximum Doppler frequency
irelated to the transmission frequency by the expression fy = v/, where v is the velocity
vinal, and % is the transmission wavelength. The Clarke model for the diffuse spectrum

o I (74.6)

vi—=urija)r
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and the corresponding thme correlation of the diffuse component is given by
Rit) = Jo(2m fetT) (74.7)

where Jy(-) is the zeroth-arder Bessel function.

For the land-mobile channel, some effort has been devoted to providing an appropriate model
combining the effects of shadowing and multipath fading, which s appropriate for satellite appli-
cations, An exumple of these is the Lute model |Luotz et al, 1991], which consists of two states, a
god state and a bad state. In the good stave, the channe is Rician, 1n the bad state, the line-of-sight
signal is essentially blocked due to sgnificant shadowing. The parameters of the model are the
distribution of the dwell times in cach state, the K factor, and the distribution of the shadowing,
which are selected 10 model the emvironment of ingerest.

I aeronautical-mobile, the fading spectrum is generally modeled as Gaussian. However, mea-
surements in this case indicate that the fading bandwidth i not strongly dependent on the aircraft
velocity. The fading tends 1o be slow and is due to reflections from a limited portion of the
Earth's surface and from the aircraft’s body, At L-band frequencies (1.6 GHz) the fading band-
widths for acronautical-mobile channels range (rom 20 to 100 Hz with 20 Hz being more prevalent
[Neul et al., 1987].

The physics involved in determining an appropriate model for the maritime channel is quite
similar to that for the aeronautical case [Moreland, 1987, Consequently. the fading spectrum
is generally modeled as Gaussian. However, the fading bandwidth is typically less than | Hz
[Schweikert and Hagenauer, [983].

In general, multipath in satellite-mobile channels is not time dispersive. Measurements indicate
that for practical bandwidihs { <2 MHz), this is true even for wideband channels | Jahn et al., 1995].
A possible exception to this is the high-altitude aeronautical channel where one may occasionally
receive distant reflections from the sea surface or ice. For this case, the strength of the reflecied path
is strong enough to be problematic only at elevation angles below 20°,

74.3 Satellite Orbits

Initial mobile satellite systems used grostationary orbits and were generally aimed at mobile ter-
minaks with significant antenna gain (> & dB). These include a number of regional mebile satellite
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85.2 Cellular Systems and Power Contr

In cellular commumnication systems. the service anea is ¢
base station. If; in the forward link (base station 1o m:
share the same frequency, each communication between
also reach all other users in the form of cochanned inter
the mobile 2nd the interfering transmitter, however, the:
propagalion foss, To ensure a good quality of service th
fringe arca of the cell must be stroag. Once the signal b
it brecomies interference and is required to be as weak as
frequency ts usually nol reused in adjacent cells in most
reused, the cochannel interference damages the signal re
ol service severely degrades unbess other mexsures are (ol

a typical reuse pattern reuses the frequency in every se
e anbes svceslan &5 fas CTYIA L _haiasl ssmiamse suhara

Even if the frequency is reused in every seventh cell, there & still some cochannel interferen
arriving at the receiver. It is, therefore, very important 1o maintain a minimal transmitted level
the base station to keep the cochannel interference low,
the capacity of the system and quality of service high.

The samse principle applies in the reverse link (maobili
tains the minimum necessary transmitted power for re
benefits can be gained from this strategy. The lower tran:
allowing the mobile terminal (the porable) to be lighte
recent concerns about health hezards caused by the poi
alleviated.

In the reverse link, the power control also serves o
transmitted af the same power level, the signal from a nea
The difference between the received signal strength from
in the range of 100 dB, which would covse saturation of
amount of adjsceni channel interference. To avoid this,
be adjusted inversely propartional to the effective distam
Avinames i inesad demes 5 clacslu lacatad daver im s mememam
weaker sagiial than 4 more distant wser having excellent propagation cor

In a DS/COMA system, power control is a vital necessity for systen
of a D%/COMA cellular system s interference limited since the channe
frequency nor separated in time, and the cochannel e
exceeding the imit on transmitted power could inhilbit

The power control sysiems have to compensate ot
the varying distance between base station and mobile
signal strength fluctuations typical of a wireless channel.
propagation environment between the base station and |
as some elements in the cell move. There are two main
shadowing) and fust fading,

As the user moves away [rom the base station, the r
the growing propagation attenuation with the distance
it often travels into a propagation shadow behind 2
larger than the wavelength of the frequency of the win
shadowing. Shadowing in a land-mobibe channel is was
lg-nonnal distributed amplitude. For other 1ypes of ¢
Nakagami. —
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Hlectromagnetic waves transmitted from the transmitter may follow multiple paths on the way
from the transmitter to the receiver. The different paths have different defays and interfere at the
antenna of the receiver. If two paths have the same propagation attenuation and their delay differs
in an odd number of half-wavelengths (half-periods), the two waves may cancel each other at the
antenna completely, If the deley is an even multiple of the halfowavelengths (half-periods), the
Iwo waves may constructively add, resulting in a signal of double amplitade. In all other cases
(monequal gains, delays not a multiple of half-wavelength). the resuliant signal at the antenna of the
recefver is between the two mentioned limdting cases. This fluctuation of the channel gain is called
fading. Since the scattering and reflecting surfaces in the service area are randomly distributed
(houses, trees, furniture, walls, etc. ), the amplitude of the resulting signal s also a randon variahle.
The amplitede of fading is usually described by a Rayleigh, Rice, or Nakagami dinributed random
varialile,

Since the mobile terminal may move at the velocity of a moving car or even of a fast train, the
rate of channel flusctuations may be quite high and the power control has to react very quickly
in order to compensate for it. The rate of fading is usally expressed in terms of Doppler
frequency.

The perfarmance of the reverse link of DS/ CDMA systems is most affected by the near—far effect -

and, therefore, very sophisticated power control systems in the reverse link that attempt to alleviate
the effects of channel fuctuations must be used. Together with other techniques, such as micro-
and macrodiversity, interleaving, and coding, the DS/COMA cellular system is able to cope with
the wireless channel extremely well,

The effective use of the power control in D5/CDMA cellular system enables the frequency to
b reused in every cell, which in turn enables features such as the soft hand-off and base station
diversity. All together, these help enhance the capacity of the system.

power control may also be used, It may vary the
¢ range ks smaller due to the shared spectrum and,

swer control, the open-loop power control and
ontrol. The open-loop power control estimates the channel and adjusts
sccordingly but does not attempt 1o obtain feedback information on its
¥ e open-loop power control is not very acourate, but since it does not
back information il may be relatively fust. This can be advantageous, in the
ol fluctuation, such as a mobile driving from behind a big building. This
o instance, in the reverse hink of a DSACDMA system where the sudden
ngth at the base station may suppress oll cther signals.
o nif e lanm mnsser cnmiend B chinen i Fig. 85.1. The open-loap powes
. In the reverse link it estimates
m the base station in the forwand
ait Ideally, this ensures that the
ived from the mobile at the base station remains constant irrespective of
This approach, however, assumes that the forward and the reverse link
ely correlated. Although forward and reverse link may not share the saine
e, the fading is significantly different. the long-term channel fluctuations
ropagation bess are basically the same,
£ a:mln:d system IF‘gIr B5.2{a}] may base its decision on an sctual commu-
* signal power level, received signal-to-nolse ratio,
ite. In the case of the reverse link power controd,
w5 for an sutonomous power control decision, or
nd only a power control adjustment command ks
mm e e srssenain a e smenrun s po 26T CORTOL decision is made at the base station, it
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of mobiles' performance (such as mobiles in 8 sctor, cell, or even in a cluster of cells), I the power
control decision for a particular mobile is made at the base station or at the switching office for all
mobiles and is based on the knowledge of all other mobile's performance, it is called a cemralized
power cantrol system. A centralized power contral system may be mare accurate than a distribwted
power contral system, but it is much more complex in design, more costly, and technologically
challenging.

In principle, the same categorization may be used for the power control in the forward link
[Fig. 85.2{b)] except that in the forward link pilots from the mobiles are usually unavailable and
only closed -loop power control is applied.

In the ideal case, power cantrol compensates for the propagation loss, shadowing, and fast
fading. There are many effects, however, that prevent the power control from becoming ideal. Fast
fading rate, finite delays of the power control system, nonideal channel estimation, error in the
power control command transmission, limited dynamic range, etc., all contribule to degrading the
performance of the power control system, Tt is very imporiant to cxamine the performance of powe?
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85.3 Power Control Examples

—

ir the fallowing section, several applications of power control of analog and digital cedlular systems
are presented.

In the analog networks we may see power contral Emplemented in both the reverse link and
forward link [Lec, 1989). Power comtrol in the reverse link 1) reduces the chance of nocenve?
saturation by a closely located mobile, 2) reduces the co-channel interference and thus increases the
frequency-rewse factor and capaciry, and 3) reduces the average transmitted power at the mobtle
thus conserving battery energy at the mobile. \

The power cantrol in the forward link 1) reduces co-channel interference and thus increases the
frequency reuse factor and capacity and 2} reduces adjacent-channel imerference and improves the
quality of service. |

One example of a power control syster shown by Lee, 1993, was of an air-to-ground commu-
nication system. The relevant airspace is divided into six sones based on the aircraft altitude, The ‘
transmitted pawer at the aircraft is then varied in six steps based on the aane in which the aircraft 1#
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Similarly, P1 is the encrgy contribution of the code vector selected from the firdl codeboolk a5 3
fraction of the total excitation energy of the subframe. The transformation reduces the dynami,
range of the parameters to be encoded. An 8-b vector quantizer efficlently encodes the appropriae
(G S, PO, P1)vectors by selecting the vector which minimizes the weighted error. "The received and
decoded vakues #. yy, and 3 are computed from the received (G S, PO, P1) vector and applied 10
reconsitute the decoded signal.

88.13 Channel Coding and Interleaving

The goals of channel coding are to reduce the impairments in the reconstructed speech due o
iransmission errogs. The 159 b charactertring each 20-me Block of spesch are divided ino two
classes, 77 in class | and 82 in class 2. Class | incledes the bits in which errors resull in o more
significant impalrment, whereas the speech quality i constdered less sensitive to the class- 2 bits,
Class | generally includes the gain, pitch lag. and more significant reflection coefficient bits. In
addition, a 7-b cyclic redundancy check is applied to the 12 most perceptually significant bits of
class 1 1o indicate whether the ermor correction was successful. Failure of the CRC dheck at the
receiver sugpests that the received information is 5o erraneous that it would be better to discard it
than use it. The ernor correction coding is Bhetrated in Fig. 88.5,

The error correction technique vsed is rate 1,2 convolutional coding with o constraint length of
5 |Lin and Costello, 1983]. A tail of 5 b is appended 1o the 84 b to be convalutionally encoded 1o
resuli in @ §78-b output. Inclusion of the tail bits ensures independent decoding of successive time
slots and no propagation of ersors between slots,

Interlesving the bits to be transmitted over two time slots is introduced to diminish the effects of
shart deep fades and to improve the ercor-correction capabalities of the channe] coding technigue.
Two speech frames, the previous and the present, are interleaved so thar the bits from each speech
block span two transmission time slots separated by 20 ms. The interleaving antempts to separate
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The I5-54 Digital Cellular Standard 1255

the convolutionally coded class-1 bits from one frame as much as possible in time by inserting
moncoded clags-2 bits between them.,

§8.14 Bad Frame Masking

A CRC failure indicates that the received data is unusable, cither due to transmission errors resulting
from a fade, or from pre-emption of the time slot by a control message (fast associated control
channel, FACCH). To mask the effects that may result from leaving a gap in the speech signal, a
masking operation based on the temporal redundancy between adjacent speech blocks has been
propesed. Such masking can at best bridge over short gaps but cannot recover loss of signal of
longer duration. The bad frame masking operation may fallow a finite state machine where each
state indicates an operation appropriate to the elapsed duration of the fade to which it corresponds.
The masking operation consists of copying the previous LPC information and attenuating the gain
of the signal. State 6 corresponcds to error sequences exceeding 100 ms, for which the output signal
is muted. The result of such a masking operation is generation of an extrapolation in the gap to the
previously received signal, significantly reducing the perceptual effects of shon fades. No additional
delay is introduced in the reconstructed signal. A the same time, the receiver will report a high
frequency of bad frames leading the system to explore handoff possibilities immediately, A quick
Fwill result in rapid signal recovery.

zellular standard specifies modulation and speech coding technigues for mobile
hat allow the interoperation of terminals built by a variety of manufacturers
ated across the country by a number of different service providers, It permits
ation with good quality in & transmission environment characterized by frequent
multipath fading and significant intercell interference. Generally, the quality of ihe [5-54 decoded
I speech is better at the edges of a cell than the corresponding AMPS transmission due 1o the error
S o " nel coding. MNear a base station or in the shsence of significant
54 speech quality is reported to be somewhat worse than AMPS
if the analysis-symthesis model in reconstructing arbitrary speech
is time the TIA is considering introducing an alternative higher
:hmique for applications where higher speech quality is desirable.
cations Union (ITU) is in the process of selecting such a coding
th qualily equivalent to wireline telephony links in the absence of
« 1994], The selection of the standard placed significant emphasis
ansoeiver and encoder /decoder in a variety of mobile and portable
VEERRLIIRAD L BN LU a0 WL 1O - PO d'ﬁﬁpﬂ!‘ll}l‘l. The standard selecied reflecty a Fﬂ;lkﬂ.ﬂr
I reasonable compromiie between high performance and low complexity. The low-weight terminals
' talk time in mobile environments sttest to the benefits of the compromises

iition of the standard.

{sagnal vectors available to both the encoder and decoder.
morithen:  Am qlml-l-llll.m ﬁ"rrrdu.-_ﬁmnfﬂm muﬁnct m‘rmﬂrmtlﬁnﬂ
1 stage implementing an optimal first-order filter with

vetage of the lattice linear prediction flter that deter-
the autput of the filter-stage by subtracting from the
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LLME

All of the network layer entities interface 1o the LLME which provides coordination of the operation
between different network layer entities and also between the network and lower layers, The L1 we
interfaces with the physical, MAC, DLC, and NWK layers to provide procedures that concern mose
than one laver. Most of these procedures have only bocal significance.

LLME Physical Layer: PM-SAP
The primitives passed through PM-SAP are mainly wsed 1o nvoke and conrol physical layer pro.-
cesses. The following primitives are exchanged through PM-SAP: PL-ME-SYNC, PL-ME-SIG.STR,
and FL-ME-TIME.AD], Using these primitives the LLME implements procedures to produce: the
list of quictest channels, the list of physical channels with greatest ficld strength (PP only), and
pming information.

Prior to the use of a DECT physical channel, the receiver measures the strength of signals an
- that physical channel using the PL-ME STR primitive. Using these signal measurements, the LLME
produces two ordered lists: @ list of least interfered channels and a list channels with greatest field
strength (PP only). Using the PL-ME-SYNC primitives and interworking with higher layer detection
of slot numbers, the LLME extracts timing information to establish the slot and frame timing.

MAC Layer

= Creation, mainedeance amd relesse of bearers, by gl aling and deactiating pairs ﬂl"phﬁiﬁl
chanpels,

* Physcal charnels management, including the chote of free physical channels and rhe as-
sessment of quality of received signals,

Connieetion gl contrd,

REAL-ME-CON: Cannection setup
MAC-ME-CON_ALL: Conmecthion selup allowed
MAL-ME-REL Hearer relesse
MAC-ME-REL_REP: MRBC selease suppaori

Systent inforsnatiog donl ideniitics

MAC-ME-RFIP_PHELOALY FP infisrmation preloading
MAL-ME-PTFRELOALY T informiation preloading
MAC-ME-INFO: Systems information outgpul
MAC-ME-EXT: Extended svanem snformation
MAC-ME-CHANMAP Channel miap
MALC-ME-STATUS: Stanis repor

MAC-ME EREOR: Evror reports

Provednrnes,

= Hroadcasting

= Extended svstermn infarmation

= PP states andd transitions

= Phvsical channel selecrion

= [neconnection quality control

o Maimuen allowed system boad s RFDs

Samsung Exhibit 1022, Page 144 of 182
Samsung Electronics Co., Ltd. et al. v. One-E-Way, Inc.
IPR2025-01541



Pigieal Exropean Cordloss Talephone 1321

NRLE DATA CUTFUT
—p LPF ) -

Fh WML ATOR

FIGURES2. 10  Premadilation baseband-fihencd MAE

o PMID and FMID definiions
« REP Wl receiver scan sequence
¢ T (a8t setup REOCIVET SC30 SEqUenoe

[ia Link Laver (DLC)

DL covers routing of C-plane and U- plane data 1o suitable connections and connection mamage-
meent, which incudes the establishment and release of connections in response 1o network Layer
demands. It abso provides coordination and contrd fer the C-plane and U-plane processes. The
LLME controls the routing of the C-plane and U-plane frames from the available MAC connections
and controls the opening and closing (handover) of the MAC conmections in respanse o service
demands,

Network Layer

The network layer provides service negotiation and mapping. All of the network layer entities
interface to the LLME, which provides enordination of the operation between different network
layer entities and also between the network and lower layers.

1filtered frequency shift keying (GFSK) with a nominal
imaascn ana rague, 1993]. The BT, Le., Gaussian filter bandwadth to bit
trate is 1.152 Mb/s. Specification details can be obiained from the relevant
1in the reference section,
1.channels in the radio frequency hands, including the DECT systems, present
ectral congestion and introduce severe adiacent/cochanne! interference prob-
sral schemes employed 1o alleviate these problems: new allocations ar high
wquency-reuse techniques, efficient source eoncoding, and spectrally efficient

¢ mainly two criteria, transmitted power and channe
sxploited in an optimum manner in order 1o achieve
the ratio of data rate 1o channel bandwidth (units of

GMSE/GFSK has the properties of constant envelope, relatively nar-

detection capabilivy. Minimum shift keying (MSK] can be generated

aut power spectrum of MSK can be created by using a premodulation

t the oulput pawer spectrum is constant, the low-pass filter should

shurp cutoff, low overshoot, and the filter output should have a phase

aherent detection of MSK; see Fig, 92,10,

v all of these characteristics. We replace the low-pass filter with a
rota and Hirade, 1981]. As shown in Fig, 9211, it is
of the VOO directly by the baseband Gaussian pubie
ng the center frequency within the allowable value.
dinlques are employed for generating such signals. A
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modulator with & precite tramfer function. It is desivable these days 1w employ digital echnwguss,
which arc far more robust in imecting the requiramsnts talked about earlier. This would suggest an
orthagomal modulator with digizal waveform generators | de lager and Dekler, 1978].

The demodiulator suructure in o GMSK/GFSE systemn is centered anound arthogonal onierant
detection, the main issue being recovery of the reference carrier and timing. A typical methed, is
described in de Buda, 1972, where the reference carrier is recovered by dividing by four the sum of
the two discrete frequencies contained in the frequency doubler outpur, and the timing is recovered
directly from their difference. This method can also be considered to be equivalent 1o the Losias
loog structure as shown in Fig. 92.12.

In the following are some theoretical and experimental representations of the modulation tech-
nique just described, Considerable literature is available on the subject of data and modulation
schemes and the reader is advised 1o refer 10 Pasupathy, 1979, and Murota and Hirade, 1981, for
further access to relevant study material,

Radio Frequency Architecture

W have discussed the need for bow power consumption and low cost in designing cordless tele-
phones, These days digital transmitier/single conversion receiver techniques are employed 10
provide highly accurate quadrature modulation formats and quadrature down conversion sclemes
that allow a great deal of Aexibility to the bascband section, Generally, one would have used digital
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eriorm maost of the demodulation functions at the cost of high carrent con-
dvent of application specific signal processing, solutions with these technigues

ith, and voice quality influence the design of 0 DECT
th reflections in an indoor enwironment makes DECT
maltipath) can be anywhere in the 100-200 ns range,
s amasanny o Potential delay spread due to mubtipath reflections is
¥, antenna diversity is used to overcome such effects.
MDD method for transmission, which simplifies the complexity of the
andmitter is on for 380 ms or so. The receiver is alio only on for a

rehitectiore requires (ast synthesiver switching speed in order to trans-
H8 es==slnts per frame. 1n this single conversion Transmitter structure,
np in frequency between transmitting and receiving, typically
=T transceiver, the PLL synthesizer must have a wide tuning
nce in addition to good noise performance and fast switching

onseme as bow a current as possible 1o preserve battery life,
tune o sy at the antenna is filtened with a low-loss antenna Alier to reduce
1g signals. This filter is also used on the transmit side 1o attenuate harmonics
nevse. The signal is further filtered, shaped, and down converted as shown in
gnal path really is no diffexent from mest receiver structures, The challenges
ion, and this area has become quite a competitive segment, cspecially in the

wn receiver usually has an imermediate frequency nominably at xero frequency,

fold the spectrum about zero frequency, which results

indwidth. The zero IF architecture possesses several

r approach. First, sebectivity requirements for the RF

the IF is at zero frequency and the image response is

comcicent with the wanted signal trequency. Second, the choice of rero frequency means that the
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FIGURE®L14  Tranamit wection.

bandwidih for the IF paths is only half the wanted signal bandwidth. Third, channel selectivity can
be performed simply by a pair of low-bandwidth low-pass filters.

For the twin IF chains of a direct conversion receiver, automatic gain control (AGC) is always
required due the fact that each IF channel can vary between zero and the envelope peak at much
lower rates than the highest signal bandwidth frequency. An additional requirement in newer
systems is received signal strength indication (RS51) to measure the signal or interference level on
any given chanmnet.

Moving on to the transmitter architecture (shown in Fig. 92.14 isatypical 1-0 system), it issafe 1o
say that the task of generating an RF signal is much simpler than receiving it. A transmitter consists
of three main components: a final frequency generator, & modulator, and the power amplifier.
These companents can all be combined in common circuits, i.e., [requency synthesizer with inbuilt
modulator. The problem of generating a carrier at a high frequency is largely one of frequency
contral. The main approach for accurately generating an output frequency from a crystal reference
today is the PLL, and there is considerable literature available on the subject [Gardner, 1979). In the
modulation stage, depending upon the tightness of the phase accuracy specification of a cordless
system, it may be necessary 1o apply tight contral an the modulation index to ensure that the phase
path of the signal jumps exactly in 90° increments. Description of an 1-0Q modulator is also given
in & previous chapter.

Defining Terms

AGLC: Automatic gain control

ARCE:  Awtomatic repeat request

AWGN:  Additive white Gaussian noise

BABT: British approvals baard for 1lecommunications

Base Station: The fived radio component of a cordless link. This may be single-channel (for
domestic) or multi-channel (for Tedepeaint and business)

BER: Bit error rate (or ratia)

CCITT: Comité Consultatif International des Télégraphes et Teléphones, part of the ITU

CEPT: Conference of European Posts and Telecommunications Administrations

CPFSK: Continuous phase frequency shift keying

CPP: Cordless portable part, the cordless telephone handset carried by the user

CRC: Cyclic redundancy check

CT2:  Sccond generation cordless telephone-digital

D Channel: Control and information data channe (16 kb/s in 15DM)

Samsung Exhibit 1022, Page 148 of 182
Samsung Electronics Co., Ltd. et al. v. One-E-Way, Inc.
IPR2025-01541



Digiral BEurapean Cordless Telephaorne 1325

DCT: Digital cordless telephone

DECT: Digital European cordless telecommunications

DLC:  Data link control layer, protocol layer in DECT

DSP:  Digital signal processing

DTMF:  Dual tone multiple frequency (sudio tone signalling system)

ETSI: European Telecommunications Standards Institute

FDMA: Frequency division multiple access

FSK: Frequency shifi keying

GMSK: Gaussian filtered minimum shift keying

ISDN:  Integrated services digital network

ITU:  Iaternational Telecommunications Union

MPT 1373 UK. standard lor commaon air interface {CAD) digital cordless telephones

i MSK: Minimum shift keying

PSK: Phase shift keying

RES3: Technical subcommittee, radio equipment and systems 3 of ETSI, responsible for the
specification of DECT

RSSI:  Received signal strength indication

SAW: Surface acoustic wave

TDD: ‘Time division duplex

TDMA:  Time divishon multple acoess

—_————r————— T
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The CELP framework has evolved to form the basis of a great vaciety of speech coding algorithmg,
inchading all existing full- and half-rate standard algorithims for digit cellular systems. We outline
next the basic CELP encoder-processing steps, in a form suited to our subsequent detailed descrip.
thons of the PDC and G5M half-rate coders. These steps have accounted for various computationg|
efficiency considerations and may, therefore, deviate from 3 conceptual functional description of
the encodér constituents.

L. LP analysis on the current frame of input speech to determine the coefficients of the all-pole
synthesis filter;

2. quantization of the LP filter parameters;

3. determination of the open-loop pitch period or lag:

4. adapting the perceptual weighting filter to the current LP information (and also pitch infior-
mation when appropriate) and applying the adapted filter to the input speech signal;

5. formation of a filter cascade (which we shall refer 10 as perceprually weighted symthesis filter)
consisting of the LP synthesis filter, as specified by the quantized parameters in step 2, |:
followed by the percepiual weighting filter;

6. subtraction of the zero-Tnput response of the perceptually weighted synthesis Alter {the filter’s
decaying response duc to past input) from the perceptually weighted input speech signal
obtained in step 4;

7. an adaptive codebook is searched to find the most suitable periodic excitation, i.e., when the
perceptually weighted synthesis filter is driven by the best code vector from the adaptive code-
book, the output of the filler cascade should best match the difference signal obtained in step 6;

8. oneor more nonadaptive excitation codebooks are searched to find the most suitable random
excitation vectors that, when added to the best periodic excitation as determined in step 7
and with the resultant sum signal driving the filter cascade, would result in an output signal
best matching the difference signal obtained in step &

Steps 1-6 are executed once per frame. Steps 7 and 8 are executed once for each of the subframes that
together constitute a frame. Step 7 may be skipped depending on the pitch information from step
3, or if step 7 were always executed, a nonperiodic excitation decision would be one of the possible
outcomes of thesearch processinstep 7. Integral to steps 7 and 8 is the determination of gain (scaling)
parameters for the excitation vectors, For each frame of input speech, the filter and excitation and
gain parameters determined as outlined are conveyed as encoded bits 1o the speech decoder.

[n a properly designed system, the data conveyed by the channel decoder to the speech decoder
should be free of errors most of the time, and the speech signal synthesized by the speech deooder
would be identical to that as determined in the speech encoder’s ABS operation. [i is common
to enhance the quality of the synthesized speech by using an adaptive postfilter 1o attenuate coder
nodse in the perceptually sensitive regions of the spectrum. The postfilter of the decoder and the
perceptual weighting filter of the encoder may seem 1o be functionally identical. The weighting
filver, however, influences the selection of the best excitation among available choices, whereas the
posthlter actually shapes the spectrum of the synthesized signal. Since postfiltering introduces it
own distortion, its advantage may be diminished i tandem coding occurs along the end-10-end
communication path. Nevertheless. proper design can ensure that the net effect of posthltering is 2
reductian in the amount of audible codec noise | Chen and Gersho, 1995]. Excepting postfltering,
all other speech synthesis operations of an LPAS decoder are (effectively) duplicated in the encoder
{though the converse is not troe). Using this fact, we shall illustrate each coder in the sequel by
exhibiting only a block diagram of its encoder or decoder but not both.

94.5 Channel Coding Techniques in the Hall-Rate Standards

Crucial to the maintainence of quality speech communication is the ability 1o transport coded
speech data across the radio channel with minimal errors. Low-bit-rate LPAS codersare particulatly

S
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sensitive 1o channel errors; errors in the bits representing the LF parameters in one frame, for in-
stance, coubd result inthe synthesis of nonsensical sounds for longer than a frame duration. Theerror
rate of n digital cellular radio channel with no channel coding ean be catastropically high for LPAS
coders. The amount of telerable transmission delay is limited by the requirement of interactive com-
munication and, consequently, forward error contro! is used 1o remedy transmission ervors. “For-
ward” means that channel errors are remedied in the recelver, with no additional information from
the transmitter and, hence, no additional transmission delay, To enable the channel decoder to cor-
rect chanmed ervors, the channel encoder conveys more bits than the amount generated by the speech
encoder. Theadditional bits are for error protection, as errors may or may not occur in any particular
transmission epoch. The ratio of the number of encoder input {Information) bits 1o the number of
encoder output (code] bits is called the (channel) coding rafe. This is a number no more than one
and generally decreases as the error profection power increases, Though a lower channel coding rate
gives more error protection, fewer bits will be available for speech coding. When the channel is in
good condition and, hence, less error protection is needed, the received speech quality could be better
if bits devoted to channel coding were used for speech coding. On the other hand, if 2 high channel
eoding rate were used, there would be uncorrected errors under poor channed conditions and speech
quality would suffer. Thus, when nonadaptive forward error protection is used over channels with
nonstationary statistics, there is an inevitable tradeoff berween quality degradation due 1o uncor-
rected ervors and that due 10 expending bits on error protection (instead of on speech encoding).

Both the GSM and PDC half-rate coders use comolutional coding [Proakis, 1995] for error cor-
rection, Comvolutional codes are sliding or sequential codes. The encoder of & rate mjn,m < n
convelutional code can be realized using m shift registers. For every m information bits input to the
encoder {one bit to each of the m shift registers), m code bits are cutpant to the channel. Each code bit
is computed as a modulo-2 sum of a subset ofthe bits in the chift registers. Error protection overhead
ean be reduced by cxploiting the unequal sensitivity of speech guality to errors in differemt positions
of the encoded bitstream. A family of rate-compatible punctured comvolutional codes (RCPCCs) [Ha-
gemauer, 1988] is a collection of related convolutional codes; all of the codes in the collection except
the one with the lowest rate are derived by punicturing (dropping) code bits from the convolutional
code with the lowest rate. With an RCPOC, the chanpel coding rate can be varied on the fly (Le.,
viriable-raie coding) while a sequence of information bits is being encoded through the shift regis-
ters, therchy imparting on different segments in the sequence different degress of error protection.

For decoding & comvolutional coded bit stream, the Viterbi algorithm |Proakls, 1993] is 2 com-
putationally efficient procedure. Given the output of the demodulator, the algorithm determines
the mast likely sequence of data bits sent by the chanmel encoder. T Pully utilize the ecror cor-
rection power of the comolutional code, the amplitude of the demodukated chanre! sprbal can
be quantized to more bits than the minimuem number required, i.e., for subsequent soft decision
decoding. The minimum number of bits is given by the number of channel-coded bits mapped by
the modulator onto each channel symbol; decoding based on the minimum-rate bit stream i called
hard decision decoding. Although soft decoding gives better error protection, decoding complexiry
is also increased.

Whereas convalutional codes are mast effective against randomly scattered bit errors, errors on
cellular radio channels often occur in bursts of bits. These bursts can be broken up if the bits put
into the channel are nearranged after demodulation. Thus, in Block fnterlsaving, encoded bits are
read into a matrix by row and then read out of the matrix by column (or vice verss) and then passed
o to the modulator; the reverse operation is performed by a deinterlasier following demodulation,
Intetleaving increases the transmission delay to the extent that enough bits need 1o be collected in
arder to fill up the matrix.

Owing to the severe nature of the cellular radio channel and limited available transmission
capacity, uncorrected errors aften remain in the decoded data. A common countermeasure is to
append an error detection code to the speech data stream prior 1o channel coding. When residual
channel errors are detected, the speech decoder can take various remedial measures to minimize the
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FIGURE®L2  Basic structure af the PS-CELP encoder,

megative impact on speech quality. Common measures are repetition of speech patameters (rom
the mvast recent good frames and gradual muting of the possibly corrupted symthesized speech.

The PDC and GSM half- rate standard algorithms together ernbaody some of the lstest advances
in speech coxling techmiques, including: multimodal codisg where the coder configuration and bit
allocation change with the type of speech input; vector quantizarion { V) | Gersho and Gray, 1991)
of the LP filter parameters; higher precision and improved coding efficiency for pitch-periodic
excitation; and postfilicring with improved tandeming performance. We next explore the more
distinctive features of the PDC and GSM speech coders.

94.6 The Japanese Half-Rate Standard

An algorithm was selected for the Japanese half- rate standard in April 1993, following the evaluation
of 12 subwmissions in a first round, and four final candidates in a second round [ Maswi and Oguchi,
1993]. The selected algorithm, called pitch synchronous innovation CELP? (PSI-CELP), met all of
the basic selection criteria and scored the highest among all candidates evaluated. A block diagram
of the PSI-CELP encoder is shown in Fig. 94.2, and bit allocations are summarized in Table 94.5.
The complexity of the coder is estimated 1o be approximately 2.4 times that of the PDC full -rate

*There were two candidate algorithms named PSI-CELP in the PDC half- rate competition. The algarithm
described here was contributed by NTT Mobile Communications Network, Inc. (NTT DoCoMo),
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96.1 Introduction

performance portable computers combined with end-user need for com-
dramatic growth in wireless local area network (LAN] technology. Users
¢ 1o operate their portable compater globally while remaining connected 1o
rks and service providers. Wireless LANs and cellular networks, connected
,are being developed to pravide this functionaliny.

T Ento igsues relating to the design of wireless LANs, it ks instructive o
i of user mobility,

- o B o ’ © physically moved while retaiming
rom ome posim B another asdna
ing patsent charts and the marse

Ler moves Between wards or Hoors while accessing patient information,
ituation is where a group of peaple (at a conference, for instance)} set up an
hare information as in Fig. 96.1.

mode] is one where several computers in constant communication are in
inse ta be petworked. For example, consider the problem of having robots
ating to petricve a satellite.

& with physical layer and medium access control
nmariee standardization efforts in these areas. The
wirsszon of networking issues involved in wircless
srouting in wircless LANS (1.2, how docs data find
T Ak —oble—s - Fo—iding service guarantees
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Two media are used for transmission over wireless LANs, infrared and radio frequency. RF LANs |
are typically implemented in the industrial, scientific, and medical (ISM) frequency bands 902-928
MHz, 2400-2483.5 MHz and 57255850 MHz. These frequencies do not require a license allowing
the LAN product to be portable, i.e., a LAN can be moved without having to worry about licensing.

IR and RF technologics have different design constraints. IR receiver design is simple (and thus
inexpensive) in comparison to RF receiver design because IR receivers only detect the amplitude of
the signal not the frequency or phase. Thus, a mintmal af fltering is required to reject interference.
Unfortunately, however, 1K shares the cleciromagnetic spectrum with the sun and incandescent or
fluorescent light. These sources of modulated infrared encrgy reduce the signal-to-noise ratio of
IR signals and, if present in extreme intensity, can make the IR LANS inoperable. There are two
approaches to building IR LANS,

1. The transmitted signal can be focused and aimed. In this case the IR system can be used
outdoors and has an arca of coverage of a few kilometers.

2. Thetransmitted signal can be bounced off the ceiling or radiated omnidirectionally. Ineither
case, the range of the TR souirce is 10=20 m (1.&., the size of one medium-sized room).

RF systems face harsher design constraints in comparison to IR systems for seversl reasons, The
increased demand for RF products has resulted in tight regulatory constraints on the allocation and
use of allocated bands. In the LS., for example, it is necessary to implemient spectrum spreading
for operation in the ISM bands. Another design constraint is the requirement to confine the
emitted spectrum to a band, necessitating amplification at higher carrier frequencies, frequency
conversion using precision local ascillaters, and selective components. RF systems must also cope
with environmental noise that is cither naturally occurring, for example, atmospheric noise or man
made, for example, microwave ovens, copiers, laser printers, or other heavy dlectrical machinery. RF
LANs operating in the ISM frequency ranges also suffer interference from amateur radio operators.

Operating LANs indoors introduces additional problems cansed by multipath propagation.
Rayleigh fading, and absorption. Many materials used in building construction are opaque B0
IR radiation resulting in incomplete coverage within rooms (the coverage depends on obstacles
within the room that block IR) and almest no coverage vutside closed rooms. Some materials, such
as white plasterboard, can also cause reflection of TR signals. RF is relatively immune to absorption
and reflection problems. Multipath propagation affects both IR and RF signals. The technique
to alleviate the effects of multipath propagation in both types of systems is the same nse of aimed
{directional) systems for transmission enabling the receiver to reject signals based on their angle
of incidence. Another technique that may be used in RF systems is to use multiple antennas. The
phase difference between different paths can be used to discriminate between them.
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Rayleigh fading is a problem in RF systems. Recall that Rayleigh fading occurs when the difference
in path length of the same signal arriving along different paths is a multiple of half a wavelength.
This causes the signal to be almost completely canceled out at the receiver. Because the wavelengths
used in IR are so small, the effect of Rayleigh fading Is not noticeable in those systems. RF systems,
on the other hand, wuse wavelengths of the order of the dimension of a laptop. Thus, moving the
computer a small distance could increase/decrease the fade significantly.

Spread spectrum transmission technobogy is wsed for RF-based LANs anvd it comes in two varietics:
direct-sequence spread spectrum (DSSS) and frequency-hopping spread spectrum (FHS5). In a
FHSS sysiem, the available band is split into several channels. The transmitter transmits on one
channel for a fined time end then hops to another channel, The receiver is synchrondaod with the
transmitter and hops in the same sequence; see Fig. 9%6.2(a). In DSSS systems, a random binary
string & used to modulate the transmitted signal, The relative rate between this sequence and wser
data is typically between 10 and 108 see Fig. 96.2(b ).

The key requirements of any transmission technobogy is its robustness to nobse. In this respect
[x555 and FHSS show some differences. There are two possible sources of interference for wircless
LANs: the presence of other wireless LAMS in the same geographical area (i.e., in the same building,
etc,) and interference due to other users of the I5M [requencics. In the latter case, FHSS systems
have a greater ability to avold interference because the hopping sequence could be designed 1o
prevent potential interference. D555 systems, on the other hand, do exhibit an ability to recover
from interference because of the use of the spreading facter [Fig. 96.2(h)].

feis likely vhat in many sitfations several wireless LAMNs may be collocated. Since all wireless LANs
use the same [5M frequencies, there isa potential for a great deal of interference. To avold interference
in FHISS systems, it 5 necessary to ensure that the hopping sequences are orthogonal.  Te avedd
interference in 5SS systems, on the other hand, it is necessary to allocate different chanssels to each
wireless LAN. The ability to avoid interference in D555 systems b, thus, more limited in comparison
lo FHS5 systems because FHSS systems use very narrow subchannels | 1 MHz) in comparizon to DESS
wywiems that use wider subchannels {for example, 25 Mz}, thus, imiting the pumber of wireless
LAMSs that can be collocated. A summary of design issues can be found in Bantz and Bauchos, 1994,

-3 MAC Layer Protocols
MAC protocol design for wirchess LANs poses new challenges because of the in-bullding operating
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- short distances resulting in unrelishle communication and unfaly channel acoess die 1o capure.
Another feature of the wireless LAN environment is that carrier sensing takes a long time in com-
parison o wired LAN:: 11 |'|.'F|'!I'!:|.|h' takes hebween 30 and 50 s (see Chen and Lee, 1994), which
is o significant portion of the packet transmission time. This results in nefficiencies if the CSMA
family of protocols 15 used without any modifications.

Other differences arise because of the mobility of users in wireless LAN environments. To provide
a building {or any other region) with wireless LAN coverage, the region to be covered is divided into
cells as shown in Fig. 96.3. Each cell is one wireless LAN, and adjacent cells use different frequencies
1w minimize interfereseoe, Within each cell there is an access point called a mobile support station
{M55) or base station that is connected 1o some wired network, The mobile users are called mobile
hosts (MH). The M55 performs the functions of channel allocation and providing connectivity 1o
existing wired networks: see Fig. 96.4. Two problems arise in this type of an architecture that e
nat present in wined LANs.

I. The number of nodes within a cell changes dynamically as users move berween cefls. How
can the channel access protocol dynamically adapt to such changes efficiently?

1. When a user moves between cells, the user has to make its presence known to the other nodes
in the cell. How can this be done without using up too much bandwidth? The protocol
used 1o sobve this problem is called a handoff protocol and works along the following lines:
A switching station {or the M35 nodes working together, in concert) collects signal strength
information for cach mobile host within each cell. Mote that if a mobile host & near @
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cell boundary, the M35 node in its current cell as well a3 in the neighboring cell can hear
its transmissions and determine signal strengths. If the mobile host is currently under the
coverage of M35 M1 but its signal strength ar M55 M2 becomes larger, the switching station
initiates a handoff whereby the MH i considered as part of M2's cell {or netwark).

The mode of communication in wireless LANs can be broken in rwo: communication from the
mobile 1o the MS5 (called wplink communication) and communication in the reverse direction
(called dowmlink communication). It is estimated that downlink communication accounts for
about 70-80% of the wtal consumed bandwidth. This is easy to see because most of the time
users request files or data in other forms (image data, eic.) that consume much more transmission
bandwidth than the requests themselves. In order to make efficient use of bandwidth (and, in
addition, guarantee service requirements for real-time data}, most researchers have proposed that
the downlink channel be controlled entirely by the MSS nodes. These nodes alloeate the channel 1o
different mobile users based on their current requirements using a protocol such as time division
multiple access (TDMA). What about uplink traffic? This is a more complicated problem because
the set of users within a cell is dynamic, thus making it infeasible 10 have a static channel allocation
for the uplink. This problem is the main focus of MAC protocol design.

What are some of the design requirements of an appropriate MAC protocol? The IEEE §02.11
recornmendted standard for wireless LANs has identified almost 20 such requirements, same of
which are discussed here (the reader is referred to Chen, 1994, for further details). Clearly any
protocal mast maxmize throughput while minimizing delays and providing fair access to all users.
In addition to these requirements, however, mobility introduces several new requirements.

L. The MAC protocol must be independent of the underlying physical layer transemission tech-
nology adapted [be 1t DSSS, FHSS or IR),

L. The maximum number of users can beas high as a few hondred in a wireless LAN, The MAC
protocol must be able to handle many users without exhibiting catastrophic degradation of
FETVECE,

3. The MAC protocols must provide secure transmissions because the wireless medium is easy
to tap.

4. The MAC protocol needs to work correctly in the presence of collocated networks,

5. It must have the ability to support ad-hoc networking (s in Fig. 96.1).

6. Other requirements include the need to support priority traffic, preservation of packet order,
and an ability to support multicast.

Several contention-based protocols currently exist that could be adapted for use in wincless
LANs. The protocols currently being looked by TEEE 802.11 include protocols based on carcier
sense multiple access (CSMA), polling, and TDMA. Protocols based on code division multiple
access (CDOMA) and frequency division multiple access {FDMA) are no considered because the
processing gains obtained vsing these protocals are minimal while, simullaneously, resulting in a
loss of Mexibility for wireless LANs.

It is important to highlight an important difference between networking regquirements of ad-
hoc networks (as in Fig. #6.1} and nerworks based an cellular structure. In celluler networks, all
communication occurs between the mobile hosts and the M55 (or base sation) within that cell,
Thus, the M55 can allocate channel bandwidth sccording to requirements of different nodes, ie.,
wie can use centralized channel scheduling for efficient wie of bandwidth, In ad-hoc networks there
is no such central scheduler available. Thus, any multisccess protocal will be comtention based
with little explicit scheduling. In the remainder of this section we focus on protocols for cell-based
wireless AN only.

All multiaccess protocels for cell-based wireless LANs have a similar striecture; see Chen, 19594,

1. The M55 announces (explicitly or implicitly) that nodes with data 1o send may contend for
the channel.
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2. Modes interested in sending data contend for the channel using protocols such as CSMA,
3. The M55 allocates the channel to sucorssful nodes,

4. MNodes transmit packets {contention-free transmission).

5. M55 sends an explicit acknowledgment (ACK) for packets received,

Based on this model we present three MAC protocols,

Reservation-TDMA (R-TDMA)

This approach is a combination of TDMA and some contention protocol {see PRMA in Goodman,
1990). The MSS divides the channel into slots {as in TDMA), which are grouped into frames. When
a node wants 1o transmit it noeds to reserve a slot that it can use in every consecutive frame as long
as it has data to transmit. When it has completed transmission, other nodes with data to transmis
may contend for that free slot. There are four steps 1o the fanctioning of this protocol,

& Al the end of cach frame the M55 transmits a feedback packet that informs nodes of the
current reservation of slots {and also which skots are frec). This corresponds to steps 1 and
3 from the preceding list.

b. During a frame, all nodes wishing to acquire a shot transmit with a probability o during
free slot. If a node is successful it is so informed by the next feedback packet. 1f more than
one node transmits during a free glot, there is a collizion and the nodes try again during the
next frame. This corresponds to step 2.

¢. A node with a reserved slot transmits data during its slot. This is the contention-free
transmission (step 4).

d. The MSS sends ACKs for all data packets received correctly. This is step 5.

The R-TDMA protocol exhibits several nice properties. First and foremost, it makes very efficient
use of the bandwidth, and average latency is half the frame size. Another big benefit is the ability
to implement power conserving measures in the portable computer. Since each node knows when
to transmit (nodes transmit during thelr reserved slot only) it can move into a power-saving mode
fior a fixed amount of time, thus increasing battery life. This feature i generally not available in
CSMA-based protocols. Furthermore, it is casy 1o implement priorities because of the centralized
control of scheduling. One significant drawback of this protocol is that it is expensive 1o implement
{see Barke and Badrinath, 1994),

Distributed Foundation Wireless MAC (DFWMAC)

The CSMA/CD protocol has been used with great success in the ethernet. Unfortunately, the same
protocol i+ not very efficient in a wireless domain because of the problems associated with cefl
interference (i.e., interference from neighboring cells), the relatively large amount of time taken 10
sense the channel (see Glisic, 1991} and the hidden terminal problem (see Tobagi and Kleinrock,
1975a and 1975b). The current proposal is based on a CSMA /collision avoidance (CA) protocol
with a four-way handshake; see Fig. 26.5.

The basic operation of the protocol is simple. All MH nodes that have packets 1o transmit
compete for the channel by sending ready to transmit (RTS) messages using nonpersistent CSMA.
After a station succeeds in transmitting a TS, the M55 sends a clear to transmit (CTS) 1o the MH-
The MH transmits its data and then receives an ACK, The only possibility of collision that exists is in
the RTS phase of the protocol and inefficiencies ocour in the protocol, because of the RTS and CTS
stages. Mote that unlike R-TDMA it is harder to implement power saving functions. Furthermaore.
latency is dependent on system load making it harder to implement real-time guarantees. Priorities
are also not impdemented. Cin the positive side, the hardware for this protocol is very inexpensive.
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FIGFURE 6.5  CSWANCA and four-way
handshaking protocol,

Randomly Addressed Polling (RAP)

In this scheme, when a M55 is ready 1o collect uplink packets it transmits 2 READY message, At
this point all nodes with packets to send attempt to grab the channed as follows.

i Each MH with a packet to transmit generates a random number between 0 and P.

b. Allactive MH nodes simultaneously and arthogonally transmit their random numbers {using
COMA or FUNA L We assume that all of these numbers are received correctly by the MSS.
Remember that more than one MH node may have selected the same random number.,

€. Steps a and b are repeated L times.

d, At the end of L stages, the M55 deiermines a stage (say, £} where the total number of digtinet
random numbers was the largest. The M35 polls each distinct each random number in this
stage in increasing order. All nodes that had gencrated the polled random number transmit
packets 10 the M55,

¢, Since maore than one node may hove generated the same random number, collisions are
possible. The M55 sends a ACK o1 NACK after each such transmission. Unsucoessful nodes
iry again during the next iteration of the protocol.

The protocul is discussed in detail in Chen and Lee, 1993 and a modified protocol called GRAP (for
group RAF) is discussed in Chen, 1994, The suthors propose that GRAP can also be used in the
contention stave (sten 2] for TDMA- and CSMA-based pm:l'a.:nls,

Issues

ireless LANS b8 1o allow users to move about freely while still maintaining
[network rescurces permitting), This means that the network must route
‘he mobile user to the MSS of its current cell in a transparent manner, Two

wile wsers be maintained?

Samsung Exhibit 1022, Page 159 of 182
Samsung Electronics Co., Ltd. et al. v. One-E-Way, Inc.

IPR2025-01541



1374 Wireless

2 packet 1o a remote MH, the source M55 first broadcasts an address resolution protocol (ARP)
request 1o all other M55 nodes to locate the MH. Eventually some M55 responds. The source M5s
then encapsulates each packet from the source MH within another packet containing the IP address
of the M55 in whose cell the MH is bocated, The destination M35 extracts the packet and delivers jy
1o the MH. If the MH has moved away in the interim, the new MSS locates the new location of the
MH and performs the same operation. This approach suffers from several problems as discussed
in Teraoka and Tokoro, 1993. Specifically, the method is not scaleable to 2 network spanning aress
larger than a campus for the following reasans.

1. IF addresses have a prefix identifying the campus subnetwork where the node lives; when
the MH moves out of the campus, its [P address no longer represents this information,

2. The M55 nodes serve the function of routers in the mobile network and, therefiore, have the
responsibility of tracking all of the MH nodes globally causing a lot of overhead in terms of
message passing and packet forwarding: tee Ghal and Singh, 1994,

Teraoka and Tokoso, 1993, have proposed a much more Mexible solution to the problem called |
virtual [P (VIP). Here every mobile host has a virtual IP address that is unchanging regardless of the
lecation of the MH. In addition, hosts have physical network addresses (traditional [P addresses)
that may change as the host moves about. At the transport layer, the target node is always specified
by its VIP acdress only. The address resolution from the VIF address to the current IP address takes
place either at the nerwork layer of the same machine or at a gateway. Both the host machines and
the gateways maintain a cache of VIP to [P mappings with associated timestamps. This information
is in the form of a table called addres mapping rable (AMT). Every MH has an associated home
gateway, When a MH moves into a new subnetwork, it is assigned a new IP address, [t sends
this new [P address and its VIP address to its home gateway via a VipConn control message. All |
intermediate gatewsys that relay this message update their AMT tables as well, During this process |
of updating the AMT tables, all packets destined to the MH continue to be sent to the old location.

These packets are returned o the sender, who then sends them to the home gateway of the MH. It

is easy to sce that this approach is easily scaleable 1o large networks, unlike the [PIP approach.

Alternative View of Mobile Networks \

The approaches just described are based on the belief thar mobile networks are merely an extension
of wired networks. Other authors [Singh, 1993] disagree with this assumption because there are
fundamental differences between the mobile domain and the fived wired network domain, Two
examples follow.

L. The available handwidth at the wireless link is small; thus, end-10-end packet retransmis-
sion for transmission contrel protocal (TCP)-like protocols (implemented over datagram
networks ) is a bad idea. Thisleads 1o the conclusion that transmission within the mobile net-
work must be connection oriented. Such a solution, using virtual circuits {VC), is proposed
in Ghai and Singh, 1994,

2. The bandwidth available for a MH with open connections changes dynamically since the
number of other users present in each cell varies randomly. This is a feature not present in
fixed high-speed networks where, once a connection is set up, its bandwidth does not vary
miuch, Since bandwidth changes are an artifact of mobility and are dynamic, it is necessary te
deal with the consequences (.., buffer overflow, large delays, etc.) locally to both, L.e., shield
fixed network hosts from the idiosyncrasics of mobility as well as 1o respond 1o changing
bandwidth quickly (without having to rely on end-to-end control). Some other differences
are discussed in Singh, 1995,
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A Proposed Architecture

Keeping these issues in mind, a more appropriate architecture has been proposed in Ghai and Singh,
1994, and Singh, 1995. Mobile networks are considered to be different and separate from wired
networks. Within a mobile network s a throe-layer hicrarchy; see Fig. 96.6. At the bottom Leyer
are the MHs. At the next bevel are the MSS nodes {one per cell). Finally, several M55 nodes are
controlled by a supervisor host (SH) node (there may be one SH node per small building). The SH
nodes are responssble for flow control for all MH connections within their domain; they are also
responsible for tracking MH nodes and forwarding packets as MH nodes roam. In addition, the SH
nodes serve as a gateway to the wired networks. Thus, any connection setup from a MH to a fixed
heost is broken in two, one from the MH to the SH and another from the SH to the fixed host. The
MS55 nodes in this design are simply connection endpodnts for MH nodes. Thus, they are simple
devices that implement the MAC protocols and little else. Some of the benefits of this design are as
fallows.

I. Because of the large coverage of the SH (i.e., a SH controls many cells) the MH remains
in the domain of one 5H much longer. This makes it easy 10 handle the consequences of
dynamic bandwidth changes locally. For instance, when a MH moves into a crowded cell,
the bandwidth available to it is reduced. If it had an open fip connection, the SH simply
buffers undelivered packets until they can be delivered. There is no need 1o inform the other
endpoint of this connection of the reduced bandwidih,

L When a MH node sets up a conpection with a service provider in the fixed network, it
negotiates some quality of service (OS] parameters such as bandwidth, delay bounds,
etc. When the MH roams into a crowded cell, these Q08 parameters can no longer be
met becauss the ivallable bandwidth is smaller. 1f the traditional view is adopted {i.e., the
mobile networks are extensions of fixed networks) then these Q0S5 parameters will have io
be renegotiated each time the bandwidth changes (due 1o rosming). This is a very expensive
proposition because of the large number of control messages that will have to be exchanged.
In the approach of Singh, 1995, the service provider will never know about the bandwidth
changes since it deals only with the SH that i accessed via the wired network. The SH
bears the responsibility of handling bandwidth changes by either buffering packets until
the bandwidth available to the MH increases (as in the case of the fip example] or it could
discard a fraction of real-time packets (e.g., a voice connection) 1o ensure defivery of most
of the packets within their deadlines. The SH could also instruct the M55 to allocate a larger
amount of bandwidth to the MH when the number of buffered packets becomes large. Thus,
the service provider in the fixed network is shielded from the mobility of the user.

FIGLRE %646  Proposed srchiteciure for winsless pevworks
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Networking Issues

It is important for the network o provide connection-oriented service in the mobile environmen;
(as opposed to connectionbess service as in the internet) because bandwidth is at a preminm i
wireless networks, and it is. therefore, inadvisable to have end-to-end retransmission of packets
{as in TCP). The proposed architecture is well suited to providing connection-oriented service by
using Vs,

In the remainder of this section we look at how virtual circuits are used within the mobile network
and how routing is perfirmed for connections o mobile hosts. Every connection set up with ope
or more MH nodes as a connection endpoint is routed through the SH nodes and cach connection
is given a unique VC number. The SH node keeps track of all MH nodes that lie within its domain
When a packet needs to be delivered to a MH node, the SH first buffers. the packet and then sends
it to the MSS at the current location of the MH or to the predicted location if the MH is currently
between cells. The MSS buffiers all of these packets for the MH and transmits them to the MH
if it is in its cell, The MSS discards packets after trangmission or if the SH asks it to discard the
packets. Packets are delivered in the correct order to the MH (withoue duplicates]) by Iu'.ring the
MH transmit the expected sequence number (for each VC) during the initial handshake (ie., when
thie MH first enters the cell}, The MH sends ACKs to the SH for packets received, The SH discards
all packets that have been acknowledged, When a MH moves from the domain of SH) into the
domain of SH2 while having epen connections, SH1 continues to forward packets 1o SH2 until
either the connections are clesed or until SH2 scts up its own connections with the other endpoints
for each of MH’s open connections (it also gives new identifiers 1o all these open connections). The
detailed protocol is presented in Ghai and Singh, 1994.

The SH nodes are all connected over the fixed (wired) network, Thercfore, it is necessary to route
packets between SH nodes using the protocol provided aver the fixed networks. The VIP protocod
appears (o be best suited to this purpose, Let us assume that every MH has a globally unigue VTP
address, The SHs have both a VIP a2 well asa fixed 1P address, When a MH mioves into the damain
of & 5H, the 1P address affioed 1o this MH is the IP address of the SH. This ensures that all packets
sent to the MH are routed through the correct SH node. The SH keeps a list of all VIP addresses of
MH nodes within its doman and a list of open Vs for cach MH. It uses this information to route
the arriving packets along the appropriate VC to the MH.

96.5 Transport Layer Design

The transport layer provides services 1o higher layers {including the application layer ), which include
connectionless services like UDP or connection-oriented services like TCPR A wide variety of new
services will be made available in the high-speed networks, such as continuous media service for
real-time data applications such as voice and video. These services will provide bounds on delay
and loss while guarantesing some minimum bandwidth.

Recently variations ofthe TCP protocol have been proposed that work well in the wireless domain.
These proposals are based on the traditional view that wircless networks are merely extensions of
fixed networks. One such proposal is called I-TCP |Barke and Badrinath, 1994 for indirect TCP:
The motivation behind this work stems from the following ebservation. In TGP the sender times
out and begins retransmission after a timeout period of several hundred milliseconds. If the ather
endpoint of the connection is 3 mohdle host, it is possible that the MH is disconnected for a period
of several seconds (while it moves between cells and performs the initial greeting). This results in
the TCP sender timing out and transmitting the same data several times over, causing the cffective
throughput of the connection 1o degrade rapidly. To alleviate this problem, the implementation of
I-TCP separates o TCP connection into two pieces—aone from the Axed host to another fixed host
that is near the MH and another from this host to the MH {note the similarity of this approach with
the approach in Fig. 36.6). The host closer o the MH 5 aware of mobility and has a larger timeout
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period. It serves as a type of gateway for the TCP connection because it sends ACKs back to the
sender before receiving ACKs from the MH, The performmnce of - TCP is far superior to traditional
TCF for the mobile networks studied.

In the architecture proposed in Fig. 96.6, 3 TCP connection (rom a fied host 1o a mobile host
would terminate ot the SH. The SH would set up another connection to the MH and would have the
respansibility of transminting all packets correctly. In a sense this is a similar idea 1o 1-TCP except
that in the wircless network VCs are used rather than datagrams. Therefore, the implementation
of TCP service is made much easier.

A problem that is unique to the mobile domain occurs because of the unpredictable movement of
MH nodes (i.c.,a MH may roam between cells resulting in a large variation of available bandwidth in
each cell). Consider the following example. Say nine MH nodcs have opened 11-kb/s connections
in a cell where the available bandwidth is 100 kb/s. Let us say that a tenth mobile host M10, also
with an open 11-kb,/s connection, wanders in. The tofl requested bandwidth is now 110 kb/s
while the available bandwidth is only 100 kb/s. 'What is to be done? One approach would be fo
deny service to M10. However, this seems an unfair policy. A different approach is to penalize all
connections equally so that each connection has 10-kb/s bandwidth allocated.

To reduce the bandwidih for each connection from 11 kb/s 1o 10 kb/s, two approaches may be

adopted:

I. Thrattle back the sender for each connection by sending control messages.
2. Driscard 1-kb/s data for each connection at the SH. This approach is only feasible for appli-
cations that are tolerant of data loss (e.g., real-time video or audio),

The first approach encounters a high overhead in terms of control messages and requires the
sender to be capable of changing the data rate dynamically. This may not always be possible; for
nstance, consider a teleconference consisting of several participants where each mobile participant
is subject to dynamically changing bandwidth. In order to implement this approach, the data
[video or auwdio or bath) will have to be compressed at different ratios for each participant, and
this compression ratio may have 1o be changed dynamically as each participant roams. This is
clearly an unreasonable salution to the problem. The sscond approach requires the SH to discard
1-kb /% of data for each connection. The question is, how should this data be discarded? That i3,
should the I kb of discarded data be consecutive (or clustered) or uniformly spread out over the
data stream every | &! The way in which the data is discarded has an effect on the final pereeption
of the service by the mobile wser. If the service is audio, for example, 2 random uniform loss is
preferred o o clustered loss (where several consecutive words |:relnn] I the data is mnprmd

K PR R, & Py i, [, YT R, [Rp g

ik, [NE JeCIET 18 EVEDN MOIT SETFOLS UOLatss musi Juu.luu.i losses wall ul.l.u,.-“u;: :r.rr.uu.;ql EATEAM
1o bevome unreadable resulting in almost a 100% loas of video at the user,

A solution to this problem is proposed in Seal and Singh, 1995, where a new sublayer is added
to the transport layer called the Loss profile transport sublayer (LPTSL). This layer determines how
data is b be discarded based on special transport layer markers put by application calls at the sender
and based on negotiated loss fundctions that are part of the O35 negotiations berween the 5H and
service provider. Figure 6.7 illustrates the functioning of this layer at the service provider, the 5H.
and the MH. The original data stream is broken into logical segrmenis that are separated by markers
[or flags), When this stream arrives at the SH, the SH discards entire logical segments (in the case
of compressed video, one logical segment may represent one frame) depending on the bandwidth
available to the MH. The purpose of discarding entire bogical segments is that discarding a part of
such a scgment of data makes the rest of the data within that segment useless—so we might as well
discard the entire segment. Observe alva that the flags (1o identify bogical segmenis) are inserted by
the LPTSL via calls made by the application layer. Thus, the transport Layer or the LPTSL does not
need to know encoding details of the data stream. This scheme is currently being implemented at
the University of South Carolina by the author and his research group.
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FIGURE 287 LPTEL, an approach to handle dynamic bandwidth variations.

26.60 Conclusions

The need for wireless LANs is driving rapid development in this area. The [EEE has proposed
standards (802.11) for the physical layer and MAC layer protocols, A great deal of work, however,
remains to be done at the network and transport layers. There does not appear to be a consensiss
regarding subnet design for wireless LANs. Our work has indicated a need for treating wireless LAN
subnetworks as being fundamemally different from fixed networks, thus resulting in a different
subnetwork and transport layer designs, Current efforts are underway to validate these claims.

Defining Terms

Carrier-sense multiple access (CSMA):  Protocols such as those used over the ethernet.

Medium access control (MAC):  Protecols arbitrate channel acoess between all nodes on a wireless
LA,

Mobile host (MH) nodes:  The nodes of wireless LAMN.

Supervisor host (SH):  The node that takes care of How-control and other protoco] processing for
all connections,
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imagery, neither general purpose stochastic models of the source nor mathematical Hidelity criteria
that capture all of the known properties of source and receiver are known at this tme. Thus, optimal
sowrce coding for time-varying imagery does not currently rest on a firm theoretical basis. Rather,
we have available an arsenal of tools that work well and that address, at least qualitatively, the known
properties of the source and receiver.

The purpose of this chapter is to identify the properties of source and receiver that are expluited
by video source coding algorithms, and to describe the tools that are available for source coding,
The emphiasis is on those aspects that are specific to time=varying imagery, since a provious section
deals with still imagery. Thus, the use of motion information in the processing and compression of
Hme-varying imagery is a pivodal edemient for this contribution. An overview of video compression
standards is also given, followed by some perspectives for the future. An extensive treatment of
video coding can be found in Netravali and Haskell [1995].

102.2 Source Characteristics and Viewer Requirements

A number of factors determine the source characteristics and the level of redundancy that can be
exploited, These include the scanning format, the signal-to-noise rafio, the amount of detail, and
the characteristics of the motion. Note that the source signal to be coded may not necessarily be the
direct output of a video camera; it may be the result of some scan conversion or other preprocessing
operations.

The scanning format encompasses the picture size and the sampling structure. We assume that
the input to the source coder is fully digital, that is an ondered sequence of fixed length binary
codewards representing the image color at a discrete set of points W, This is denoted

wilx, v, 1), (e y9.0)eW, im=1,23 (102.1)

where oy, oz, iy represent coordinates in a suitable color space. These could be red-green-blue o
luminance-chrominance components. Clearly black and white images would be represented by a
single component. The sampling structure W is a regular armay of points such as a lattice, cropped
spatially to the image frame size. Picture size may range from small windows on a videsphone or
workstation, say, of size 64 by 64, to HDTV pictures of size 1920 by 1080 and beyond. Two wertical-
temporal scanming structures are widely used for video: progressive scanning and interlaced
scanning. These scanning structures are shown in vertical-temporal profile in Fig. 102.1. In analog
systems, where the capture, transmission, and display formats are the same, interlace is 2 method to
achibeve higher vertical resolution for a ghen vertical scan rate and system bandwidth, The vertical
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FIGURE 10  Prafile view of scanning siractunes: {a) progressive and [b)
interlace.
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TABLE102.1 Typical Scanning Formats Used for Diginal Video Communications
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scan rate of 50 or 60 Hz used in major worldwide systems is largely determined by the requirement
to minimize the visibility of flicker at the display. Altheugh interiace is a good technique in the
context of analog systems, it wsually keads to spatiotermporal alinsing in the presence of vertical
motion, which makes subsequent processing, and especially source coding, much more difficult.
{5t Dhsbois | 1992] for a discussion.) For this reason, there has been increasing focus on progressive
scanning in recent system proposals. A dewailed discussion of sampling structures and video signal
sampling is given in Dubais | 1983).

Although some standards allow considerable flexibility in the choice of picture format, a number
of specific formats are in common use or have been propesed. Table 102.1 shows the parameters of
some of these formats. The final coded bit rate is very directly related to the sousee sampling rate,
although not linearly.

The signal-to-noise ratia of the source has a significant impact on compression efficiency. In
general, noise has little redundancy and cannot be compressed very much: thus, it should be
removed prior to coding if possible. There is, of course, a tradecff between coding efficiency
and the introduction of anifacts due to noise reduction. Valid assumptions must be made, or
the processing may remove desired picture content such as snowstorms, fireworks, etc. Motion
compensated processing is required for the most effective noise reduction |Dubois, 1992]. How-
ever, good image and noise models are necessary. The principle is to filter out those deviations
from an sssumed image model (e.g.. that image intensity is constant along trajectories of mo-
tion) that match the characteristics of an assumed noise model (e.g., white noise with a specified
variance},

The characteristics of the motion in the scenc affect the amount of compression that is possihle,
Apparent motion in the image can be due to either camera mation (including zooming), object
motion, of both. In a videophone application, most apparent motion may be due to movement
of the person in front of the eamera. In a surveillance application, most of it may be due to the
scanning motion of the camera (except during an incident), whereas in a sports scene both camera
madion and scene motion may be significant. Motion may in general be low, as in a videophone
application, or very active, asin a sportsapplication; it may be highly structured (rigid-body motion)
or pseudorandom (rustling leaves). Knowledge of the motion characteristics can affect the coding
algorithem; if there is unrestricted motion, a worst-case assumption must be made,

Redundancy in a source is related to the concept of predictability (although they are not the
same). Given that a certain portion of the source signal has already been transmitted, the coder
may attempt to predict what comes next. If the prediction is at all reliable, it is better to transmit
information concerning the deviation from the prediction than the raw information. Predictability
implies a certain regularity in the data that can be captured in statistical models. In the spatial
dimension, if a certain pattern appears over a certain ares, one may assume that the pattern will
continue, and make the prediction on this basis. OFf course, at an object boundary, the prediction
will be wrong. However, if it is right most of the time, an overall coding gain can be achieved, In a
maving picture, the assumption is that if an object is moving with a certain velocity and acceleration,
it will continue to do so. Thus, if the velocity and acceleration are known, the coder can predict
what the next frame will look like, and anly transmit the error between this prediction and reality.
This is the essence of motion-compensated coding. Again, at a scene change, the prediction will

Samsung Exhibit 1022, Page 167 of 182
Samsung Electronics Co., Ltd. et al. v. One-E-Way, Inc.

IPR2025-01541



145% Soorce Compression

be completely wrong, and more information must be transmitted. However, on average there will
be a substaptial compression.  Temporal change is not due salely to motion. The ilumination
may change, and the luminance of scene points may change as the angles between object surface,
illumination source, and camera change. I we can model these effects as well, we can make better
predictions and thereby improve coding performance.

Inaddition to the structural or statistical redundancy in the source, thereis perceptual redundancy
(also called irrelevancy). Specifically, information that cannot be perceived by the viewer need not
be transmitted. The main phenomena related 1o this are spatial and 1emporal masking. Sparial
masking {discussed in the chapter on still image coding) is the effect whereby certain types of
distartion are less visible in the vicinity of high-contrast image detail than in flag low-contrast areas,
Temporal masking is the effect where distortions are less visible in areas of the image that are newly
exposed or contain fast motion. Animportant case here is the scene change. The viewer can tolerate
a significant reduction in resolution just after a scene change. This is fortuitous, because this is
exactly where the temporal motion-compensated prediction breaks down.

The goal of an efficient source coder is to maximize quality (or minimize distortion] subject to
a number of constraints. In most applications of video compression, the quality or distortion are
subfective measures determined by the visual properties of the viewer, However, if further signal
processing o manipulation of the image sequence is w be performed, 2 more siringent objective
criterion may be more appropriate, since impairments invisible to 2 viewer could have a negative
effect on a signal processing operation such as chroma key. If subjective quality is the main concern,
it would be very desirable to have a mathematical function that measures the subjective distortion.
This distortion function could then be minimized during the optimization of the coding algorithm.
Unfortunately, such a general purpose and widely accepted perceptual distortion measure is not
available. Thus, properties of the human visual system are usually exploited based on qualitative or
empirical considerations that are obtained under restricted conditions. However, this approach may
still be quiite effective [ Schreiber, 1993; Jayant, Johnson, and Safranck, 1993]. The coding algorithm
can then be evaluated using formal subjective testing under controlled conditions | Allnute, 19683].

Other requirements may affect the type of coding algorithm that can be used. These include
delay, random access, playback control, and scalability, Both the coding algorithm and the trans-
mission channel introduce delay. Depending on the application, there may be tight bounds on
thiz delay, especially in interactive applications. The most strimgent application 13 in fce-to-face
communication, where s maximum end-to-end delay of about 200 ms can be toberated. If the delay
is longer than this, spontaneous interaction becomes difficult. In a database access application,
somewhat longer delays of up to a few seconds may be acceptable, Fimally, in an application such as
video on demand, the delay constraint may be of no practical consequence, that is, any reasonable
encoding system would meet the delay constraint.

Random access and playback control are requirements that may exist in services such as database
access and video on demand, Some coding schemes are recursive in nature, and require that the
sequence be decoded continuously from the beginning in order to view a particular frame. This
may be acceptable in an application such as video conferencing, but it precludes random access and
channel switching. Thus, the encoding algorithm must have finite memory in some sense o allow
such a random access feature. The playback controls inchede fast-forward, reverse, and Fast-reverse
pluyback as well as pause functions. Again, general coding algorithms may not permit such features,
and they must be incorporated as constraints if they are desired.

The coding algorithm must account for the properties of the channel or storage medium. The
channel may allow anly constant bit rate (CER) operation, or it may permit variable bit rate (VBR}
operation. In the former case, the coder must be designed to produce a fixed number of bits
over a specified unit of time. In the latter case, the bit rate may vary over time, although some
constraints negotiated at setup time must be respected (e.g., ratio of peak to average bit rate).
Another requirement of a coding algorithm is acceptable performance in the presence of typical
channel impairments. These channel impairments may vary considerably for different types of
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channels. For example, a dedicated digital link may have random errors with a very low probabiliny
of occurrence, whereas a wireless link may have bursty errors with a high probability of occurrence.
Also, depending on the transport mechanism, the errors may occur in isolated bits, or they may
involve an entire packet, consisting of a large number of bits. In general, when the coding efficiency
for redundancy reduction is higher, the coded data is mone vulnersble to transmission esrors, Thus,
everall systemn performance must be evalusted with the channel impairments taken into acoount in
order to be realistic, [f possible, joint source/channel coding should be considered.

In some situations, thesame video signal must be delivered to a variety of receivers having different
capabilities. Some examples include the broadcast of entertainment television to a population of
receivers ranging from small tabletop units to large high-definition displays. Similarly, a database
containing video data might be accessed by terminals ranging from relatively inexpensive home
compaters to powerful workstations, perhaps with three-dimensional display. The capability to
transmit only that portion of the data required by the terminal. ar (o extract a subsct of the data, is
known as scalability. The most straightforward approach to this is simulcasting or multiple storage
of the coded data for exch type of receiver. This is complex and wastefol of storage or transmission
capacity. Thus a more efficient approach is the concept of embedded coding, whereby o subset of
the enceded data can be used to decode 2 lower version of the sequence suitable for display on the
lower capability display.

Most of the preceding requirements can reduce the coding cfficiency achievable, as compared 10
an unconstrained situation. ln each case, the system designer must decide whether the benefits of
the feature justify the additional complexity or performance loss.

02.3 Coding Algorithms

The goal of a source coding algorithm is usually 1o provide the best image quality for a given channel
or data rate, subject 1o constraints on complexity, delay, or other requirements as discussed. In some
circumatances, a certain quality may be prescribed, and o coding algorithm is sought that provides
this quakity at the lowest possible rate [again, subject 1o constraints). In time-varying imagery,
most incremental information over time is carried by the motion eocurring in the scene, Thiss, the
most highly efficient coding algorithms are based on motion estimation and compensation. This
is the main feature distinguishing video coding from il image coding, and it represents the focus
of this section. An image sequence is usually encoded by both intraframe coding techniques and
interframe coding techniques. The intraframe coding algorithms are very similar to the still picture
coding algorithms of the previous section. They are used for several reasons, including: 1o permit
random access into the sequence, to allow fast forward and reverse playback, to provide robustness
to channel errors, and as faltback when temporal coding fails (for example, #t a scene change).

Motion Compensation

The three-dimensional mation of objects in a scene induces two-dimensional motion in the image
plane. The relationship between them depends on the perspective tranaformation of the camera,
and may be complex. The image of 2 given wene paint traces oul over time a trajectory in the
space-time coordinates of the time-varying image (Fig. 102.2). The basic principle of motion-
compensated coding is that the redundancy is very high along this trajectory. This is exploited
using the coder structure of Fig. 102.3. The input signal is applied to a motion estimation module
that determines a motion fiekd. This motion ficld establishes the correspondences berween image
samphes lying on the same trajectory tn successive image pictures. Although the motion ficld specifies
estimated displacements for each pixel in the image sequence, it may be specified parametrically
over regions, as will be described subsequently. The motion field is then encoded with a lossless
cade for transmizsion 1@ the receiver at rate My. Any quantization of the motion feld is assumed
to take place within the motion estimation module. The motion field & also supplied to the
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103.1 Introduction

1462

In 1587, the FOC chartered an advisory commites 1o recommend an advanced television syitem
for the U.5. Many proposals were submitted and subsequently withdrawn from consideration ar re-
pected by the Advisory Committee on Advanced Television Service (ACATS). From 1990 to 1992, the
Advanced Television Test Center (ATTC) tested four all-digita® === ~== ~=-t~s Lk dofiniiian
television {HDTV) system, and one anabog MNational Televisi
hancement system. The formation of the Grand Aliance {GA)
of the only analog HDTV system from the competition and a
digital systems. The membersofthe GA are ATET, General Instrument Corporation, Massachusetts
Institute of Technology (MIT), Philips Electronics Morth America Corporation, David sarnoff
Research Center, Thomson Consumer Electronics, and Zenith Electronics Corporation
Digicipher™ |G, 1991] and channel compatible Digiciphes™ (CCDC) [MIT, 1992] HDTV
systems were developed by a consortium between the MIT and General Instrument (GI) 1B
digital spectrum compatible (DSC) HITV system was developed by Zenith and AT&T; and the 28-
vanced digital television (AD-HOTY) [ATRE, 1992] HDTV system was d.ﬂ'v:tnpﬂl by n copsortiuem
with Philips, Thomson, Sarnaff, NI, and Compression Labs Inc. (CLT), The viden coder in the
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Samsung Exhibit 1022, Page 170 of 182
Samsung Electronics Co., Ltd. et al. v. One-E-Way, Inc.
IPR2025-01541



The High-Definition Television Grand Alliance System 1463

AD-HDTV system was based on the Moving Pictures Expert Groap-1 (MPEG-1) (150, 1991 Le
Gall, 1991] standard. The GA spstem [ATSC, 1995] is based on the MPEG-2 [150/1EC, 19944,
1994b] standard and also contains features from all of the original systems. These features are
described with particular emphasis on the video coding system.

103.2 System Requirements for Terrestrial Broadcast
in the U.S.

The Federal Communications Commission {FCC) has declared that 6-MHz terrestrial broadcast
channels will be allecated for HDTV | Secvice, 1993], Most of these channels are NTSC 1aboo
channels which coniain interference from distant NTSC transmitters in the same band or adjs-
cent channel interference from nearby transmitters. The FCC has requined that the selected HDTV
system provide acceptable viewer coverage without causing excessive interference with frequency-
collocated or adjacent WTSC channels.

The sclected HDTV system should provide greatly improved picture quality compared 10 NTSC.
The spatial resalution should be at least twice that of NTSC harizontally (H) and vertically (V)
without exhibiting Interlace artifacts, and the HDTV system standard must avoid the chromi-
nance artifacts and poor chrominance fidelity associated with NTSC. In sddition, the audio must
be delivered digitally using multichannel compression. Finally, HDTV will have a 16 % 9 aspect ratio
for compatibility with film (compared to 4 x 3 for NTSC) . These bandwidth and picture quality re-
quirements demand the use of video compression techniques with the highest possible performance.

Receiver complexity should be minimized to ensure that manufacturers can eventually provide
consumers with receivers at a cost that will not inhibat the proliferation of HDTV, This constraint
implies that video coding and transmission techniques that place most of the complexity in the
encoder rather than the decoder are preferred.

103.3 Grand Alliance System Overview

The GA system containg algorithms and components from each of the original digital systems.
For example, pereeptual modeling, bidirectional motion compensation, hierarchical mation esti-
mation, and adaplive preprocessing, shown in Fig. 1031, were used in one or more ar the first
systems. In addition, the Dalby AC-3 [ATSC, 1995] avdio compression system was adopted by the
GA and was previously used by General Instrument and Zenith/AT&T. The transmission system
uses vestigial sideband modulation (V5B) with trellis coding and Reed-Solomon coding for error
detection/correction. Tesling of the prototype system is complete and the ACATS has issued its
recommendation in favor of the Grand Alliance proposal. A U3, HDTV sandard is anticipated
sometime in 1996,

Ome of the biggest challenges before the GA is to provide high picture quality given the bir rate
constraints of berrestrial broadeasting in a 6-MHz channel, The presence of significant lowels of
nodse and NTSC interlerence, and FOC service requirements limits the bt rate to abowur 20 Mb/s
Two of the key features of the GA system that help meet this challenge are the adaptive use of
multiple formats {adaptive preprocessing and format conversion) and the use of forward analysis.
The GA supports the transmission and display of 1280 H » 720V [SMPTE , 19953, 1995b] active
pixels at 60, 30, and 24 progressive frames/'s 1920 H = 1080V [SMPTE , 1995, 1995h] at 30 and
24 progressive [ramses/s, and 1920 H x 1080V a1 30 interlnced frames/s. Except for the interkaced
farmat, all high definition formats have square pixels and progressive scan for interoperability with
computer display systems and graphics generation systems, In addition, a degree of comparibility
with NTSC is retatned with support of 59.94, 29.97, and 23,98 frames/s. A minor consequence of
MPEG-2 compatibility is that the encoder and decoder must code 1088 lines while the receiver only
displays 1080 lines. This avaids subdivision of 16 x 16 macroblocks with an insignificant impact
on picture quality since the extra 8 lines are nornrally blank,
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Maore recently, the GA has incleded a complete zet of slandard definition formats which are
compatible with VGA computer displays and digital video standards. These formats are included
in Table 1031,

One consequence of incorporating multiple format capability is the need for 2 scanning formak
transcodrversion subsystem before encoding and after decoding. The ability to decouple the trans-
missian or ooding format from the source formal can result in higher decoded picture quality, For
example, if interlaced (Int}) video is presented to the system, then the user has the option of deinter-
Lacing followed by transconversion to ane of the progressive (Prog) formats (typically, 1280 =< 720
at &0 frames/s), In addition, the output of the decoder must be converted 1o drive a given display
format

103.4 HDTV System Descriptions

Scanning Formats

Paychovisual research [MNetravall, 1988 | also indicares that boss of spatial resaluthsn in moving areas
ofa pictune is beis vinble than instationary areas, Interlaced scanning is an atiempt 1o take advantage
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of this for compression by spatiotemporal subsampling. Interlaced scanning was attractive for early
TV systems (NTSC, PAL, and SECAM) because higher static spatial resolution could be achieved
for still picture areas, given the bandwidth limitations of early cameras and dizplays. However,
spatial and temporal abasing will cause annoying artifacts for certain types of vertical detail (e.g.,
computer generated images, venetian hlinds, and text). In this case, the effective vertical resolution
must be greatly bowered by filtering to minimire the appearance of aliasing artifacts. In addition,
mion com pensatid oom pression efficiency uding mterldced scenes is mwch lower than that for the
equivalent progressive scene, Two of the previously proposed HDTV systems (DSC and OCDC) use
progressive scanning with 720 active lines per frame (| /59.94 &), The other two systems (AD-HDTV
and Digicipher ™) use interlaced scanning with 450 lines per field (1,/55.94 5) or 960 lines per frame
(172997 s}

The choice of video scanning format for an advanced television { ATV ) system depends on several
competing factors. These factors are not onby the subject of technical debate but economic and
potitical debate as well. The GA approach 1o this issue is to support a reasonable variety of source,
transmission, and display formats without adding excessive cost to the decoder, The FCC HDTV
standard will primarily specify the transmission formats, whereas the choice of source and display
formats will be maore subject to forces within the production equipment and display equipment
markets respectively.

All of the progressive GA formats have square pixels, One interlaced transmission format is
supported mainly because of concerns about the near-term availability of progressive scan HDTV
cameras. However, the GA hasagreed towork toward the elimination of interlace in the transmission
path in the future.

The progressive formats allow a trade between spatial and temporal resolution, and also between
resolution and coding artifacts. In the cave of 24- or M-Hz flm, the spatial rezalution can be
1280 x 720 or 1920 x 1080 depending on the scene complexity. If the scene complexity is very high,
then o choice of 1280 x 720 will reduce coding artifucts.

The display format is independent of the transmission formats since the display is not expected
tor switch between formats instantancousdy or a1 all, A GA compliant decoder will provide frame
buffering for all formats, and transconversion will be used to derive the display format. If interlace
continues to be used for transmission (as opposed to source video storage or capture), then a
deinterlacer must be provided in every receiver with o progressive display.

Motion Compensation

Temporal redundancy is removed by moton estimation and motion compensation | Netravali,
1588]. Motion wectors are computed between frames in the encoder and transmitted 1o the de-
eoder. The GA system docs not perform motion compensation on all frames. The [-frames are
eoded in golation without any temporal prediction. The P-frames are coded using forward mo-
tion compensation starting with the last I-frame, The B-frames are coded vsing the surrounding
I- and/or P-frames to perform forward and backward motion compensation. In addition, a given
block in a P- or B-frame may be coded with or without motion compensation. One sequence of 1-,
B-, and P-frames is knows in MPEG-1 and 2 &5 a group of pletures (GOP).

Motion Estimation

The motion estimator operates only on the luminance images and computes motion vectors using
block matching. A motion vector is the spatial displacement betwecn a block of pixels in the current
frame and the mast similar block in the previous frame (except for B-frames). The similarity
or distance measure is the mean of the absolute value of the differences between cocresponding
pixels in the two blocks, Chher distance measures {eg., mean square error) may provide improved
performance bur are much more costly 1o implement than the mean absolute error.
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FIGURE 103.2 ¥ideo encoder loop.

The number of block matches (and therefore the motion estimator complexity) is proportional
to the search area. The GA systemn uses hierarchical motion estimation to redece implementation
complexity. Asshown in Fig. 103.2, the coarse motion vectors, which were computed on the original
frames, are ueed as & reference for the fine and final motion vectars, The reconsiructed frame is
searched for a best match in the fine motion estimator but for greater hardware economy the search
area js much smaller than the coarse stage. In the GA system a total search range of £64 H and
£32 V iz provided by the two stages for B-frames and =128 H for P-frames, This exceeds the mation
estimator range of the predecessor systems.

Predictive Motion Compensation Loop

In the motion compensated prediction leop shown in Figs. 103.1 and 103.2, the motion vectors are
apphied to the reconstructed frame buffer, which contains a prediction of the decoded picture. The
motion compensaled predicted (rame or displaced frame is subtracted from the original frame to
produce the displaced frame difference (DFDY, The DFD will be near zevo intensity for areas with
predictable motion, and nonzero where detail was uncovered or motion was not just a translation
in the image plane.

The DFD is the signal which results from the removal of temporal redundancy. An8 x 8 discrete
cosine transform (DCT) is applied to the DFD in preparation for removal of spatial redundancy by
coefficient quantization. A reconstructed form of the DFD is then produced by inverse quantization
and inverse DET. The reconstructed or predicted DFD is added o the motion compensated frame
o produce the next reconstructed frame, which completes the coding cycle. Coding artifacis
contained in the reconstructed frame from the corrent and previous loop cycles can be then be
carrected in the DFD coding process.
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Decoder Loop

The decoder loop is shown in Fig. 1033, After deformatting the coded video bit stream, inverse
quantization of DCT coefficients and inverse DCT, the reconstructed DED enters the decoding loop.
The decoded motion vectors are applied 1o the reconstructed frame, resulting in the reconstructed
disptaced frame. The reconstructed DFD is then added 1o the reconstructed displaced frame to
preduce the reconstructed frime.

A GA-compliant decoder must be able 1o decode bit streams which switch between GA scanning
farmats, The resulting video must be displayed without loss of picture at the transitions.

Refreshing

The video encoding process exploits temporal redundancy by temporal or inter-frame prediction,
This prediction takes the form of motion vectors and an error signal resulting from applying the
motion vectors. However, a pure motion compensated prediction foop is not practical without
some form of prediction imperfection (i, forced imtraframe coding). If a sequence of input
images were perfectly predictable, the decoder would not receive any error signal and therefore
could not reconstrict the picture after initialization. Decoder initialization is required after the
channel is changed, or the ggnal s lost 2nd then recovered,

Consider the coding of a still image. The motion vectors and the perfect DFD for a coded still will
be zern. The reconstructed DFD in the decoder will also be zero. If the decoder were started with 4
sequence of zero DFD frames, then a blank or xero reconstructed frame would resuls. If the viewer
changed to a channel transmitting a coded stll, the still would therefore never appear. One way
b2 prevent this occurrence is for a portion of the original picture to be mixed with the DFD in the
encoder to allow the decoder 1o synchronize to the encoder afier decoder initialization. This also
improves recovery from channel impairments, The speed of recovery from channel changes and
channel impairments is directly proportional 1o the amount of ariginal in the mix. Both intraframe
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coded blocks (T-blocks) and frames ([-frames) are used 1o provide a mixture of predicted and
original video in the transmitted bit stream. The use of 1-blocks in a regular pattern that covers the
entire image over multiple frames is known as progressive refreshing.

The space between [-frames and the number of consecutive B-frames is variable in the MPEG
and the GA systems. Intraframe coding can be done using either I-frames or periodic [-blocks.
Since intraframe coding produces a much higher bit rate than interframe coding. I-block refreshing
provides easier control of the buffer fullness. However, if ane desires to insert a commercial or other

compressed video directly into a compressed program, |-frames provide clean insertion points,

Adaptive Selection and Quantization of Coefficients

Sufficient compression cannot be achieved unless a large fraction of the DCT coefficients are dropped
and therefore not selected for quantization and rransmission, The coelficients that are not selected
are assumned 1o have zero value in the decoder. Several different schemes are used in the digital
HDTY systems 1o code the coefficient selection information.

The GA system encodes the selections and runs of zeroes following a xigrag pattern through
the array of frequency-ordered coefficients. The DC coefficients arc coded differentially 1o ke
advantage of high-spatial correlation. The GA system uses one uniform quantizer for coefficient
quantization. This method of coding the coefficient selection information and DC coefficients ks
used in MPEG-1 and 2.

Forward Analyzer

The forward analyzer manages the compressed video buffer and the distribution of quantization
error in each coded picture. This is accomplished by monitoring the fullness of the buffer and
contralling the compressed video data rate by adapting the amount of quantization error in & visibly
uniform manner. The shility of the forward analyzer to anticipate changes in scene complexity is
enhanced by the use of the coarse motion vectors which are computed before the picture reaches
the encoding loop.

The cocfficient quantization process reduces the number of levels used to represent a particular
coefficient. This process is controlled by the forward analyzer, which inputs the fullness of the
compressed video buffer. coarse motion vectors, and the original pictures, as shown in Fig. 103,1.
The coarse motion vectors are wed to form an ideal DFD, which provides a prediction of scene
complexity ahead of the encoder loop. This prediction reduces the chance af buffer overflow or
wisible distortion by sudden increases in coarse quantization.

Variable Length Coding

The data representing information such as motion vectors, quantizer selection patterns, and trans-
form coefficients are seldom statistically uniform. Usually, the data are statistically clustered, and
the probability distributions can be estimated from analysis of real scenes. The use of variable length
codes (VLCs) [Hoffman, 1952] takes advantage of this statistical nonuniformity by assigning short
codewards to the most frequent values, and assigning longer words to less frequent values. The
GA system also provides separate VILC tables for inter- and intracoded coefficients and intra-DC
coefficients as specified in the MPEG-2 standard,

The VLC decoder detects a unique start code, which indicates the beginning of a series of VLCs.
The 8 » 8 blocks of pixels are grouped into 16 % 16 macroblocks. Hortrontal runs of macroblocks are
grouped into slices where each slice starts with a start code, Short slices reduce error propagation but
generate more coding overhead. The GA constratns slices to start at the beginning of a macrobleck
row,
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Buffer Control

Motion compensation, adaptive quantization, and variable length coding produce highly variable
amounts of compressed video data as a function of time. For example, the compressed bit rate after
a scene change can be several rimes greater than the bit rate in the channel. Therefore, compressed
video data buffering in the encoder and decoder is required for efficient channel utilization.

Buffer size i constrained by the maximum tolerable delay through the syslem and by cost. The
fullness of the buffer is controlled by adjusting the amount of distortion or quantization error in
each image. In the encoder, the buffer will fill more quickly if the distortion is low. A feedback
control system is required to regulate the distortion level, which contrels the buffer fullness 1o
prevent overflow. The design of this control system is complicated by the following:

* Delay between a change in the distorion level and the subsequent change in buffer follness
* Perceptual constraints om the instantancous and average distortion levels
» Difficulties in modeling the bit rate as a function of distortion level

The visibility of distortion due to an incréase in scene complexity is minimized by smoothly
increasing the distortion level, This is facilitated by accurately modeting the rate va distortion level,
because an accurate model allows the desired buffer fullness to be achieved for each frame. MPEG-2
specifies a standard rate control model which is parameterized. The parameter bit rate value must
not exceed 48,500 for tevrestrial broadcast and 97,000 for cable service. The maximum allowable
bit rate for a GA decoder must be less than 80 Mb/s. The channel buffer size equals 8 Mb and the
buffer size value (vbv) musi Aot excesd 488,

Compressed Video Formats

Thecompressed video data must be organized into a format that can be reliably transmitted through
an imperfect channel and can aliow the decoder 1o recover quickly from the loss of data in the
channel. In addition, storage and manipulation of the compressed video and transmission over
alrernate medin (eg., packet networks ) motivates the inclusion of block-, frame-, and program-type
diescriplors in the fofmat.

Robust transmission is primarily achieved by dividing the compressed video bit stream inpo fised
length blocks and applying error correction processing 1o each black. Error correction overhead
or parity bits are added 10 cach block before transmission. The recetver is then able to determine
if a given block was corrupted in transmission. If a block was corrupted, error concealment is
performed in the decoder to minimize the visual impact of the error.

The amount of picture that is degraded by the lass of a block of compressed video data depends
on the format of the compressed video bit stream. Since maost of the diata consists of concatenated
wariable bength codewords, VLC restart pointers must occur at regular intervals in the bit stream,
More frequent placement of these pointers will reduce the amount of picture degradation but will

alsn consume maore of ile bt rate.

GA System Layer

The GA transport is compatible with the MPEG-2 systems layer [I50, 1994a, 1994b). As shown
in Fig. 103.4, the GA system wses a 188-byte transport packet, which is transmitted 1o the decoder
affter trellis coding and Reed-Solomon coding using 8-level vestigial sideband modulation (VSB)
[Feher, 1987]. The link header provides simple packet synchronization and identifcation. A bit
also indicates the presence of an adapation header, which provides clock synchronization, and
is also used for video, audio, and data presentation. The choice of a 188-byte packet length & o
compromise between the desire 10 minimize header overhead with bonger packets and the need
for frequent headers for quick error recovery, Conveniently, each GA transport packet fits into 4
asynchronous transfer mode (ATM) cells with or without the link header.
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- 108 bytes -

FIGURE 1034 Grand Allence transport packet,

Each transport packet header contains a packet identifier (PID) which indicates that audio, video,
data, or program map table (PMT) is contained in the packet. The PMT contains the definition of
the programs and must be updated at least every 400 ms. The program numbers are associated with
the corresponding PMT PIDs via the program association table {PAT). The Advanced Television
Systemn Committee (ATSC) has specified additional constraints not detailed here.

GA Transmission System

As required by the FCC, a key feature of the GA - O
system is its ability to reliably deliver ~20 Mb/'s Teaid wync

through the terrestrial TV broadeasting envi- 1 I
rodiment using one 6-MHz channel, The FCC P

recommends that esch TV broadeaiter be pro- SO Duia = FEC 2.3 ma
vided with an HDTV channel with equivalent { 1

service arca, und that the current TV service is o ar——

not significantly impacted by the HDTVY ser- E _

vice. These requirements are met by a com- ETE]

bination of eight-level digital amplitude mod- [ ™™ D + FEC b
ulation {3 b/samplel, Reed—-Solomon forward l J
error correction (-5 FEC) with 20 R-5 par-

ity bytes, a pilot tone, 1/16 ficld interleaving . T

for burst immunity, 2/3 rate trellis coding, an T i

MTSC rejection Alter, and adaptive channel
equalization, The suppressed carrier vestigial
sideband amplitude modulation of the 8-level
samples or symbols (8 VSB) is optimal for the noise- and imerference-laden terrestrial broadcast
environment, and the V5B signal appears as bow-level random noise when interfering with NTSC.
The 8 V5B is necessarily coupled with trellis coding for robust transmission. The & VSB alone
provides 313 Mb/'s (10.8 megasymbaols/s) and the addition of trellis coding drops the payload to
21.5Mb/s. RS-FEC further reduces the payload to 19.3 Mb/s. Figure 103.5 shows a V5B data frame.
The GA also provides an optimal solution for cable TV with 16 VSB. Since trellis coding and its
associated bit rate overhead are not needed foe cable TV, the GA system can deliver 43 Mb /s over one
6-MHz cable channel. At the present time, the GA system does not support the type of switching
between modulation modes (4, 8, or 16 V5B) required 1o avoid the cliff effect. The ACATS did not
strongly support this feature after the first round of tests

The small pilot tone and NTSC rejection filter specifically target interference from adjacent and
frequency colocated NTSC channels. The pilot tone slightly increases the ratio of peak power 10
average power of the broadcast signal, which slightly increases visibility of the HDTV signal in some
NTSC receptions. Its position in the band avoids NT5C carrier peaks primarily from syne signals.
NTSC rejection filtering is automatically switched in when needed and slightly reduces the noise
immunity of the HDTV reception. Additional synchronization symbaols are embedded periodically
in the modulated signal, which are not interleaved, RS, or trellis coded.

The performance of the GA-transmission systemn was tested by ACATS in terms of relative see-
vice area compared to the companion NTSC transmitter. The results of laboratory tests using
terrestrial RF transmission simulators were input to a computer program which optimized the

FIGURE 103.5 %if data frame.
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power, frequency assignment, and location of each GA iransmitter. The program output both
service arexs and viewer populations. The number of stations with less HDTV service area than
MTSC it estimated o be about 107 out of 1657, end 187 of the HDTV stations would have at least
2ir¥h miore service anea than WTSC. '

Scanning Format Applications

The GA supports 2 range of scanfing formats for coding and transmisston. A given encader inpat
format does not necessarily indicate the use of that scanning format for encoskng and transmission.
Table 103.2 shows the advantages of each GA transmission format and indicates howa given encoder
input format affects the choice of transmission format. Table 103.3 shows the relationship between
transmission formats and display formats.

TARBLE 103.2 .ﬂ.pplitllim al Encoder InElu.l Format /Transmisbon Format Combdnatians
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HDTYV Interoperability with Computers

Personal computers (PCs} today are commonly equipped with high-resolution progressive scan
color monitors, Since the most costly part of an HD'TV receiver is the display, the early consumers of
HDTV may well be multimedia PC owners with HD video decoder cards. For example, the 1280 H
w20V GA format fits neatly into the widely used 1280H = 1024V display with Spare screen
space for additional windows. High-resolution video on a PC is especially suited for interactive
entertainment, which typically requires readable text, and the variety of input devices found on
todays PCs. Of course, HDTV on a PC is also ideally suited for education, training, industrial
imaging, video and film production, especially when postproduction processing is used. When
widescreen HDTV displays become consumer products, those with progressive scanning will also
be usable as computer displays.

The compressed HDTV bit stream could be received from terrestrial or sateflite broadcast, via
<oaxial cable (cable TV), or high speed computer network. The bit rate for 24-frame/s film is casily
limited to 10 Mby/'s (for the 1280 H = 720 V format) for movie services over a local area netwark.
Local storage of compressed HDTV is out of range of current computer disc-read-only memory
(CD-ROM) drives but reliable storage and playback using consumer grade video tape technology
has been demonstrated.

Migration to 1080 Progressive with 60 Frames Per Second

Enthusiasm has emerged to achieve compression of 1920 x 1080 at 60 frames /s within the 6-MHz
terrestrial broadcast channel. This may not be possible for all scenes but may be achievable some
of the time. In fact, the deinterlacing process produces an intermediate format of 1920 » 1080 at
60 frames/'s which could be used as an input to an augmentation scheme, as thown in Fig. 103.5,
A 30 frame /s subset would be coded in the standard way while the remaining frames would be
predicted by an interpolator. The difference between the predicted interpolation and the actual
frame would be coded and sent to the decoder. Appropriately computed motion vectors could
be used for both motion compensation and interpolation. A similar scheme would start with 24-
or 3-frame/fs flm and genevate interpolated frames. This scheme would have the advantage of

Stangiard
Decoded
R T

Y Py v

Frame
Interpalator

N e 3
]

e s BI04 T
AuEmmhlmrl s s T Amirn Py e

K
Pr &gy
Orspiay ]

FIGLURE 1086 Pussible migration soenario from interlaced sousce ta 108D progressive display

Samsung Exhibit 1022, Page 180 of 182

Samsung Electronics Co., Ltd. et al. v. One-E-Way, Inc.
IPR2025-01541



The High-Definition Television Grand Alliance System 1473

providing improved temporal performance for existing film material when properly applied. A
variety of migration schemes are currently under study for selection by the GA_

Compressed Video Storage and Manipulation

Technigues for cfficient storage and manipulation of the compressed video (and audio) data will
be necessary to provide consumers with video cassette recorder (VCR) capabilities such as speed
search and freeze frame. Since all of the decoders considered here contain reconstructed frame
storage, frecze frame is simply provided. Speed search can also be provided by all of these systems
' with varying degrees of efficiency and picture quality. This function is provided by subsampling the
blocks of compressed video data from tapes that are moving at higher than normal speed across the
head. The block descriptors are then wsed to partially reconstruct the video and the picture cpuality
s directly proportional 1o the number of intraframe coded blocks in the compressed video bit
stream. The ability to decode randomly selected portions of compressed video data also facilitates
multimedia compauting applications, where multiple received and stored video data streams could
be manipulated quickly within a window system.

- 103.6 Conclusions

The GA provides a video compression solution for HDTV which is flexible enough to meet the
needs of @ wide variety of industries. A rational set of formats with simple conversions between
them is provided to accommodate broadcasting, the computer/multimedia industry, computer
graphics, industrial imaging, and the national information infrastructure. For example, 1280
720 i a convenient subset of 1 1280 % 1024 graphics monitor, and the lower frame rate of flm
allows the compression of 1920 x 1080 for entertainment applications. The use of MPEG-2 symiax
provides interoperability with other standards, provides flexible data services at the transport level,
and facilitates industry compliance, acceptance, and cost effectiveness for the consumer. Since
every GA decoder will accept the variety of GA formats, the future migration of the system to higher
quality with evolving encoding methods s ensured.

Defining Terms

Chrominance: Color difference signals formed by weighted sums and differences of red, green,
and blue channels,

Codingartifacts:  Mostly block boundaries that come and go in detailed or noisy areas of the
coded pictre,

Discrete cosine transform (DCT): Converts & « 8 block of pixels into § = 8 block of frequency
coefficients, which indicate energy in combined horizontal and vertical frequendcy specirum.,

Interlace artifacts:  Primarily 30-Hz flicker from displsy of high vertical detail on an intertaced
inonilon.

Quantization: Mapping a set of intensity valucs 1o a smaller set of intensity values resulting in
some loss of intensity information and possible coding artifacts.

Taboo channels: The 6-MHz channels, which are unused because of excessive interference from
other NTSC channels,

Terrestrial broadcast:  Televisson mansmission from a ground station to homes.
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Further Information

An excellent review of picture processing is found in Netravali [ 1988]. The ATSC Digital Television
Standard (see references) is a well written and concise description of the proposed FCC HDTV
standard. For a description of the ATTC test results sce the Final Technical Report, FCC ACATS,
October 31, 1995, A guide for using the Grand Alliance system can be found in the Guide to the use
o the ATSC Drigital Television Sdandard, Doc, A /54, October 4, 1995, A desc ription of the Dalby
ALC-3 audio compression system is found in Digital Audio Compression Standard (AC-3), Doc.
AJSSZ May 24,1955,
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