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CHAPTER I 
Introduction and Motivation 

In this chapter: 

• Ovcrvic,, of rhis book 

• Basic discussion of rhc outside plant 

• Moth·,uion for higher bit rates 

• Introduction to DSL cechnologks 

Tim book discusses nerworh capable of ddil'cring high-speed dara ro all end users. 
Specifically, the book di;.:usscs ha,ing widespread users connected ro the network using 
traditional telephone lines ,, itl, access races in excess of 1 ,\lhps. Digital Subscriber Line 
( DSLJ cedrnologics, a family of relati,·ely ne" and exciting high-speed access tcchnologic; 
using ordinary telephone lines, arc e;ptcially well suitcd for the access portion or "on 
ramp" of such a nct11·ork. 

The principks of two specific DSL technologic~, Asy111111ctrir Digitn.l S11bsc1·ibcr Linc 
(ADSL) n:chnology and Ve1·.Y High Speed Digital Subscriber Line (\1)SL) technology, arc 
the primarr focus of chis book, along 1dth ncm·orks to which they allo" access. ADSL pro-
1·idcs an end user wich data rares up lo 8 i\ibps in one direction and up ro 800 Kbps in the 
ocher. VDSL provides c,·cn higher spceds as well as ,1symmecric or symmetric operation. 
This book presents in-depth dhcussions of A.DSl. and VDSL a> \\'CII a, how nct1vorks arc 
designed to use them. Background discussion and theory ,ire gi,cn for the issues faced bv 
DSL technologies and the.: fundamenral pcrfonnancc limits thar can be achiel'ed. ,\,lose of 
the d1srnssions in this book arc cxplamcd in terms suitable for both technical and nonrccl,­
nical readers. In addition, detailed theory and cxtrnsh·e equations are prol'ided for those 
who ll'ant to di,·c more deep!)' into the subject matter. 
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The book is logically tfoidcd into three main sccnons. The first section deals \\'ith the back­
ground necessary to understand tlu: ..:hallengcs and limits of DSL technologies. This sec­
tion includes Chapn:r I through Chapter 5. Chaptt:r 1 pro"ides a bJsic introduction and 
motivation explaining why DSL technologies arc important to widespread nerwork ac..:ess. 
Chapter 2 discusses physical and elt:cuical characteristics of rwisretf pnirs ( cclcphonc wires), 
including elccrrical and physical properties, and it discusses the basics of c1·osstalk. Chapter 
3 continues this discussion by presenting rools used co analyze any rype of C\,isted p.ur. 
Chapter 4 focuses on several different types of DSL technologies and the Pnwff Spcctrnl 
Dc11sirie.r (PSDs) used by each. From this, the crosstalk results of Clupter 2 are expanded 
to show mathematical models of how different technologies interact "ith one anocher. 
Chapter 5 takes this one step farther by combining these eftects with the toob from 
Chapter 3 to predict the theoretical limits of pcrfonmnce of ADSL and \ 'DSL. 

The second part of the book deals with ADS L and consists of Chapter 6 through Chapter 
8. Chapter 6 discusses, in general terms, the ditkrcnr block~ often present in DSL trans­
mitters and recciYcrs; the material in Chapter 6 is applicable to ADSL and \'DSL as well as 
many ocher rypcs of communications systems. Chapter 7 is dedic,1ted co different rypes of 
ADSL transmitter and recci"cr systems. The specific impkmenrations of rhe blocks dis­
cussed in Chapter 6 arc explained. Real-world insight and issues arc pro\'ided. Finally, 
Chapter 8 discusses how ADSL is integrated into wide mm 11ctll'01'ks (WA.i'\;s). Higher layer 

protocol issues arc discussed as well as se\'cral network implementations. 

The final part of the book deals with VDSL and consists of Chapter 9. There, candidate 
VDSL implementations (which arc still und.:r dc,·elopment) are discu~scd as well as some: 
issues abo\'e and beyond ADSL. Finally, a brief discussion of possible VDSL \VA.i's! networks 

is prm·idcd. 

Telephone and Data Systems 
In the modern world, a telephone in e\'cry home and e\'cry building- and somc:times in 
every room-is rhe norm. This is rek,·ant co DSL technology in that in each instance the 
re le phone is connected co a pair of wires ( or copper pair) that run out of the building and 
somewhere within the next 20.000 feet or so connect inro telephone switching equipment. 
(This copper pair is .1lso known as rhe s11bscribcr li11c.) Thus, every home and building 

already has a physical means through which data can pa5s. 

Coexistence 
Figure 1.1 shows 3 t)'pical section or rhc telephone system. The ..:opper loops, or subscriber 
lines, could be sen'ing a group of homes, an apartment building, an office building, or 
more generically, a subscriber. Common devices at the subscriber end of the subscriber line 
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include telephones, fax machines, and ,·oice band moderns. Generically, these will be 
referred to as Plain Old Telcpho11c Seri•iu (POTS) dc,;ccs. 

Figure 1.1 A typical example of subscriber lines and a Central Office (CO) housing a 
telephony switch. 

Subscnber 
lines 

CENTRAL OFFICE (CO) 

To Other 
_ __,,__ Telephony 

Sw,tches 

The telephone switching equipment allo\\'S one end user to call anotl11.:r end user. 
Although the links between the telephone switches are typically high-bandwidth opticaJ 
fibers, the links must be capable of serving many users simultaneously, and so each end 
user can only use a small portion of the data band\\'idth. Furthermore, the switching 
equipment is designed to handle only small amounts of bandwidth per end user. Typically, 
the bandwidth arnilable for POTS spans from about 200 Hz to around 3200 Hz and has a 
capability of carrying a maximum of 64 Kbps. 

Now consider switd1ing devices and terminal devices designed and optimized to handle 
large amounts of data rather than only ,·oice signal~ for each end user. Further, consider 
that this new equipment should use the same subscriber lines that the telephone system 
previous!}• used. Finally, add tl1c criteria thaL this ne" system and the original telephone 
system both use the same subscriber line simultaneously witl10ut interfering with one 
another. This is tl,e basis of DSL technology md is shown in Figure l .2. 
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Figure 1.2 A conventional telephone system coexisting with a data overlay network. 
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In Figure 1.2, the data network is called a datn 011crlay network because it esscnriall}' over· 
bys the POTS signals on the subscriber lines. Both types of signals, the POTS signals ,md 
the data signah, are routed co their respecti\'e end terminals at the subscriber location and 
also to their rcspecti\'e switching equipment at the switching center, or central office (CO). 
A device called a POTS splitter is responsible for splitting and recombining the rwo types 
of signals at both ends of thc subscriber line. Typical terminal equipmcnr .it the subscriber 

end for the data network are computers and set· top boxes. 

Subscriber Lines 
Jn all, about 560 million subscriber lines exist in the world (about 156 million arc in the 
United States). Other common names for a subsc1ibcr line include a copper pair, mbscribo· 
loop or simpl}' loop, and twisted pail-. Although most lines have typically been u~cd for voice 
or low-speed d.ua, a typical loop can support much higher data rates depending on its 
type, length, and en\'ironmenr. Physical and electrical characteristics of twisted pairs arc 

discussed in detail in Chapter 2. 

Asymmetric Digital Subscriber Lines (ADSL) and Very High Speed Digit,1! Subscriber 
Lines (VDSL). the main DSLs discussed in this book, arc methods of transporting dat:1 
over twisted pairs. As you \\~ll see, both technologies require considerable processing 
power, which normally increases cost and complex.icy . .\luch of this is due to the fact that 
t\\;sced pairs, although capable, were ne\·er designed to c,ury hjgh bit rates because rhcy 
originally were designed Jnd deployed for relatively low data content \'Oice signals. 

Gi\'en the difti:rcnccs bet\\'ccn POTS and DSL technologies, a natural question might be, 
"\Vhy try to piggyback a brand-new technology on old lines rather than install fiber or 
high-speed wireless connections to homes?" The simple answer is that the coppa b already 
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there. It is ,lll 1mrn/l,-d lmsc. Installing a ne\\ b.1sc of am kind 1s costly and cakes consider­
able time, \O "by nor use \\ hat is alrc:adv in p1't,·c.:, 

Copper loops pro\'idc one.: of the only mean< to dt:li,·er l11gh bit r.rn: data m many sub­

scribers. E,·cn though the S\\ itchc~ .rnd the POTS sphttcrs must still be added, this j5 far 
less of a burden rh.:m ins1alling a \\'hole new infraHru..:rurc. 

Motivation for Higher Bit Rates 
Demand l<.>r nc" cc..:hnologies needs ,\ dri,·cr. Sc,·cral dri1cn, nisc for ADSL, including the.: 
lnrernct and World \Vide \Veb (\\'W\\'), video ,en ices, consumer services, and cmcruin­
mcm sc.:rvicc.:s. Synergy with other ccchnologic.11 Jl·hance, ha-, abo helped motl\·ace for 
ADSL. The most noteworthy of these is the \\'idesprc.:ad dc:ploymcnc of personal ,omputers 

( PCs) and an increasing .1warcness in the general public of how to use PCs. The following 
section, di-cu% motivations for .-\DSL and \"DSL. 

Growth of the PC 
PCs MC common in the home. [11 1996 alone, more than 71 million PCs were shipped to 
retail distributors. PCs are becoming mer friend]~ enough rh;n no dee.tiled technical 
knowkdge is required to me many of the aYail.lble sotiware applic.uion~. The number of 

PC households is expected tO continue to grO\, C\'Cn year tor the forescc.:able forure . 
Figure 1.3 ~hO\n the projected growth of PC households unril the year 2000. 

Figure 1.3 The growth of personal computers (PCs) worldwide. 
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Bulletin Boa-rd Services 
Bulletin board services (BBSs) became popuL1r in the 1980s. Although BBS systems do 
not presemly prm·ide impetus for higher bit rates, the\' are worthy of discussion because 
they are the predecessors t<> modern Internet ,cnice providers. Typically, a PC could dial 
into J BBS through a 300 ro 2400 bps modem and ,iccess information (such as onlim: 
encydopcdias and dictionarie;.J or enter mm chat comcrsariom "·irh other users. Most 
carly BBS sym:ms had limin:d graphin so clue 2400 bp5 was .idequate. 

Internet 
The Internet gained popularity in the bee 1980s. Ar thJt time, Internet users were primari­
ly universities and some busines5t:S. J\lost w,er5 h;1d J technical b,Kkground, and there was 
little widespread interest in the lntcrm:t outside th, scientific community. Email over the 
Internet as well as newsgroups started to ,prcad interest imo other disciplines. As more 
users started to regularly .1ccess the Internet, more di1cr5e information and copies became 
available, crearing an increased demand for wider access co thc lnterm:t. 

World Wide Web 
Originally, the Internet was primarily text based. The World Wide \Vcb (WW'iV) changed 
this by allowing both text and graphic.-. to be \ent and received. fhis increased the need for 
higher access rates because graphics rypicall)' rcquire larger data transfers than text. The 
WWW had a simple and attractive graphical user incerface, requiring only die use of a 
mouse and little actual typing. The size of chc WWW i5 gro,\ing dramatically. Figure 1.4 
illustrates the growth of the number of'vV\VW host5 over the past several years. With more 
than 16 million existing sires, the WWW'~ divcrsiry in subject matter is asrounding. 
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Figure 1.4 The growth of Internet hosts (courtesy of Network Wizards, 
http: / /WWN.nw.coml). 
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Th.: si7e of a t:Ypical \VW\V page \·aries depending on the content. Some pages 110\\ con­

tain multimedia, including text, graphic~, audio, and l'idw. Few high-quality graphics, 
even in compressed form (JPEG) are under 40 kilobits (kb) in si.lc. i\lost audio dips run 
in the hundreds of kilobits range and most 1ideo clips in the se1·eral megabir r,1nge. A, 

comumers continue ro use and enjoy the \V\\'W, the dcm,md for higher b:111d1\ idth 11·ill 
grow because mcrs do not \\'ant to wait for darn transfers to take place and will demand 
faster re,ponse. 

Nell' WWW technology allows for real-time l'idco and audio a5 well ,1s thn;c-di1rn.:mional 
graphics. As connection speeds increase, Web pages can become e,cn more sophisricatcd. 
Games, shopping, entertainment, and educational applications \\ ill demand and u~e even 

more bandwidth as it become~ available, fi.irther incrc:ising the demand for solution$ pro­
l'iding higher bandwidths. 

Internet Service Provide1''S 
Internet scnic1.: pro\'idcrs ( lSPs) and network ,en·icc pro1·idcr, (~SPs) han: become ..:0111-

mon in the 1990s. A typical :-:SP allo\\'s dial-up access to the \V\V\V and Internet and pro­
vides other sen·ices such as email, cducarion:il toob, banking. and entertainment. 
Usually, a consumer connect~ to an NSP through a \'Oicc band modem O\'er the Public 

Switched Telephone Net\, ork ( PSTN ). Some higher speed access rcchnologics might also 
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l~ a, ail,1hk to ,onnec1 w :--;sp, mduding ISi)~ 11~ Kbp, , Tl ( I 5-1--1- ,\lbp, \, .rnd frac 

rional Tl (n x 64 Kbp, I bm chew .\re usuJlh e,pensi,e and geared toward Oll',inc"e' 

r.1thcr chJn rc,1dcntial ,u b,.:ribn,. 

The popul.lrity ol ISP, .1nd ~SP, ha, grm, n rrcmendoml, 111 the l 99(h The number ot 

,uh,cribcr, to d1e,e sen RCS h.1, grown ICl more llun 10 millicm Jnd 1, prcd1.:ted to further 

mcrcase. 

Video on Demand 
l'ilfro 011 dt'111n111I I \ '()!) ) i, .111mhcr applicJtion for ADSL .md VDSI 1echnolog1c,. A ryp1 

.:.11 \"OD chJnnd requires around 3 ~lhps ot"chroughpur. AD'il 1s one ofrhc rirsr rcch­

nologies .11lm, 1ng the 1.kli1-cr~ of \'OD m·er the telephone line, and \ DSL could .11lo\\ the 

deli, en· ol multiple ch.mncb. In the l nitcd <,1atcs, cabk wsccms arc "1dd) accc,,1blc, and 

\ 'OD rmght not be a, popu!Jr ,lll .1pplrc.1tion tor OSI n:ehnology .1, lnternc1 .Kee,,. 

I lowc1cr. 1t do1.•, gi"e cclcphone rnmp.mies ( telco, opciom the\' wouldn't othcrn i,e ha\'C, 

,,hich 1, import.mt in .1 t>mine" ,md markenng ,e11": In other pan, ot the \\orld, cable 

TV ,y,1cm, arc not as.,, .1ilablc ·" in chc Uni11.·d <;rate,, and DSI. rcdrnologics ..:ould play .1 

!Jrge role 111 ddi, cring 11dco to the home. 

Small Office/ Home Office 
The sm.111 ofricc/ homc office I SOHO) provid~·\ another good opportunin li1r 0<;[ tech 

nolo~. In thi., Jpphcauon, D<,l technology can be u,cd ro nmnea the SOHO m .1 cor­

porate LA>-, the Imerner, or boll,. DSL technolo1,') \\Ould .,11011 ,l tck..:ommuter co J<:..:e,, 

a LA~ ,11th similar pacei,·ed ,peed and cffkicnn a~ if,hc \\ere at the ..:orpor.m: olfa:c. 

Tim ..:ould ..:re.ire J large demand for higher ,peed ac..:c,,. The number of cck.:ommuccrs in 

the United Staie, i, al,o proJccted m grow mm the Yc,1r 2000 .1, shim n in f.igun: 1.5. 

A tvpi..:al ..:orpor.ue L\:S. mighc h.wc J 10 ,\lb~" ba..:kbone connecnng PCs Jnd sencrs. 

I mking to thi, at J race of ,e,-cr.11 mega bi rs per ,econd , ia ADSL, although not opnmaJ, 

"1rnld ,rill prtl\ id~ an etlicicnc mcam of connection, and rhc performance dillerencc 

would mmt likely go unnoticed b)· mmt usa,. ,.\t \ "DSL speed,, c,cn higher accc,, r.1res 

arc .1ch1c1 Jblc 
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Figure 1.5 The increasing number of telecommuters in the United States w ill continue 
into the year 2000. 
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\'oice band modems have evolved quire a bit in the 1990s. In a period of about four years, 

the ,peed of ,·oice band modem, incrc.1Sed by an order of magnirudc. Figure 1.6 show~ 
the trends in voice band modems for the l'C since 1990 and prediction~ until the ,·ear 
2000. 

Figure 1.6 Personal computer modem shipment. 
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The rise and full of lower speed voice band modem~ du1ing the l 990s, including 2400 

bps, 9.6 Kbps, and 28.8 Kbps modems, is apparent. 

Modems with speed; grc.irer than 28.8 Kbps include higher speed voice band modems 
such as 56 Kbps modems, Integrated Scrl'ices Digital Network (ISDN ) modems, different 
types of DSL modem,, cable modems, and other rypes, such as "ireless modems. Most 
likely, all these will bl.' deployed in the future, although the types of modems dominating 

the Jeploymrnt remain to be seen. 

lSDN modems hJve ~truggled since rhe 1980s ro achie\·e wide-scale deployment. ISDN 
modems use twisted pairs and can send and receive data up to 144 Kbps. Standardization 
discrepancies have.: made.: ISDN provisioning ;md installation difficult, thus impeding wide­
spread use. Orher facrors have kept ISDN our of main stream usage, including cost and 
incompatibility with POTS service. Generally, the cost ofISDN was coo high, and a POTS 
line cannot share the same twisted pair as ISDN. ISDN is typically switched through the 
telephon..: ncrwork and nor through a data overlay network. Even with its faults, over rhc 
lasr decade, ISDN has been one of rhc only means of achieving data rares significantly 

greater rhan voice band moderm. 

Why DSL Technology? 
With other broadband technologies in the running, several kc.:)' atrributes make DSL net­
works an anractivc choice for high-bandwidth access. Although a reader of this book is 
likely to be aware of rhese recltnologics, a quick review of some key anribures will be bene-

ficial. 

As discusscd earlier, xDSL technology can be deployed over existing twisted pairs. This 
installed base.: is widespread, and the total investment that telephone companies ha\'e placed 
in it o\'cr the year~ •~ immeasurable. Nor only does using this copper further utilize this 
inherent vestment, bur it also allows rhe delivery of new, high-speed service without in\'CSt· 

ing in a brand-new infraso-ucrure. 

Most ne,\ ccchnologics n:quire considerable rime even before feasibility triab can be done. 
For ex:1111plc, a wireless satellite system would require designing, building, and deploying 
the satdlices before a rrial could begin. DSL technology trials, on the other hand, can be 
much simpler due m the instalkd base of copper along with existing switching centers. 

Many applications require high bandwidth, and new applications arc sometimes created 
when high bandwidl11 is a\'ailablc. Applications in medicine, real estate, law, business, :ind 
many other field~ can be supported with DSL technologies. Furthermore, DSl-5 can be 
deployed co 111any locations needing this bandwidth in a cost-efficient manner by using the 

existing infr:1~rructurc. 
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With the growing popularity of onlinc services, the PSTN is being m·errun with traffic. 
(This currently is a heated debate between Internee sen~n: providers who daim tl1at the 
PSTN is in no danger of being overrun by data calls and the telephone companies who 
claim tl1e opposite. ) Originallr, rhe PSTN \\·as dt:signed ro handle voice traffic having pat­
terns different from data traffic. For example, mosr ,oice calls an: short in duration, where­
as a data call to ,rn Internet service proddcr might lasr several hours. The statistical models 
used to design the PSTN did not adequacdy consider the dara call model. The data overlay 
network invoh·cd in xDSL technology will relieve the telephone switching system of some 
data t raffic, a\ojding major upgrades to the infrascrucnm::. 

The Market Demand 
The market demand for a technology plays a large role in advancing the technology itself 
This is becau~e companies need to make a profit and often will only undertake projects 
chat arc predicted to generate income over in the ti.mire. The detailed justificationb of a 
businc~s ca~e for DSL technologies are beyond rhc scope of tliis book; however, somt: of 
the more general arguments in favor of the DSL technology, such as t.hc advantages of 
xDSL technology over competing options like cable modems and \\irdcss data services, 
are worthy of discussion. The competing technologies arc discussed later in this chapter. 

Figure 1.7 depict~ the predicted rollout of DSL modems m·e r the next several years. 

Figure 1.7 The predicted rollout volumes of xDSL modems through 2002. 

U.S. xDSL Modem Market - 1996 • 2002 

5-r------- ------- ---, 
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The most significant gro\\'th is predicted from 1999 through 2002. In all, more than 10 
million DSL units are predicted to be installed by the year 2002. If each had a wsr of 
$300.00, probabl~ a i:onsen·ath·e estimate, xDSL would be a more than S3 billion indus­

try o,·er the four vcars! This is a good business case indeed. 

The DSLs 
This secrion discusses the various types of DSLs that have ernlved over the past few years. 
Some of the technologies arc driven by companies, whereas others arc supported by the 
industry as a" hok, including service pro,·iders and vendors. For these, standards bodies 

are defining or have defined specifications for implcmcncacion. Because of all the acronyms 
used for different DSL technologies, this section uses the generic term xDSL to generally 

refer to DSLs. Table 1.1 shows a summary of many xDSL technologies. 

Table 1,1 

DSL 

ADSL 

HDSL 

HDSL2 

IDSL 

MDSL 

SDSL 

VDSL 

Capabilities of Various DSL Technologies 

Upstream Downstream Symmetric/ 

Rates Rates Asymmetric 

100- 1-8 Asymmetri<: 
800 Mbps 
Kbps 
Fixed 784, Fixed 784, Symmetric 

1544, 15-14, 
2048 2048 
Kbps Kbps 

Fixed Fixed Symmetric 
1544, 1544, 
2048 2048 
Kbps Kbps 

Fixed Fixed Symmetric 

128 128 
Kbps Kbps 

64-200 800-2000 Asymmetric 
Kbps Kbps 

384 Kbps 384 Kbps Symmetric 

Upm25 Up ro 25 Both 

1' !bps Mbps 

POTS Standard-
Coexistence ization 

Yes Yes 

No Yes 

~o Yes 

No No1 

Yes No 

Yes No 

Yes Under 
de\"cl· 
opment 

----

IIDSL itself has no st.mdard, bur is similar to !SD:-:, for \\'hich a standard docs exist. 
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ADSL 
As stated c:arlier, -\symmetric Digit.il Subscriber Lines ( ADSL) tcchnok>f-'} is one of the.: 
main topics of this book. ADSL is characteriztd by .1 diffen.'.nt data rate.: from rhc sen ict 
prm idc.:r m the ,mtomcr ( tht: dmmstream direction) a~ compared to the dar.1 r.1te from 

the cmromcr to the ser\'icc pro\'ider (the upstream direction). This difference 1s the origin 
of the name ,-\symmetric. Data ratc:s are typically about l 0 timc:s as high in the do"'n 

stream direction Jnd range any\\'here from around l Mbps to around 8 Mbps-rhc 

maximum rate can depend on the length and condition of thc: loop determined during ini­
ti.tlization or on a maximum proYisionc.:d rate.:. 

For example, consider a loop capabk of supporting 4 ,\lbps in the dowmtn.'Jm direction 
and -HO Kbps in the upstream direction. A modem ha,ing the capabilit\ to operate at 6 

Mbps downstream will realize during initialization and trai111ng that 6 Mbp, cannot be 
supported on the panicubr loop and will negoriare the rare downward co 4 i\lbp~. This i\ 
an example of a r.1te detcrmmc:d bv the length and condition of the loop. The sen ke 
pro\'ider m.ight. ho"'c,cr, ha,·c pro,·isioncd the modem to run C\'Cn slower than this (for 
eumplc, Jt a maximum of 2 Mbps). {It is nm ycr clear whether network prm·idi.:rs ;,uch .1s 

telcos will provision modems co limit the dau rare, but it is expected to be ,, dc\ired 

option. A teko might \\'ant to do this to prO\'idc various tiers ofscnice \\ilh, of course. 
highc:r pncing for higher bandwidth capable tiers.) In this c.\se, eYcn though the modem 
could operate at the higher speed of 4 i\ !bps, ir \\'il l limit the do\\'nsm:am bit rate to 2 
lv1bps. 

ADSL is typically geared to support applications such J.s Internet acccs5, LA:'\ bridging, 
and \'OD. ADSL has been in mam· technology trials since the early to mid-1990s. 

HDSL 
High Bir Rate Digirnl Subscriber Linc (HDSL) tcchnolof,'Y pro\'ides 5ymmerric bit rates. 
Typically, HDSL modems arc designed to run ar fixrd speeds. Some common operati11g 
speeds are 768 Kbps, 1.544 Mbps, and 2.048 i\ !bps. The latter t\l'0 ,·alucs correspond to 

T l and El lines, rcspectin:ly. HDSL usuallv needs t\l'O separate t\1·istcd p:iirs, and both 
must be full duplex. Applic.1tions for HDSL .ire grO\, ing, b11t the original dri,·er \\J, th~ 
rcpbccmcm o!'Tl and El lines because HDSL h,1d a longer range than these older tt:ch­
nolog1es. HDSL uses 2B l Q modularion and ..:,rnnor coexist on the same twisted pair with 
POTS. 
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Note 
The code 2B10 is a four-level baseband code; 2B10 stands for two binary, one quatenary 
signal. That is, each symbol is one of four possible symbols and conveys two bits of data. 

HDSL2 
HDS12 i, .1 follow-on ccchnology co HDSL. bscnti,llly. it is meant t<> transmit Tl and El 
rate sigmls o,,:r a ,ingk twisted p.1ir. Currently, HDSL2 i~ undcrgoing the stand.1rdizacion 

process. POT<; cannot bt· run on the ,amc twisred p,1ir as HDSU. 

IDSL 
IDSL is one ot the new .1.bbre, iations to come along, .1.nd 1t stands for lSDN Digital 
Subscriber Linc. H1SL uses the san1<: 2BlQ line code technology as used in !SD~. TDSL 
i, a ,ymmctric sen·icc .111d cannot share a C\,im:d pair with POTS. Tnitial rates for IDSL 

include 56 Kbps, 04 Kbps, J 28 Kbps. and 144 Kbps. 

MDSL 
1\'kdiu111 Bit R:itc Digital Subscriber Lme ( 1\lDSL) technology is basically a watered down 
,crsion of ADSL. i\lDSL i~ .,n a5ymmctric technology running at slower speeds than 
ADSL-typ1call} 800 Kbps to l Mbps d0wnsrn:am and I 00 Kbps upstream. MDSL was 
proposed tCJ reduct: the cost and complexi~ of a DSL modem while still providing n:ason 
ably high d.1.t.1 rare;. Applic,1tions tor MDSL include Internet acces~ and LAN bridging. 

MDSL is currcnth' under ,cudy but i~ not being srandardi1ed. 

RDSL and RADSL 
RDSL and RA.DSL can stand for two differem things. The first is Rate Adaptive ADSL, 
mcJning Jn ADSL lim: due can automacic:i.lly sc.:lecr an opcimu111 operating rate for a twist­
ed pair. Originall,·, ADSL was not thought of JS adapthc in rJte. This name was coined 
\\hen ,·cndors began proposing rnte adaptin: funccion,1li~·. This n,,me is seldom used 

because ADSL itself 1s usu.1llv ,1ss111ncd to bt:: r,1te adapti,·e. 

The second rcd1nology denoted by RDSL and lW)SL is Reverse ADSL. Reverse ADSL 
was propmcd a~ an ADS L system in "hid1 the asymmetry of data rat<.: is rc,·crsed. Thus, 

the upstream direction runs fasrc:r than the downstream direction. The proposed ma.in 
application for Revcr,c :\DSI wa, for subscribers \\'anting to proYidc W\VvV servers. 
Typically. a W\ \'\\' ~en er provides more data than it receives. motivating the need for a 
hightr upscre.1111 data rntc and .1 ,lo\\'er do\\'nsrream data rat.:. Bcc,1usc of spectrum incom­
patibilities, Rcn:rse A.DSL has rc..:ciYcd link attention by vendors or standards bodies. 
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SDSL 
Symmetric Digual Subscriber Line rechnoloffi is chc littk brother to HDSL. :\~ the n;1me 
implies, daca rares in rhc upstream and dowmtream dircnion arc symmcrri.:. Typical data 

rates arc 384 Kbp~ and 768 Kbps. SDSL can be usni to prmidc fra.::rion.1I Tl sen ices or 
LAN and lntcrnct access. };o ~tandard curremh- c\i,rs for SDSL. 

VDSL 
Very High Speed Digital Subscriber Lim: (\'DSL) technology is the other nujor topic of 
this book. VDSL can be 1it.:\\cd a, ADSL'~ big brother. ,·nsL can run with cirh<.:r S)'m­
metric or asymmetric rates. The highest symmetric rate being proposed for \'DSL is 26 

Mbps in each direction. Orhc:r typical \ 'DSL rates being proposed arc I 3 Mbp~ symmetric, 
52 ,\lbps dowmtrc,1m and 6.4 i\lbps upstre,1111, 26 Mbps do\\nsrn:am and 3.2 1\lbps 
upstrc,un, and finally, 13 ,\!lbps do11 nsm:am and l.6 .\lbp, upstream. VDSL can coexist 
with POTS on .1 twisted pair. 

The maximum possible length of a \ 'DSL loop is much lc,s than for rhat of an ADSL 
loop. VDSL b pl.:mned for use as the hm link in fiber in rhe loop (flTL) and fiber m the 
curb (I-TIC) networks. FITL and FTrC networks ha,e ,mall acccs~ nodc5, an: tTmote 
from the CO, and Jrc led by high bandwidth fiber. A tvpi,-al node might rc~ide on a curb 
in a neighborhood and sen·e 10 to 50 homes. Thu,, the loop lengths from the node to 

the subscriber tend to be shorrer than loop~ from tlw CO to the \ub~cribcr. Although the 
.tpplications arc not yet dear, VDSL could be used as the la,t link in a foll -~ervicc multi­
media network ddi1cring voice, 1·ideo, and dar.1 m .1 ,ub\criber. 

Other High-Speed Data Options 
xDSI. is nor the onh option available to prol'idc high-b,rndwidrh solutions. Several others 
otli:r formidable competition to xDSL. 

Cable Modems 
Cable telcl'ision deli1crcd '"ia coaxial cabk (coax) is available throughout most of the 
United Stares and much of Europe. Coax can h,111dlc high band11 idth~, ,1ml c.1blc moderns 

take adrnnrage of' this. Cabk systems are craditionall)· a broadcast medium wirh one line 
serving many subscribers. Recausc of this, the mbscribcr~ must ,hare die bandwidth of the 
coax cable. Also, rhc upstream direction from the subscriber back ro rhe rnax distriburion 
point cradirionally has not been used to transfer information and, in ma111 .ire.is, does not 
support transmission. Rccondirioning rhe infrJscructu1T to ,uppon up~trcam rransmbsion 

is costly and time consuming, and dcplorme111 in a geographical area c.urnoc be done umil 
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DSL Modulation Basics 
In this chapter: 

• Descriptions of the different blocks used in DSL transmitters and receivers 

• Basic concepts of single carrier and multicarrier modulation schemes 

• Discussion of forward error correction coding and decoding 

• Overview of equalization methods and the performance bounds on each 

This chapter presents some of the basics of modulation systems as well as other blocks used 
by DSL communications systems. Subsequent chapters cover ADSL and VDSL in detail 
and show how the specific implementations of the basic blocks are put together to create a 
full DSL transmitter and receiver. Many of the topics and blocks in this chapter are also rel­
evant to communication systems other than those used on DSLs, including voice-band 
modems, cable modems, and magnetic storage channels. 

Figure 6.1 shows a generic block diagram of a transmitter and a receiver that is used for 
reference throughout this chapter. This figure is not specific to either a Carrierless 
Amplitude and Phase (CAP)/Quadrature Amplitude Modulation (QAM) or a discrete 
multitone (DMT) system, but rather it illustrates where some of the relevant blocks fit in 
the "big picture." Notice that most blocks in the transmitter have corresponding sister 
blocks in the receiver. 
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Figure 6.1 Transmitter and receiver block diagram for a communications system. 
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Modulation/Demodulation Blocks 
A modulation block typically converts input bits into waveforms to be sent over the chan­
nel. A demodulation block in the receiver maps received waveforms back to the bits that 
most likely generated the waveform. The main idea is to re-create the bits at the demodu­
lator output that were present at the modulator input. The following sections describe 
three types of modulation common in DSLs: QAM, CAP, and multitone. 

QAM Modulation 
QAM utilizes a sine wave and a cosine 'Nave ,vith the same frequency component to con­
vey information_ The waves are sent over a single channel simultaneously, and the ampli­
tude (including sign and magnitude) of each wave conveys the information (bits) being 
sent. At least one period ( and sometimes more) of the waves is sent to convey a set of bits 
before a new set of bits is to be sent (resulting in new magnitudes for the sine and cosine 
waves ). QAM modulation has been used for many years and is the basis for many of the 
voice-band modem specifications, including V.34. 

A Simple QAM Example 
An example of a QAM modulation system that can send four bits of information per QAM 
symbol appears in Figure 6.2. 
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An example of a QAM system sending four bits per symbol over a channel. 
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The four bits of information to be transmitted are mapped to 1 of 16 points on a QAM 
constellation. Note that for four bits of information, 16 points allow a unique point for any 
combination of bits. The x and y components of the point to which the bits were mapped 
specify the amplitude of the cosine wave and sine wave to be sent over the channel. Both 
the transmitter and receiver know the predetermined method of mapping between the bits 
and a point. 

After cosine and sine waves are sent over the channel, the receiver recovers and estimates 
the amplitude of each wave (which normally requires significant equalization and process­
ing as described later in the chapter). These magnitudes are projected on a constellation 
identical to that used at the transmitter. Again, the cosine wave amplitude is the x compo­
nent, and the sine magnitude is the y component. Normally, noise and distortion in the 
channel and compromised electronics in the transmitter and receiver prevent the point 
projected onto the receiver's constellation from falling directly on top of a "true" point. 
The receiver, however, selects the closest "true" point to the projected point as the one 
the transmitter is most likely to use to generate the QAM symbol. This point is then 
mapped into four bits using the same mapping method employed in the transmitter (but 
mapping in the opposite direction). If too much noise is present at the receiver, the point 
projected on the constellation may be closer to the wrong known point than the accurate 
known point, resulting in an error estimating the recovered symbol. 

This example is sometimes called 16-QAM because the constellation has 16 points. In 
general, other numbers of bits can be transmitted per QAM symbol. For example, if two 
bits per symbol were transmitted, a four-point constellation would be necessary and the 
modulation would be called 4-QAM. Figure 6.3 shows a 4-QAM constellation overlaid on 
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a 16-QAM constellation. The average energy of each signal set is approximately the same. 
Note that the distance between the points in the 4-QAM constellation (labeled d4 ) is 
greater than the distance between the points in the 16-QAM constellation (labeled d16). 

Consequently, on the same channel more noise is necessary to cause an error when using 
4-QAM than when using 16-QAM. Said differently, 16-QAM requires a greater SNR than 

4-QAM requires. 

Figure 6.3 An example of a 4-QAM constellation overlaid on a 16-QAM constellation 

with the same average energy. 

I-- d'° --, 
0 • • 0 

• • • • 
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A block diagram of a QAM modulator appears in Figure 6.4. The branch of the modulator 
that carries the cosine wave amplitude is sometimes called the in phase branch. The cosine 
amplitude is called the in phase, or the I, component. The branch of the modulator that 
carries the sine wave amplitude is sometimes called the quadrature branch. The sine ampli­
tude is called the quadrature, or the Q, component. 
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Figure 6.4 QAM modulator block diagram. 
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Orthogonality between a sine wave and a cosine wave allows them to transmit data 
simultaneously over a channel. Considering a single period of each wave, the orthogonality 
principle can be illustrated by Eqtn. 6.1. 

Eqtn. 6.1 

r 

f sin (2
; )cos(2

; }It = 0 
0 

In Eqtn. 6.1, 'C is the period of the sine and cosine waves. Because of the orthogonality 
property, the sine and cosine functions are sometimes called basis functions. 

An example of a QAM demodulator appears in Figure 6.5. 

The input to this block comes from the channel, and the output projects onto the 
receiver's constellation. If one assumes that the channel has no loss and that the receiver 
has perfect phase timing, then it is not difficult to write the equations for each point in 
Figure 6.5 for some symbol, i. Eqtn. 6.2 gives the input signal at point A. 

Eqtn. 6.2 

VAt)= X; cos(mt)+r; sin(mt) 
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Figure 6.5 (a) Logical view of a QAM demodulator. (b) Signal-processing view of a 

QAM demodulator. 
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In Eqtn. 6.2, X; is the amplitude ( sign and magnitude) of the cosine wave encoded at the 
transmitter, and Y; is the amplitude ( sign and magnitude) of the sine wave encoded at the 

transmitter. After passing through the multiplication blocks at points B and C, the signals 
are given by Eqtn. 6.3 and Egtn. 6.4. 

Eqtn. 6.3 

Eqtn. 6.4 

The signals at points B and C then independently pass through integration blocks. These 

blocks integrate over a single period and reset after each symbol. The switches in Figure 
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6.5 sample the output of the integrator at the end of each integration period. The signal at 

points D and E can thus be written as Eqtn. 6.5 and Eqtn. 6.6. 

Eqtn. 6.5 

r 

VDU)= fvs(t)dt 
0 

= f X, cos2 (wt)+r; sin(wt)cos(wt)dt 
0 

= f X, cos2 (wt )dt + f Y, sin (wt )cos(wt )dt 
0 0 

Eqtn. 6.6 

r 

VE(t) = f Ve (t)dt 
0 

= f X; cos(wt)sin(wt)+ r; sin 
2 (wt)dt 

0 

T r 

= j X; cos(wt )sin (wt )dt +fr; sin 
2 (wt )dt 

0 0 

rY rr; 
=0+-' =-

2 2 
Note that the terms going to zero in Eqtn. 6.5 and Eqtn. 6.6 do so because of the 
orthogonality property of sines and cosines. The values at the output of the demodulator 
then contain a scaled estimate of the magnitudes of the received sine and cosine waves to 

project onto the receiver's constellation map. 

Note 
The scale factor can be removed before integrating by scaling the multiplication cosine and 

sine waves. 

This analysis assumes that the baseband pulses in the modulator used to shape the symbols 
before multiplying by the sine and cosine waves were simple pulses with unity amplitude 
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during the entire symbol period. In general, a shaping filter may be used to shape the 
pulse before the mixing function. (The purpose of this step is to reduce the bandwidth of 
the transmitted signal by filtering out higher-frequency components.) If the shaping filter 
has a response ofp(t), then the transmitted signal for symbol i will be of the form shown 

in Eqtn. 6.7. 

Eqtn. 6.7 

V(t )= X,p(t-i,)cos(wt )+ Y;p(t-i,)sin(wt) 

Though the shaping pulse is not very important to the basics of QAM, including the shap­
ing term is more complete and allows comparison to CAP in the next section. 

Thus I have shown mathematically how a QAM signal can be received and demodulated. 
Other methods of demodulation are possible as well, and most take advantage of the 
orthogonality property discussed in this section. 

CAP Modulation 
Similar to a QAM modulator, a carrierless amplitude and phase (CAP) modulator uses a 
constellation to encode bits at the transmitter and decode bits at the receiver. The x and y 
values resulting from the encoding process are then used to excite a digital filter. A CAP 
modulator appears in Figure 6.6. 

Figure 6.6 A CAP modulator. 
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The modulator has two branches-one in-phase branch and one quadrature branch. The 
impulse responses of the digital filters are hilbert transform pairs or more simply, a hilbert 
pair. Two functions that form a hilbert pair are orthogonal to one another. In general, any 
valid hilbert pair can be used to make a CAP modulator; however, today's implementation 
of CAP uses a cosine wave and a sine wave shaped with a transmit pulse. Typically, CAP 
modulation is performed with digital filters instead of in-phase and quadrature multipliers. 

When comparing a CAP modulator to a QAM modulator, consider voltages at the differ­
ent points in Figure 6.6. Assume that this modulator uses the same constellation encoding 
method, the same size constellation, and the same symbol rate as the QAM modulator dis­
cussed earlier. The signal at each point can then be written as Eqtn. 6.8 and Eqtn. 6.9. 
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Eqtn. 6.8 

Eqtn. 6.9 

Note that both quantities are simply discrete impulses that will excite the digital filters in 
the modulator. 

Given the impulse responses of the filters in the modulator, the output of the two filters­
found by simple convolution-due to the inputs is shown by Eqtn. 6.10 and Eqtn. 6.11. 

Eqtn. 6.10 

00 

= f X;o(ia)h(t-a}ia 
0 

Eqtn. 6.11 

r1) 

= fY;o(ia)h(t-a}ia 
0 

= f;h(t -ir) 

In these equations, the sifting property was used to arrive at both results. 

The output ofthe·modulator due to symbol i is then given by Eqtn. 6.12. 

Eqtn. 6.12, 

Comparing Eqtn. 6.12 to the output of a QAM modulator with shaping given in Eqtn. 
6.7, note that the two would be identical ifEqtn. 6.13 and Eqtn. 6.14 hold. 

Eqtn. 6.13 

h(t - ir) = p(t -ir) cos(wt) 
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Eqtn. 6.14 

h(t -ir) = p(t -i-r)sin(wt) 

If one further designed the system such that ffi't=7t, then Eqtn. 6.13 and Eqtn. 6.14 can be 

written as Eqtn. 6.15 and Eqtn. 6.16. 

Eqtn. 6.15 

h(t-ir) = p(t-ir)cos(w(t-ir)) 

Eqtn. 6.16 

h(t -i r) = p(t -ir)sin(w(t - ir)) 

Both of these equations are valid because i is an integer. The time impulse responses of the 

filters with no dependence on i then become Eqtn. 6.17 and Eqtn. 6.18. 

Eqtn.6.17 

h(t) = p(t) cos(wt) 

Eqtn. 6.18 

h(t) = p(t) sin (wt) 

These results are important because they show that properly relating the symbol rate and 
center frequency of a CAP and QAM system allows the time-domain waveforms to be 

identical. For other relationships of ffi and 't-assuming that they are the same across a 
CAP and QAM system-it can be shown that the modulation systems differ by a rotation. 
That is, the waveforms will be identical if one of the sets of constellations used for encod­

ing and decoding is rotated about the origin of the plane. 1 

M ultitone Modulation 
Multitone modulation is the basis of the DMT version of ADSL as well as some multicarri­

er versions ofVDSL. This type of modulation is sometimes called orthogonal frequency 
division multiplexing (OFDM). For simplicity, this book simply refers to multitone modu­

lation as DMT. 

DMT builds on some of the ideas of QAM. Imagine having more than one constellation 

encoder. Each encoder receives a set of bits that are encoded using a constellation encoder 
as described in the previous sections. The output values from the constellation encoder are 
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again the amplitudes of cosine and sine waves; however, a different sine and cosine fre­
quency is used for each constellation encoder. All the sine and cosine waves are then 

summed together and sent over the channel. This waveform is a simple DMT symbol, rep­
resented by the diagram in Figure 6.7. 

Figure 6.7 Conceptual view of a DMT modulator. 
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Assuming that one can separate the sines and cosines at different frequencies at the receiv­
er, each set of waveforms can be independently decoded in the same way that a QAM sig­
nal can be decoded and the resultant bits output by the constellation decoders. 

Note that the idea of using different frequencies to transmit information is not unique to 
DMT. Television and radio have readily employed such techniques. The difference here is 

that DMT has a "receiver" tuned to all of the channels at once, whereas the others typical­
ly tune to only one channel. Some names used for frequency channels in DMT are fre­
quency bins ( or bins), tones or DMT tones, and subchannels. 

Perhaps not obvious in the previous discussion is the assumption that the waveforms in 

each bin are completely separable from one another. If this is not the case, then decoding 
for each bin is difficult because the sine and cosine waves in each bin can be corrupted by 

signals from other bins. One key to DMT is that the sine and cosine frequencies used in 

each bin should be integer multiples of a common frequency and that the symbol period, 
't, be the inverse of that common frequency. (It can also be an integer multiple of the reci­
procal of that frequency.) 
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This common frequency will be referred to as the jitndamental frequency. From the analy­
sis done for QAM, one can already claim that the sine and cosine waves at the fundamental 
frequency form basis functions. To ensure that interference does not exist between bins, 

one must show that sine and cosine waves from any bin are orthogonal to sine and cosine 

waves in any other bin. Mathematically, this orthogonality can be written as Eqtns. 6.19, 

6.20, and 6.21. 

Eqtn. 6.19 

f cos~,w 1t )cos(mw 1t )= 0 

Eqtn. 6.20 

f cos~,wi)sin(mw1t)= 0 
0 

Eqtn. 6.21 

f sin~,wft )sin(mw ft)= 0 
0 

Here n and m are different integers, and cot- is the radian fimdamental frequency. 

Performing the integration in Eqtn. 6.19 yields Eqtn. 6.22. 

Note that if n=m, then the first term will converge to 1/2 'T, which follows from the result 

of Eqtn. 6.5. The relationships in Eqtn. 6.20 and Eqtn. 6.21 can be likewise shown except 
that in Eqtn. 6.20 the orthogonality holds even for the case of n=m, similar to the discus­
sion around Eqtn. 6.1. Thus the demodulation of a DMT symbol relies on the orthogo­

nality of sine and cosine waves at different frequencies as well as between a sine and cosine 

wave at the same frequency. 

The modulation and demodulation procedures in Figure 6.7 are brute-force methods of 
creating and detecting a DMT symbol. These methods would be very monotonous on an 

actual implementation and are generally not the way DMT systems are realized. To better 
understand how an implementation could be simplified, consider the summation of a sine 

and cosine of duration "C. Such a waveform could be written as Eqtn. 6.23. 
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Eqtn. 6.22 

f cos(nw ft )cos(mw ft) 
0 

r l 1 /, \J 
= f 2 cos((n - m }v ft)+ 2 cos\(n + m }v_,-t pt 

0 

-[sin({n-m}vi) + sin{(n+m}a>1t)] r 

- 2wf(n-m) 2ror(n+m) r, 

sin( (n-m)
2
; r) sin( (n+m)2; r) 

=-_:...--- ----'-- +-_.:...-----'-

2win-m) 2wf(n+m) 

sin ((n - m )2n-) sin ((n + m )2n-) 
---'-''--,- ...!..-~ + _ __,_,,.___,_ ....,_~ 

2w/n-m) 2w1 ~1+m) 

= 0 for n, m integers and n 1=- m 

Eqtn. 6.23 

{

xn cos(nw rt)+ yn sin(nw/) for O < t ~ r 
s(t) = .• 

0 otherwise 

Such a signal is representative of the contribution of a single bin, or simply bin n, to a sin­
gle DMT symbol. Ifs(t) is sampled at a rate of2*N*fr, the resulting nonzero values of the 
signal are given in Eqtn. 6.24. 

Eqtn. 6.24 

(mik) • (mik) = X n cos N + yn sm N for O < k ~ 2N 

In a DMT system, N would represent the largest bin transmitting a signal. This signal is at 
a frequency of Nfr. Because the Nyquist theorem states that the sampling rate for a system 
must be twice the largest frequency in the system, the rate of 2Nfr was chosen. If we take 
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the discrete fourier transform (DFT) of sk using 2N points in the transform, the result is 

Eqtn. 6.25. 

Eqtn. 6.25 

"N ( ( ) ( k)J -J2,rkm Sm = ~ X n cos m: + Yn sin : e ~ 

{

N(Xn - JYJ form= n 

= N(Xn + JYJ form= 2N -n 

0 otherwise 

Because the DFT decomposes a signal into its frequency-domain components, the result of 

Eqtn. 6.25 should not be surprising. Simply put, over the 2N points being transformed, 
the signal had energy at only one frequency. Nonzero values at two points in the frequency 

domain arise because, in the frequency domain the frequency represented after the trans­

form represents a two-sided spectrum. For all real values in the time domain ( consistent 
with sk), the 2N points will exhibit complex conjugate symmetry about the center of the 

points. This is analogous to having positive and negative frequency components resulting 
from a fourier transform. The zero values in Eqtn. 6.25 result from no energy being pre­

sent at the frequencies represented by those points. In essence, Eqtn. 6.25 illustrates 
orthogonality of sines and cosines at different frequencies, as well as a sine and cosine wave 

at the same frequency. 

The result of Eqtn. 6.25 suggests another way to produce a DMT symbol. Instead of map­

ping the output of a constellation encoder into a cosine and sine amplitude, the output 

can be mapped into a complex number in a vector. The value from the X-, or cosine, axis 
would represent the real part of the complex number, and the Y value, or sine magnitude, 

would represent the imaginary part. If the outputs of all the constellation encoders are 
ordered in the vector, then each vector point represents one of the DMT bins. If N bins 
existed in the DMT system, the complex vector would have N entries. A suffix containing 

the complex conjugates of the vector's original entries can then be added to this vector 
such that the new vector has complex conjugate symmetry. An inverse discrete fourier 

transform (IDFT) on this new vector would then produce a real-valued time-domain 
sequence equivalent to the original DMT modulator in Figure 6.7. Figure 6.8 shows this 

new method of performing DMT modulation. 

Figure 6.8 also shows a method of DMT demodulation. Note that it is basically the 

reverse of the modulator except that a DFT is used instead of an IDFT. This approach 
should make sense because the DFT goes from the time domain to the frequency domain. 

Because the time-domain values are real, the output of the DFT block has complex conju­
gate symmetry. Only half of the output is then necessary to drive the constellation 
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decoders. Implementations often use the fast fourier transform (FFT) and inverse fast 
fourier transform (IFFT) to realize the modulator and demodulator. These transform algo­
rithms realize the DFT and IDFT with reduced computational complexity. 

Figure 6.8 
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DMT allows a communications system to be very flexible and optimally utilize a channel. 
For example, consider the channel discussed as a case study in Chapter 5, "DSL 
Theoretical Capacity in Crosstalk Environments." The SNR of the channel, assuming an 
ADSL downstream PSD at the transmitter, appears in Figure 6.9. 

Figure 6.9 SNR with respect to frequency of a sample channel; DMT bins in the areas 
where the SNR is high can use more dense QAM constellations. 
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Compared to the bins when the SNR is low, the bins occupying parts of the channel 
where the SNR is high can be used to transmit more bits. The process involves increasing 

the number of points used in the constellations of the "good" bins. If you plot the infor­

mation sent as a function of frequency for this channel using DMT, the resulting curve 
takes on a shape similar to that shmvn in Figure 5.6, thus showing the optimal utilization 

of the channel. 

DMT also allows a simple method to increase or decrease the output PSD of a transmitter 

in selected frequency regions. The process involves scaling the complex valued vector for 

the bin where power adjustment is desired before performing the IFFT. Such adjustment 

can boost pmver in regions where the channel insertion loss is poor, or reduce power in 

regions where interference with other systems must be avoided. Note that power boosts 
and reductions can be done in a CAP /QAM system also with external shaping filters, 
although these tend to be complex and can be difficult to implement for arbitrary shaping 

requirements. 

Note 
A classic example is the reduction of VDSL's PSD in certain bands to avoid interference with 

amateur radio or emergency bands. 

Forward Error Correction 
A forward error correction (FEC) block adds redundancy to the data to be transmitted. 

Usually this redundancy is a small fraction of the actual transmitted payload. The value of 

adding the redundancy is that the FEC block might be able to correct bits that the 
demodulator decodes incorrectly. The power of a forward error correction technique is 

often described using the term coding gain. A reasonable coding gain for a DSL forward 
error correction technique may be 3 dB at a bit error rate (BER) of 10-7

_ Stated another 

way, adding the FEC to the system makes the system perform as well as a system without 
coding but with twice the transmit power (3 dB more transmit power). This attribute is 

indeed formidable. 

T,vo types of forward error correction are common in DSL systems. The first type is a 
cyclic block code !mown as a Reed-Solomon coding. The second is a convolution code !mown 

as trellis-coded modulation (TCM) and ties in tightly with tl1e con tellation encoding used 
in both CAP/QAM and DMT modulation. The following section discuss the basic of 
the e two techniques. Detailed trcatm.ent of these subjects can be found in various books, 

including Digital Modulation and Coding and Error Control Coding: Fundamentals and 

Applications.2
•
3 
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Reed-Solomon Coding 
Reed-Solomon coding was first described around 1960.4 This type of coding is a subset of 
cyclic coding, which in turn is a subset of block coding. Reed-Solomon codes are also a 
special case of nonbinary BCH codes named for Bose and Ray-Chaudhuri and 

Hocquenghem who independently discovered them around 1960.5,6 Many readers may be 
familiar with cyclic redundancy check codes (CRC codes) used in data transmission. Because 
CRC codes are simple and popular, they will be used as a starting point in describing 
Reed-Solomon codes that are typical in DSL systems. 

CRC codes are typical in almost all types of layer 2 protocols including high-level data link 
control (HDLC)-based schemes and Ethernet. Normally, these codes operate on bits and 
are used for error detection but not error correction. Additionally, the number of bits 
being covered by the ch~ck bits is variable. 

Note 
Operating on bits infers that modulo 2 arithmetic is used for coding and checking. It can 
also be said that the arithmetic is done in GF(2). 

Reed-Solomon codes used in DSL systems use galois field arithmetic. Specifically, they 
operate on GF(256 ), meaning that each symbol can take on one of 256 values (0 through 
255 ). Thus each symbol is made up of eight bits-one byte long. The arithmetic rules in 
GF(256) define the results when two symbols are added, subtracted, multiplied, or divid­
ed. It turns out that in GF(256) carrying is not done in the same way that it is done in the 
base- IO decimal system. 

A Reed-Solomon code produces codewords made up of a fixed number of data bytes and a 
fixed number of check bytes. When operating in GF(256 ), the total number of bytes in a 
codeword must be less than 255. Using different codes can vary the number of data bytes 
and check bytes making up the codeword. A typical DSL implementation might use a 
codeword size of 240 bytes, 224 of which are data bytes and 16 of which are check bytes. 
Figure 6.10 shows a Reed-Solomon codeword with these properties. 

Figure 6.10 Example of a Reed-Solomon codeword in GF(256). 

DATA PAYLOAD 
224 bytes 

CHECK BYTES 
16 bytes 

Reed-Solomon codes allow for error correction in the receiver. Note that in the receiver, 
the Reed-Solomon decoder block in the previous example would receive 240 bytes from 
the demodulator and output 224 bytes ( only the data bytes) to the rest of the receiver. In 



~ ADSLjVDSL Principles 

general, the number of symbols that a Reed-Solomon decoder can correct is half the num­
ber of check bytes used. Thus for the example of 16 check bytes, eight byte errors would 

be correctable even if these bytes all occur in a row ( a burst error). This correction is an 

extremely powerful benefit for very little overhead ( 6.6% in this example). 

Convolution Codes 
Convolutional coding differs from block coding in that the former does not have code­
words made up of distinct data sections and block sections. Instead, redundancy is distrib­

uted throughout the coded data. Convolutional codes are sometimes referred to as trellis 

codes. Normally, convolutional encoding is simple, and decoding is a bit more difficult. 

Note 
Trellis codes can be linear or nonlinear. Convolutional codes are a subset of linear trellis 

codes. 

Figure 6.11 shows a simple convolutional encoder. 

Figure 6.11 A simple, rate 1/2 convolutional encoder; note that shifting in one bit pro­

duces two output bits. 

Shilt Bits In 

Data bits are shifted into the encoder from the left. Each data bit shifted in produces two 

data output bits defined by the modulo 2 additions shown. The outputs are defined by 
generator polynomials. This simple convolutional encoder is said to be a rate 1/2 encoder 
with a constraint length 2. The rate refers to the ratio of input bits to output bits, and the 

constraint length refers to the number of delays in the encoder. These parameters, along 

,vith the generator polynomials, determine the processing gain of the code. 

Note that the first two positions in Figure 6.11 have a darkened outline. The values in 
these positions are called the state of the encoder. The convolutional encoder can be viewed 

as a finite state machine, changing state based on an input condition and producing an 

output when it changes state. 
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Figure 6.12 shows a simple example of using the encoder in Figure 6.11 to encode a set 
of bits. Note that the initial condition of the encoder is assumed to be all zeros and that 
the top output is taken before the bottom output. 

Figure 6.12 Input and output of the sample convolutional encoder. 

~ 

Input 0 0 0 0 0 0 

Output O O O O 0 0 0 1 0 0 0 0 1 

Each node in the trellis represents a state. Each line represents a pair of received bits. Note 
that each state has two lines leading to the state and two lines leaving it. When two bits 

are received, a transition occurs between the current state and the new state. The type of 

line connecting the current and new state (solid or dotted) determines whether the 

decoder will output a zero or a one in response to the two bits received. Note that t:\vo 
bits in produce one bit out-just the opposite of the encoder. 

Also in Figure 6.13, note that the numbers on each line represent the input to the receiver 
that will cause the state transition. The type of line ( solid or dotted) represents the 
decoder output. 

Decoding of a convolutional code can be done with a trellis and the Viterbi algorithm. 
The trellis in Figure 6.13 can be used for this encoder example. 

If no errors occur, the bits received while in a state correspond to one of the paths leaving 

the state. When errors occur on the line, the received bits may correspond to neither of 
the lines leaving the state and knowing which line to follow is unclear. The decoding algo­

rithm allows for multiple paths through the trellis to be kept active. By tallying the num­
ber of mismatches (errors) that have occurred along each path, the decoding algorithm 
terminates those with a high error count. The error count is called a metric. As time passes 
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and the decoding process continues, a path with a low metric develops, and all others are 
terminated. This path is then used to produce the output of the decoder. 

Figure 6.13 A trellis that can be used to decode the sample convolutional encoder: each 
node represents one of the four states. 

Oulpul 1 ••• • • • • • • • •••••• 

Oulpu1 a ----

An example of decoding is the best way to understand the decoding algorithm. Consider 
the coded output from Figure 6.12. The decoding algorithm for the first four bits is 
shown in Figure 6.14. 

Figure 6.14 Trellis decoding example; the first four received bits are zeros and begin the 
decoding process. 

Bits From Channel 

Output 0 ---- -
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The received bits are shown above the trellis (00, 00). For these four bits, all paths in the 
trellis are kept alive ( this step is just to get the algorithm started). At each node, a metric is 
computed that counts the mismatches between the received bits and the path bits. (Note 
that the metric is a running sum for each path.) At this point, the paths are extended using 
the following rules: 

1. Two lines will lead to each node in the next set of states. 

2. For each node, follow only one line to each node, specifically, the line having the 
lowest metric. 

Note 
The example being discussed uses hard-decision decoding. Another method, using soft 
decisions, does not completely decode the received bits before the trellis, but instead 
assigns a metric to each received bit, indicating how close to a one or zero it is. Soft decod­
ing can outperform hard decoding by several dB. 

3. Terminate the other path that would arrive at that node. 

Note that four paths always remain active. Ideally, one main path develops through the 
trellis, and all others terminate. In actual practice, some delay is necessary to identify the 
correct path. 

Turning back to the example, consider the next two bits being received. This situation is 
shown in Figure 6.15. 

Figure 6.15 Example of moving along the trellis-only one of the two lines leading each 
state is followed. 

Bits From Channel 

Outpul 1 ---------------­

Output 0 -----
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The previous rules are now used to decide which paths will go forward. For example, for 

the top node, the path through the line marked 00 was followed instead of the path 

through the line marked 11 . The former produced a metric of two, whereas the latter 

would have produced a metric of three. Thus the first is followed, and the second termi­

nated. 

Figure 6.16 shows the next step in the decoding process. 

Figure 6.16 An example of moving along the trellis; note that one path (which we will 

eventually find to be the correct path) still has a metric of zero. 

Bils From Channel 

Output 1 --------------- ­

Output0 ----

Notice that the new metrics are simply the previous metrics with a number of new mis­

matches added. The best metric still has a value of zero, indicating that it is a good candi­

date for the correct path. Figure 6.17 shows the result of several more iterations. 

Note that many paths along the way have been terminated and that only one main path 

gives rise to all the existing paths. This main path is highlighted in Figure 6.18, and the 

decoded output for each set of inputs appears at the bottom of the trellis. 

These outputs match the first few bits at the input to the decoder. As time passes and 

decoding continues, the main path will extend farther into the trellis and more outputs are 

decoded. 

In Figure 6.18, the path can be decoded only up to the point where the main path 

diverges. When a surviving path is chosen up to a certain point, the "bad" paths up to that 

point are all discarded. Future input bits will be necessary to decode beyond this point. 
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Figure 6.17 Trellis appearance after several iterations from the example. 

Bits From Channel 

Outpul 1 - · · ······ ··· ···· 

Oulpul 0 -----

Figure 6.18 The decoded output of the trellis. 

Bits From Channel 

Output 1 ... .. . .... .... .. .. . 

Output 0 -----

The preceding example considered decoding when no errors were made on the channel; 
thus error correction was not necessary. Consider now the case in which an error is made 
on the channel and one of the bits is incorrectly received. Figure 6 .19 shows the first three 
steps of this decoding process. 

Although none of the metrics is zero, the same rules are used to move through the trellis. 
The example is continued for several more iterations in Figure 6.20. 
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Figure 6.19 

Figure 6.20 

First few iterations for the sample channel with an error in the received bits; 

note that none of the metrics is zero in this case. 

Oulput O -----

More iterations fo
0

r a channel with received bit errors; note the paths that 

have terminated due to high metrics. 

Bits From Channel 
tError! 

00 00 01 11 

Oulpul 1 ---------------­

Output O -----

00 11 01 

In Figure 6.20, many of the metrics have grown, but one is still small. Also, note that up 
to a certain point in the trellis all paths have terminated except one ( the one with the low­

est metric). This path is darkened in Figure 6.21, and the output shown at the bottom of 

the trellis. 
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Decoding of the trellis; note that even with the error, only one main path 
survives and decodes with the proper values. 

Trellis Output 

0 
Output 1 ---------·---··-

O Output 0 -----

Even with the bit error that occurred on the line, the output of this example produced the 
correct sequence (identical to the preceding example), illustrating the forward error cor­
recting mechanism of convolutional codes. In all, it is fair to say that bad paths are eventu­
ally terminated and a surviving path, even when some errors occur, is eventually apparent. 

Note 
Trellis dec0ding can also be compared to following directions to someone's house. If you 
make a wrong turn at some point, the rest of the directions most likely do not make sense; 
however, it is possible to retrace your route to the point at which the directions stopped 
making sense. 

Convolution coding may also be combined with modulation. When combined with QAM 
(as well as other types of modulation, such as pulse amplitude modulation [PAM]), the 
result is trellis-coded modulation. Normally, a subset of the bits ( one or two) malting up a 
QAM symbol is passed through an encoder. The uncoded bits usually determine the quad­
rant or quadrant portion a point will be in. The coded bits are the least significant bits dis­
tinguishing a point from neighboring points. Coding the least significant bits adds to the 
likelihood that a constellation point will not be incorrectly decoded as a neighboring 
point, the most common type of error occurrence in QAM. TCM is analyzed in many 
publications, most notably G. Ungerboeck's 1987 article in IEEE Communications 
Magazine, vol. 25, no. 2, entitled "Trellis Coded Modulation with Redundant Signal 
Sets-Part I: Introduction. " 7 
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Interleaving 
Many FEC blocks have trouble when it comes to correcting long strings of errors. Such 
errors arc common on channels and can occur on DSLs (for example, when a transient 

spike is incident upon the twisted pair). The purpose of interleaving is to spread out a 

codeword such that channel burst errors arc also spread out. Interleaving often occurs 
between a block forward error correction module and a modulation module in a transmit­

ter. The corresponding block in the receiver is a "de-interleaving" block. The following 
sections describe two types of interleavers: a block interleaver and a convolutional 

interleaver. Block interleavers are simple and easy to understand; however, convolutional 

interleavers are more common in DSLs, as they have delay and memory requirement 

advantages. 

Note 
A poorly filtered ringing burst or ground bounce due to lightning or other disturbances 
can produce such a transient spike. 

Block Interleaving 
Figure 6.22 shows an example of a block interleaver-specifically, a block interleaver with 

depth D=3 and span N=7. 

Figure 6.22 A block interleaver with depth 3 and span 7. 

Read out 
(to channel) 

Write in~ 
(from FEC) 
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------- 7------• 
Order on channel: 1, 8, 15, 2, 9, 16, 3, 10, 17 ... 

t 
3 

t 

The numbers in the blocks represent the order in which bits would enter the interleaver. 

In general, bits are written in rows and read out in columns. Normally, a single row con­
tains a complete FEC codeword. Thus the codeword length for this example would be 7. 

Figure 6.23 shows a de-interleaver with D=3 and N=7. 
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A de-interleaver with depth 3 and span 7; the output of the de-interleaver is 
the proper order of the symbols . 

Write in 
(from channel) 

Readoul+­
(to FEC) 

t 
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16 
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17 

4 5 6 7 

11 12 13 14 

18 19 20 21 

Here the bits coming from the channel are written into the de-interleaver in columns and 
read out in rows. The rows are then properly ordered bits and are normally destined for an 
FEC block. 

Table 6.1 shows the value of interleaving. 

Table 6.1 Comparison on burst errors with and without interleaving 

Bit Order (No 
Interleaving) 

Bil Order (With 
InLerleaving) 

Error Burst 

Received Bits (No 
Interleaving) 

Received Bils 
(De-interleaved) 

12345678 10 11 12 13 14 15 16 

1 8 15 2 9 16 3 IO 17 4 11 18 5 12 19 6 

10 11 12 13 14 15 16 

10 11 12 13 14 

The first two rows of Table 6.1 illustrate the order in which these bits will be sent over the 
channel both without interleaving and with the interleaver from Figure 6.22. If a burst 
error occurred in the channel as shown in the third row of Table 6.1, note the bit num­
bers being corrupted in each case. The last two rows of Table 6.1 show the bits that 
would be sent to the FEC block in the receiver on the sample channel. Note that when 
interleaving is used, the bit errors are broken up, giving the FEC block a better chance to 
correct the errors. This example might be used on a channel where burst errors are not 
expected to be longer than three bit periods. A more practical interleaver would normally 
have larger D and N parameters. 

Interleaving adds delay to the end-to-end transport of data and also requires memory 
buffers at both the transmitter and receiver. In general, both the transmitter and receiver 
need about DxN bits of memory space to support block interleaving and a delay of about 
2DN bits is inherent. For a trivial example like the one in Table 6.1, such negative aspects 
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may seem insignificant, but for larger interleaver depths and spans, they are very signifi­

cant. 

Note 
For higher-layer protocols that use acknowledgments, such as TCP, the added delay can 
cause the protocol to stall, drastically reducing the data throughput. 

Convolutional Interleaving 
Convolutional interleaving is more efficient than block interleaving with respect to memo­

ry requirements and end-to-end delay. Note that convolutional interleaving does not imply 
anything about the FEC type, and it can function with either block or convolutional FEC 

techniques. A convolutional interleaver with a codeword size N=7 and a depth D=3 

appears in Figure 6.24. 

Figure 6.24 A convolutional interleaver with depth D=3 and codeword size N=7. 
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In this example, the superscripts of B represent the codeword to which B belongs. The 

subscripts represent the bit number within that codeword. The codewords are again writ­
ten into the interleaver in rows and read out in columns. The difference between this 
scheme and the block interleaver scheme is that codewords do not always start in the same 

column in the convolutional interleaver as they do in the block interleaver. In addition, the 
rows do not end. The depth and length of the interleaver decide whether the next code­

word should be written into the next row or in the top row immediately following the 

codeword already written there. 

Figure 6.25 shows a convolutional de-interleaver for use in a receiver when a transmitter 

uses a convolutional interleaver. 
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A convolutional de-interleaver with depth D=3 and length N=7; reading 
values out of the de-interleaver is not as straightforward as for the block 
de-interleaver. 
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Here bits are written in columns and read out in rows for further processing by an FEC 
block. The de-interleaver must read only a single codeword from each row and then 
proceed to the next row until the last row is read. After reading the last row, the 
de-interleaver returns to the first row and reads from the next unread position. 

Convolutional interleaving can distribute a codeword of length N over an interval of ND, 
incurring an end-to-end delay of ND bits. 

Note that although the interleaving examples given are in terms of bits ( the depth and 
codeword size are in terms of bits), many coding schemes work at the byte level (for 
example, Reed-Solomon codes operating in GF(256) ), or even more generally, at the sym­

bol level. Interleaving schemes employed along with FEC systems operating at the byte or 
symbol level normally operate at the byte or symbol level as well. For example, assuming a 
codeword size of seven bytes, a payload stream is interleaved at the byte level, and the 
end-to-end delay of a convolutional interleaver and de-interleaver is ND bytes. 

Note that other types of interleaving are also possible. For example, helical interleaving is a 
different interleaving scheme. 8 

Scrambling 
Most DSLs include a scrambler in the transmitter and a descrambler in the receiver. A 
scrambler decreases the probability that a long string of ones or zeros are passed to the 
modulator. Such strings may occur in either a packet-based system or an ATM system 
when no packets or cells exist to transmit and the input to the transmitter is held either 
high or low. Often it is said that a scrambler randomizes data and a descrambler removes 
the randomness. 
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Note 
T1 lines do not include scramblers; however, ADSL, VDSL, HDSL, and ISDN all use scrambling 
in the transmitter and descrambling in the receiver. 

Scrambling has two positive benefits in a communications system. First, it helps ensure that 

the transmitted power spectral density observed at the output of the transmitter is pre­
dictable. When deriving equations for PSD in Chapter 4, "Power Spectral Densities and 

Crosstalk Models," an assumption was made about the statistics of the transmitter (for 

example, for ISDN it was assumed that all quats were equally probable). Scrambling helps 

to make such assumptions valid. 

Second, many types of circuits or algorithms depend on a mix of ones and zeros to operate 

properly. Timing recovery phase locked loops and some adaptive equalization algorithms 

are good examples of these. Scrambling helps ensure that such blocks function properly. 
Note that scrambling in a transmitter is typically not used for data encryption or security 

purposes. The means of descrambling received data at the receiver are much too simple to 

be effective for security applications. 

Figure 6.26 illustrates a scrambler and a descrambler. 

Figure 6.26 An example of a scrambler and descrambler; the z-1 blocks represent a one­

bit delay, and all addition is modulo 2. 
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Note that the scrambler is a recursive device, whereas the descrambler does not include 
feedback. The pair shown are characterized by a generating polynomial g(x), which in the 

case of Figure 6.26 is given by Eqtn. 6.26. 
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Eqtn. 6.26 

g(x) = 1 + x-5 + x -23 

This popular scrambler is used in several communications standards. The coefficients in 
Eqtn. 6.26 indicate the tap locations at which the scrambler performs an exclusive OR 
function. The generating polynomial of a scrambler is usually chosen to produce a maxi­
mum length sequence when the input to the scrambler is constant ones or constant zeros. 
Assuming the proper coefficients are chosen, longer scramblers normally produce longer 
maximum length sequences. 

Note 
Assuming the initial taps of a scrambler are not all zero, the maximum length sequence of 
a scrambler is given by -2R=1'; where n is the order of the scrambler's generating 
polynomial. --z... ~-' 

The scrambler shown in Figure 6 .26 is called a self-synchronizing scrambler. This name 
reflects the fact that the descrambler can begin in an arbitrary state ( the initial values inside 
the scrambler) and, after a finite amount of time, begin to output the correctly unscram­
bled data. In addition, a bit error on the channel will not catastrophically affect the 
descrambler or cause it to significantly multiply the number of errors produced. The lack 
of feedback in the descrambler is directly related to these properties, as feedback can cause 
a bit error to infinitely affect the operation of the block. 

A bit error on the channel is somewhat enhanced by a descrambler. In general, a single bit 
error is increased by a factor equal to the number of nonzero taps in the descrambler. In 
the example shown in Figure 6.26, a single bit error at the input produces three bit errors 
at the output. (More precisely, a bit error at the input produces an output error as it prop­
agates to all of the nonzero tap positions.) This event is often termed the error propaga­
tion factor. Such increases in errors are often deemed acceptable when traded off against 
the many benefits of scrambling. 

Equalization 
Most modern communications systems that operate near theoretical limits employ equal­
ization in the transmitter, receiver, or both to optimize or nearly optimize transmission. 
Often the equalization is done digitally by adaptive digital filters. This approach provides a 
very flexible way to accommodate different types of channels and different types of noise 
environments. In most DSLs (as well as in voice-band modems), the adaptive filters con­
verge to optimal initial settings during a training period and then can be updated during 
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normal runtime operation of the system. Training can also be done without a predeter­
mined training phase in what is called blind equalization.9 

Note 
Updating is necessary as many channels and noise conditions change over the lifetime of 
operation. A good example is the change in twisted pair characteristics due to the differ­
ence of temperature during the day and night. 

Any time a channel's tiequency response is not flat over the range of frequencies being 

transmitted, intersymbol inte1ference (ISI) can occur. A channel with a tiequency response 
that is not flat is sometimes called a nonjlat channel, a dispersive channel, a channel with 

memory, or simply a channel with ISI. Additionally, a nonflat channel has an impulse 
response that is nonzero at more than one point. 

Note 
A flat channel will have an impulse response that is simply an impulse. Such a channel is 
often called a memoryless channel. 

Figure 6.27 shows an impulse response of a channel with ISI. Note that an impulse in at 
time O produces an output with components over a range of times. 

Figure 6.27 Response of a channel with ISi to an impulse. 
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Figure 6.28 shows a single pulse transmitted through this channel. 
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Output of a channel with ISi when excited by a pulse at the input. 
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Note that the pulse is spread out and distorted at the output of the channel. Such spread­
ing would interfere with the next pulse transmitted. Also, a previously transmitted pulse 
would interfere with the one shown. A channel can have even more memory than the one 
shown, causing pulses or symbols to be spread out and interfere not only with immediately 
adjacent symbols but also with several or many of them. The different types of equalization 
discussed in the next few sections are mainly intended to remove some or all of this ISI so 
that optimal decisions can be made on incoming symbols in the receiver. The following 
analysis is done in various domains, depending on which domain is more intuitive for the 
explanation. Keep in mind that transforms can be used to find equivalent duals in different 
domains. 

Folded Spectrums 
Before analyzing different types of equalizers, a quick discussion of signal spectrums and 
the effect of sampling on signal spectrums is in order. First, consider a signal s( t) with a 
frequency spectrum of S(f) passing through an LTI system h(t) with spectrum H(f). This 
is shown in Figure 6.29. 

Figure 6.29 A channel with sampling at the output, illustrating spectrum folding. 
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Working in the frequency domain, the output of the system Y( f) is simply given by the 

multiplication of the input spectrum and transfer function section as shown by Eqtn. 6.27. 

Eqtn. 6.27 

Y(f) = S(f)H(f) 

When the output is sampled at some frequency (, the output samples are denoted by Yi 

and the output frequency spectrum is denoted as Y/f). This spectrum is a folded spectrum. 

When working with two-sided PSDs, the equation defining the spectrum Y/f) appears as 

Eqtn. 6.28. 

Eqtn. 6.28 

Y1 (f) = f Y(t +nfs) forlfl < fs 
2 

Note that ifY(f) does not have frequency components at frequencies higher than f/2, 
then the spectrum ofY/f) will be the same as that for Y(f). Normally, when a folded spec­
trum is computed, it is computed only for small n values (-2, -1. .. 2) because these com­

ponents dominate in the calculation. 

Note 
Put another way, in this case aliasing does not occur because the signal was sampled at a 
rate at least two times higher than the highest frequency component it contains. 

Folded spectrums are sometimes normalized with respect to frequency in discussions when 

the frequencies being discussed are not known or are generalized. This step is done by rec­
ognizing that in the frequency domain, the radian-sampling frequency 2n:( is equal to a 

complete period. The frequency variable f is then replaced by the quantity 8~/2n: where 8 
is the normalized frequency variable. The normalization of a folded frequency spectrum 
appears in Eqtn. 6.29. 

Because fwas defined on (-fJJ, 8 is defined on (-n:/2,n:/2). Folded spectrums are revisit­
ed in later sections on equalization. 
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Eqtn. 6.29 

Y1U) = IlV +nJJ 
n=-c:lJ 

~ tA~ +n1,J 

= f r(~ + !!__) 

n=-ro 21ff T 

= f r(0
;:;) 101<1r 

Linear Equalization 
A linear equalizer (LE) is typically placed in a receiver in front of the demodulator. To ana­
lyze an LE, consider the system shown in Figure 6.30. 

Figure 6.30 

Modulator 1 Output k 

Simple block diagram for LE analysis. 

Transmit Channel 
FIiter 

AWGN 
N(f) 

Note: P(f) H(f) M(f) = G(f) G•(t) 
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Filter 

J Demodulator 
k Output 

In the description that follows, some of the filtering functions may be combined, resulting 
in less complex implementations than actually implementing several filters in cascade. 
However, for explanatory purposes, it is convenient to discuss the filters as separate enti­
ties. In the following discussion, assume that all filters may be implemented digitally and 
that the sample frequencies are large enough to prevent folding (the appreciable frequen­
cies of all signals are much less than (/2 ). However, folding may take place when sam­
pling the output of the system. 

It is well known that the front end of any optimal receiver is made up of a matched filter 
followed by some type of processing. The matched filter M( f) is typically matched to the 
convolution of the channel response and the excitation pulse response ( the shaping filter). 
Eqtn. 6.30 gives the response of the matched filter in Figure 6.30. 
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Eqtn. 6.30 

M (f) = [H (f)P(f) r 
The filter following the matched filter in Figure 6.30 designated by W(f) is called a noise­

whitening filter. The purpose of this filter is to remove any memory in the noise output of 

the matched filter before further processing. Eqtn. 6.31 gives the typical frequency 

response of this filter. 

Eqtn. 6.31 

W(J)-_l_ 
- c·u) 

G(f) and G*(f) are factors of the transfer function between the modulator and noise­
whitening filter input including the channel, the shaping filter, and the matched filter. This 

is reflected in Figure 6.30. G(f) and G*(f) are chosen such that G*(f) has minimum phase 

so that W(f) is realizable. 

The symbol * in Eqtn. 6.30 and Eqtn. 6.31 denotes the complex conjugate operator. A 

linear equalizer would then follow the noise-whitening filter. 

You can use two techniques to optimize the response of a linear equalizer. The first 
optimization technique results in the zero-forcing (ZF) linear equalizer. The second opti­

mization technique results in the mean squared error (MSE) linear equalizer. 

The zero-forcing LE is optimized with respect to the peak distortion criterion. This criteri­

on attempts to force the output of the equalizer to have no residual ISI. For a sufficiently 

long equalizer, the result of the peak distortion criterion is an equalizer with a response 

given by Eqtn. 6.32. 

Eqtn. 6.32 

1 
L(f) = G(f) 

Note that the net result of the noise-whitening filter and the ZF equalizer is the inverse of 

the channel up to the input of the noise-whitening filter ( an added processing delay is not 
discussed but would also be present). Assuming the baud rate of the system is 'T, the SNR 

resulting from a zero-forcing linear equalizer is found by Eqtn. 6.33. 
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In this equation N
0 

is the PSD of the noise process N(f), and S(f) is the PSD of the signal 
power at the output of the modulator. Note that the spectrums shown are folded spec­
trums sampled at the baud rate of the system ( denoted by the subscript f). The folded 
spectrum Xr(f) is given by Eqtn. 6.34. 

Eqtn. 6.34 

Note from Eqtn. 6.33 that when the folded spectrum Xr(f) contains a null or some value 
close to zero, the SNR of the zero-forcing linear equalizer becomes very small. This arti­
fact of the ZF equalizer occurs because, at frequencies with significant channel loss, the 
equalizer tries to compensate by introducing high gain. This gain enhances tl1e back­
ground noise, causing the SNR to approach zero. 

The MSE linear equalizer minimizes the mean square error energy at its output. This type 
of equalization can trade off the amount of error caused by ISI with the amount of error 
caused by background noise. For a sufficiently long equalizer, the optimal response of the 
MSE case is shown in Eqtn. 6.35. 

Eqtn. 6.35 

L(j) = G(j)G • (j) + N 
0 

c·u) 
=---- -:.;;.._ ___ _ 

c·u) 

P(j)H (j)M (f) + N 0 

In this equation, N
0 

is the variance of the white noise process N(f). Note that when the 
noise is negligible, the MSE linear equalizer becomes identical to the ZF linear equalizer 
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(given by Eqtn. 6.32). The residual mean squared error resulting from the MSE linear 

equalizer is shown in Eqtn. 6.36. 

Eqtn. 6.36 

i N 
J = rc a df 

MSE J_~Xf(f)+No 

The resulting SNR at the output of the MSE equalizer is shown in Eqtn. 6.37. 

Eqtn. 6.37 

SNR,~!SE 
1 - J p..fSE 

J ,\,ISE 

It should be evident from Eqtn. 6.36 and Eqtn. 6.37 that the MSE linear equalizer does 

not perform well in environments where the folded spectrum of the channel up to the 
receiver has nulls, because the error increases as the SNR decreases. Such nulls are com­

mon in many channels, including twisted pairs. The performance problems of linear 
equalizers on these channels provide motivation to discuss other types of equalization in 

subsequent sections. However, linear equalizers do play a role in these other types of 

equalization and are used in many different receivers. 

Decision Feedback Equalization 
Performance problems of the linear equalizer have motivated the search for some type of 

nonlinear equalization technique. The decisionfeedbac/1 equalizer (DFE) is one such tech­
nique. A DFE is made up of a feedforwctrd filter and a feedbac/1 filte1·. Note that each of 

these filters is normally a linear filter, but they are used together in a nonlinear fashion. 

The DFE is illustrated in Figure 6.31. 

Figure 6.31 A decision feedback equalizer on a communications channel. 
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The slicer shown in Figure 6.31 is the decision-making device. Thus the input to the slicer 
is an estimate of the symbol to be decoded, and the output is the actual signal nearest to 
the estimate. The slicer is the nonlinear component of a DFE. Note that the output of the 
slicer goes into the feedback filter. The output of the feedback filter is subtracted from the 
received signal. In effect, the feedback section of the DFE removes ISI from a symbol due 
to previously transmitted symbols. This procedure is sometimes termed postcursor ISL 
Assuming that the slicer makes the correct decisions, the feedback filter provides a way to 
remove the postcursor ISI without significantly amplifying noise ( a major shortcoming of 
linear equalizers). 

Note 
Of course, making the assumption that the decisions are made by slicer is not always cor­
rect. However, when the probability of error is low (less than 10-1), this assumption allows 
for a simpler analysis of the performance of a DFE. The result stemming from this ideal 
assumption is called the ideal DFE bound. 

To mathematically illustrate the operation of the feedback filter, consider an optimization 
technique minimizing the mean squared error at the output of the slicer. The expected 
value of the error can be written as in Eqtn. 6.38. 

Eqtn. 6.38 

JDFE = E!Yk - 1kl~ 

If we let r( t) represent the combined response of the pulse-shaping filter, the channel, and 
the feed-forward filter, then the input to the slicer is made up of three terms. These terms 
are the signal component exiting the feed-forward filter, the noise component exiting the 
feed-forward filter, and the signal from the feedback filter. Thus we can write Yk as in 
Eqtn. 6.39. 

Eqtn. 6.39 

yk = I k * r(t)\t=kT + n(t) * f (t)\t=kT - L bnf k-n 
n=l 

= ir)k-n -ib)k-n +n(t)* f(t)\t=kT 
n=-oo n=l 

-l co 

= Lrik-n + L(rn -bJJk-n +rofk +n(f)* f(t)\t=kT 
n=-oo n:=l 
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In Eqtn. 6.39, the third line simply results from distributing the first summation into the 
second and third terms. Ifwe then substitute Eqtn. 6.39 into the mean squared error 

equation, we get the result shown in Eqtn. 6.40. 

Eqtn. 6.40 

1.v,, = El"t:J ,_" + t, (r" - bJJ ,_" +r0I, + n(t) * f (t)I,,,, - I, I -

= EIJ"rJ,_" + t. (r" - bJJ,_" + I, (r0 - 1)+ 11(1) * f (tL., I' 
= 4tY•-"1' + £It. k -bJJ,_"I' + Elf, (r, -if+ £111(/)* f(t)l,c>, I' 

Note in Eqtn. 6.40 that the expected value of all multiplication cross-terms goes to zero 

due to independence, and thus, the multiplication cross-terms are not shown on the last 

line. Assuming that o/ is the variance of I
11 

and N
0
/2 is the variance of the noise term, 

Eqtn. 6.40 can be simplified as shown in Eqtn. 6.41. 

Eqtn. 6.41 

JAISE = CYJ fr}+ (Jrf Crn -bj +CYJ(Tii -1r + ~o J j2(t)dt 
n=-w n=l -w 

Note that all terms in Eqtn. 6.41 are positive and that only the second term involves coef­

ficients from the feedback filter. You should easily see that b
0
=r

11 
for n > 0 are the optimal 

feedback filter coefficients. This result would force the second term of Eqtn. 6.41 to zero 

and minimize J MSE with respect to the feedback filter. Logically, this value follows because 
r

0 
for n > 0 defines the interference from past symbols into the current slicer input. 

Mimicking this operation in the feedback filter and subtracting its output cancels this 
postcursor ISI. 

You could continue to minimize the mean squared error, J MSE' by standard optimization 
techniques and solve for the optimal feed-forward filter. 10,11 In addition, optimization can 

be done for the transmitter pulse-shaping filter. The result is that the feed-forward filter is 
a matched filter followed by a tapped delay line. 

Note 
If the matched filter is implemented in front of the feed-forward filter, then it is simply just 
the tapped delay line. 
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Eqtn. 6.42 gives the MSE result after minimization. 

Eqtn. 6.42 

SN:Rr in this equation represents the folded SNR at the input to the receiver given by 

Eqtn. 6.43. 

Eqtn. 6.43 

1 
0<f<-

2r 

In this equation, C( f) is the combined response of the pulse shaping filter and the channel. 
The resulting SNR at the input to the slicer is then shown in Eqtn. 6.44. 

Eqtn. 6.44 

SNR = 1-JMSE 

s JMSE 

J ,\IISE 

1 Q 2r 

=-- 2r f In(i +SNR1 (f)df) 
( 

I J 
ln(IO) 

0 

The approximation in the second line ofEqtn. 6.44 holds for all JMsE < 1. 

Note the difference between SNRr and SNR,. The first is a function of frequency and rep­
resents the SNR of signal power to noise power at the front end of the receiver at a given 
frequency. The signal power in this case may be made up of signal energy from more than 
one symbol due to ISL The second term, SNR,, is the SNR at the input to the decision 
device. The signal power in this case is only due to energy of the symbol entering the 
slicer. The noise power is due to the filtered background noise and any residual ISL 
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The analysis ofDFEs up to this point has assumed a PAM-based system. A DFE can be 
applied to a CAP /QAM-based system to decode received symbols as well. Figure 6.32 
shows the basic structure of a DFE in this environment. 

Figure 6.32 A decision feedback equalizer for a CAP/QAM system. 

Line Input Split to 
I and Q 

I FFF 

0 FFF 

1bit 

Obit 

Note that both the I and Q paths have a feed-forward filter. In addition, four feedback fil­
ters exist, allowing interference to be eliminated on the two branches due to both previous 
I components and previous Q components. Egtn. 6.45 gives the SNR at the input to 
either slicer for the CAP /QAM DFE. 

Eqtn. 6.45 

SNR = 1-JMSE 

s J,'v!SE 

j!vfSE 

( 

J, +__1__ ~ 10 C ~r 

= -- r f1n(l+SNR1 (f)df) 
ln(lO) 1 

J,--
c 1r 

The folded SNR, SNRr, is given by Egtn. 6.46. 



:an be 
6.32 

iback: fil­
previous 

t to 

CHAPTER 6 DSL Modulation Basics ~ 

Eqtn. 6.46 

( n) ( n) S f +- C f +- 1 1 
SNR (f) = ~ T T for fc - - < f < fc +-

f ~ ( n) 2r 2r n~o N f +-
T 

Tomlinson-Harashima Precoding 
Although not obvious at first, Tomlinson precoding, sometimes called 
Tomlinson-Harashima precoding (THP) is related to decision feedback equalization. A 
main difference between the two is that for THP the feedback filter is not present in the 
receiver, but rather a precoding feedback filter is present in the transmitter. Figure 6.33 
shows a simple THP system. 

Figure 6.33 A Tomlinson-Harashima precoder in a transmitter along with a channel and 

a receiver. 

'---------
M(f) 

Y(f) 
Decision --- Device 

The operator r(x) in Figure 6.33 is a modulo operator. Ignoring this operator, the output 
of the receiver (input to the decision devise) is given by Eqtn. 6.47. 

Eqtn. 6.47 

Y(j) =M(f)H(f)F(f) 

=( X(f) IH(j)F(f) 
1-B(f)) 

X(f)H(f)F(f) 
:::---- ---

1-B(j) 

Figure 6.34 shows a DFE with similar notation. 
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Figure 6.34 Block diagram of a decision feedback equalizer. 

lk ~ - + 

Assuming ideal decisions, Eqtn. 6.48 gives the input of the slicer. 

Eqtn. 6.48 

Y (f) = X (f )H (f )F (f) - X (f )B(f) 

= X (f)H (f )F (f )- X (f )B(f) 

= X(f)(H(f)F(f)-B(f)) 

In Eqtn. 6.48, the second line reflects the ideal decision assumption. 

For the zero-forcing case, no ISI should exist at the input to the decision device. For the 
THP, Eqtn. 6.49 must hold. 

Eqtn. 6.49 

H(f)F(F) 

l+B(f) 

For the DFE, the zero-forcing condition requires that Eqtn. 6.50 be true. 

Eqtn. 6.50 

H(f)F(f)-B(f) =l 

Note that Eqtn. 6.50 can be rewritten as Eqtn. 6.51. 

Eqtn. 6.51 

H (f)F(f) = l + B(f) 

or 

H(f)F(f) =l 
l+B(f) 

Because this result matches Eqtn. 6.49, it is clear that the ZF constraint placed on the 
THP filters results in the same requirements being placed on the DFE filters. Thus the 
optimal F(f) and B(f) are the same for both systems. 
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The MSE condition applied to the THP does not result in a similar intuitively convenient 

comparison with the DFE. However, it can be shown that the optimum F(f) and B(f) for 
the MSE THP are identical to those for the MSE DFE. 12,13 

Frequency-Domain Equalization 
Equalization can be done in the frequency domain instead of in the time domain. Given a 

signal s(t) and a linear, time-invariant filter with impulse response s(t), the basic relation­

ship between filtering (convolution) in the time domain and filtering in the frequency 

domain is given by Eqtn. 6.52. 

Eqtn. 6.52 

s(t)*h(t) C:) S(f)H(f) 

The arrow in this equation represents the fourier transform. In other words, convolution 

in the time domain is equivalent to multiplication in the frequency domain, as shown in 

Figure 6.35. 

Figure 6.35 The duality of time-domain and frequency-domain representations of 
filtering. 

S(t) ~ y(t) = s(t) * h(t) 

t 
S(f) ~ Y(f) = S(f)H(f) 

It may be apparent that a modulation technique such as DMT, which involves a transfor­
mation between the time domain and frequency domain at the receiver using a discrete 

fourier transform, may lend itself nicely to frequency-domain equalization. In this case, a 
single complex multiplication to the received value in each DMT bin would sufficiently 

equalize the channel. However, a small caveat must be considered before this technique 

will work. 

Note 
Such equalization is sometimes much more flexible than equalization in the time domain. 
Additionally, long filters can realize significant savings in the number of multiplications 
needed. 
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Assume that two signals s(t) and h(t) are sampled and an N-point discrete fourier trans­
form taken. Multiplication of the resulting frequency-domain components is related to the 
sampled time-domain values as shown in Eqtn. 6.53. 

Eqtn. 6.53 

The superscripts in Eqtn. 6.53 represent the block or window size of the samples. The 

fundamental difference benveen Eqtn. 6.52 and Eqtn. 6.53 is the circular convolution in 
the latter as opposed to a linear convolution in Eqtn. 6.52. With discrete domains, multi­

plication in the frequency domain is equivalent to circular convolution in the time domain. 

The obvious problem with directly implementing frequency-domain equalization is that 
the output of a twisted pair channel looks like a linear convolution of the input and the 
channel response, not a circular convolution. 

To make the output look like a circular convolution, a cyclic prefix is added to each symbol 
to be transmitted over the channel. The process involves appending the last L samples in 

the symbol to the beginning of the symbol before sending it over the channel. If the origi­

nal symbol is N samples long, the resulting symbol will be N + L samples long, as illustrat­
ed in Figure 6.36. 

Figure 6.36 An example of a cyclic prefix insertion block. 

Symbol 
to 

transmit 

l+-N Samples---+-1 

Cyclic 
Prefix 

Inserter 

Resulting 
signal 

l+N+L Samples..._! 

At the receiver, only N samples are processed, and the L samples added are dropped. 

However, the N-length block appears to have been circularly convolved with the channel. 
In other words, the channel has been made a circular channel. 

Note that adding a cyclic prefix does add overhead and reduces the amount of information 
that can be sent over the channel. For long blocks of data (large N), this overhead is usual­

ly a very small fraction of the payload and can be ignored. Also, if the impulse response of 
the channel is larger than the length of added cyclic prefix, energy from the previous sym­
bol will leak into the N saved samples and the channel will no longer look circular. This 
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occurrence is common. The solution is to combine some front-end time-domain equaliza­
tion before removing the N samples at the receiver. The front-end equalization can effec­
tively shorten the channel response to less than L samples, thus restoring the circular prop­
erty desired. 

Shaping 
Shaping filters are often used at the output of a modulator. Analog or digital filters or both 
are used. Most often, shaping is used to ensure that the output waveforms of the transmit­
ter adhere to pertinent spectral requirement. For DSLs, some of these requirements are 
discussed in Chapter 4. Shaping is often challenging, as the out-of-band energy must be 
properly attenuated while the in-band energy should experience minimal distortion . 

Summary 
This chapter presented an overview of DSL modulation basics and discussed many of the 
transmitter and receiver blocks used in a DSL system. CAP and QAM modulation and 
demodulation were discussed and the similarities and differences between them explained. 
DMT modulation and demodulation was also discussed, along with the method of cou­
pling a frequency-domain equalizer into the system. 

The benefits and methods of forward error correction were discussed. The differences 
between block and convolutional coding and decoding were explained. Block and convo­
lutional interleaving were also discussed. The method of each was explained, as well as the 
delay and memory requirements of the two schemes. 

Equalization in general and various forms of equalization, including a linear equalizer, 
a decision feedback equalizer, and a Tomlinson-Harashima precoder, were discussed . 
Performance equations for the equalizers were given, and the pros and cons of each 
discussed. 

This chapter introduced the various modulation and demodulation blocks used in DSL 
systems. The next two chapters discuss how DSL systems actually implement some of these 
blocks to produce a realizable, high-performance transmitter and receiver. 

Exercises 
1. For a given background noise power, derive and plot the probability of error as a 

function of average signal power for a 4-QAM, 16-QAM, and 64-QAM system. 

2. For a 4-QAM system, assume that the background noise power is 1/10 of the aver­
age signal power. Through simulation, plot the location of a point projected at 
the receiver onto the constellation decoder if the constellation point from the first 
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quadrant is sent. Repeat this procedure on the same constellation plot 1,000 times. 

Do the same assuming the other three constellation points were sent. 

3. Repeat exercise 2 assuming that the background noise power is 1/5 of the average 

signal power. Repeat again assuming 1/3. Discuss the locus of received points and 

how they relate to error probability. 

4. Simulate a DMT transmitter with eight tones by using uniform iid random variables 
on [ -A,A] as real and imaginary inputs for the IFFT. Over many symbols, record the 

peak time-domain power value ( output sample squared) and keep a running average 

of the square of the samples. Repeat and compare for 32 and 64 tone DMT symbols 
and for a QAM symbol with the same uniform input. Comment on the peak-to-aver­

age ratio (PAR) of the squared time-domain samples. 

5. Find the output sequence for a rate 1/2 convolutional encoder with generator poly­

nomials Gl(x)=l+x+x1 and G2(x)=x. Assume the same input sequence given in the 

text. 

6. Using the convolutional decoder example given in the text, decode the received sig­

nal assuming that the seventh bit was received in error. 

7. Write the input and output sequence of a block interleaver with a depth of 5 and a 
span of 9. Repeat for a convolutional interleaver with the same properties. Calculate 
the time that it would take for a single codeword to reach the receiver with both 

schemes as well as if no interleaver were used. 

8. Find the folded spectrum of an ISDN signal sent over the mid-CSA Loop and sam­

pled at the receiver at 80 kHz. Compare this spectrum to the spectrum received 

assuming no folding. 

9. Find the SNR of an HDSL signal at the input to the decision device using CSA Loop 
#4 if a ZF linear equalizer is used. Repeat assuming that a MSE linear equalizer is 

used. Assume that additive white Gaussian noise (AWGN) is present with a PSD of 

-140 dBm/Hz along with 24 self-NEXT disturbers. 

10. Repeat exercise 9 assuming that a DFE is used. 

11. Create two arbitrary vectors of length 8. Verify that the FFT of the circular convolu­

tion of the vectors is equal to the frequency-domain multiplication of the FFT of 

each vector. 

Endnotes 
1. Ken Kerpez, CAP and QAM System Interoperability, TlEl.4 Contribution 96-242, 

Nashua, NH, September 5, 1996. 
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CHAPTER 

ADSL Modulation Specifics 
In this chapter: 

Details of a DMT ADSL transmitter and receiver implementation 

Discussion of data and overhead channels for DMT ADSL 

• Explanation of training and initialization procedures for DMT ADSL 

Discussion of a CAP / QAM ADSL transmitter and receiver 

Discussion of special ADSL functions to accommodate ATM 

7 

The preceding chapter discussed many of the common blocks used in DSL transmitters and 

rccc.ivcrs. This chapter describes how these blocks are implemented to create an ADSL 

transceiver. Specifically, blocks will be discussed for ADSL end modems: the ADSL trans­

ceiver unit-remote (ATU•R) normally located at a customer premise and the ADSL trans· 

ccivcr unit-central office (ATU-C) normal!y located at the central office aggregation point. 

Many of the ADSL options arc described along with the more common implementations 

of them. The first part of the chapter deals with a discrete multitone (DMT) ADSL imple­

mentation, and the second part deals with a Carrier Amplitude and Phase/Quadrature 

Amplitude Modulation (CAP/QAM) implementation. The DMT impkmmtation is 
according to the specification in the ANSI document TIEL4/98-007R4,1 and the 

CAP /QAM implementation is according to the specification in ANSI document 

TlEl.4/97-104R2a.' 

DMT ADSL Systems 
Figures 7.la and 7 .lb show a block diagram of a DMT ADSL transmitter. Figure 7 .2 

shows a block diagram of an upstream and downstream DMT ADSL receiver. 
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Figure 7.1a Block diagram for an upstream ADSL transmitter, 

Figure 7.1b Block diagram for a downstream ADSL transmitter. 

figure 7.2 shows a DMT ADSL n:ccivcr. 

Figure 7.2 Block diagram for an upstream {a) and downstream {b} ADSL receiver. 

Both upstream and dovmstrcam transmitrer.s and receivers are shown in these figures. As 

disc:usM:d previously, DMT ADSL i~ the scandard for ADSL set forth by ANSI and ETSJ 1,3. 

The specifications allow for high-speed rransmission greater than 6 Mbps in the down­

stream direction and lower-speed uansmission up to about 640 kbps in the upstream 

direction. The acmal rates depend on line and noise conditions as discussed in Chapter 5, 

"DSL Thcorcrical Capacity in Crosstalk Environments. " Also, the company providing the 

ADSL service (often called the access provider} may limit the actual rare. In such cases, a 
lin,- rh,:it rnnlrl nnt ,-nti~ll., cnnnnrr h ioh,.,. ..,.,,.., ;.- ,.,,..,~,..,. .. ,..,-1 ,.,.. ~,.,....,.,.,_~,.,, /,...,,,..,~ ~~~-

CH.APTER 7 ADSL Modulation Specifics ~ 

Note 
This situation is typical In m.lny servke offerings. An 1«ess p,ovid•r may offer custom~ 
different ~e tier options with some lien providing higher rates (and pr~mabty c.ost• 
Ing more) than others. 

Transmitter and Receiver Blocks 
The following sections discuss the various blocks shown in Figure 7. la, 7.l b, and 7.2 for 

OMT ADSL. Note that many of the blocks were discussed in general tcnns in Chapter 6. 

"DSL Modulation Basics." Because of the asymmetric nature of ADSL, some of the blocks 

may have a different implementation at the ATU-C and the ATU-R. 

Tt is worth mentioning up from that the tran~ccivcrs may carry more than one data chan­

nel and also carry an embedded operations dunncl (EOC), an ADSL overhead ch11nncl 

(AOC), and also various other bits to be described later in this chapter. All but the data is 

often simply termed overhead. It is said that a single physical channel, the physica l ADSL 

link o r ADSL channel, carries more than one logical channel, the logical channels being all 

data and overhead channels. Combining and scpar.1ting the logical channels at the trans­

mitter and receiver is done using a frame structul'C that is described later in this chapter. 

The logical data channels on an ADSL link consist of four possible simplex downstream 

channels and three possible full -duplex channels. The logical channels :i.re sometimes called 

bearer dJtumels. The simplex channels arc named ASO, ASJ, AS2, and AS3. The duplex 

channels are named LSO, LSl, and LS2. The duplex channels may have diffcn;nt r:i.te.~ 

upstream and downstuam including a rate of zero in one or both directions. When a 

duplex channel rate is zero in one direction and nonzero in the other direction, it is analo­

gous to a simplex channd in the nonzero direction . The allowable rates of the different 

bcan:r channels arc listed in Table 7. l. For all logical data channels, the actual rares rnttst 

be multiples of 32 kbps (the n:ason. is explained larer). Tn many implementations, only one 

of the simplex data channels is used in the downstream direction, and a duplex chairnd is 

used in simplex mode for the upsm:am directi(ln. Typically, the channels used would be 

AS0 and LSD. 
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Table 7.1 ADSL Logica l Dat a Channels and Associated Rates 

Channel Type Allowable Rates Comments 

AS0 Downstn ... -am 0-8. 192 Mbps This channel is most commonly 
Simplex used as the lo ne downstream 

chan nel. 
AS l Downstream 

Simpkx 
0-4 .608 Mbps 

AS2 Downstream 
Simplex 

0-3.072 Mbps 

AS3 Downstream 
Simplex 

0-1.536 Mbps 

LSD Duplex 0-640 kbps Can have different rates in each 
direction. This channel is most 
commonly configured as an 
upstream simplex channel. 

LS I Duplex 0-640 kbps Can have different rates in each 
di rection. 

LS2 Duplex 0-640 kbps Can have difkrcm ratt:s in each 
direction. 

The diftCrcnt logical channels allow AOSL to he flexible enough to support many different 

applications. 1-'or exa mple, one of the first d1·ivers of ADSL was ,·idco on demand over a 

telephone line. In this case, a downstream simpkx channel) AS0, fo r example, can be used 

to send streaming digital video and <tudio while a duplex channel, LS0, for example, can be 

used to send and receive comm\ information, siich as pause or rewind commands. Tn any 

case, rhc total bandwidth available on the physical channd must be greater than the sum of 

the bandwidths used by each logical channel. (Orn.: may argue that these should be equal; 

however, some of the physical channel bandwidth is used for other purposes such as syn­
chroni zation. This topic is discussed later.) 

Note also that rhc ADSL transmitter and receivc.:r c.:ach have two associated paths. One 

p:nh h called the fiist path, and one path is called the interleaved path. Cyclic redundancy 

check (CR.C) generation, scrambling, and forward error correction arc independent on 

cach ptnh. The main difference betwc.:cn rh e rwo is tlrnt the imcrkaved path contains an 

interleaving fimction in the transmitter (and de-interleaving fi.mction in the rccc.:ivcr), 

when.:as the fast path docs not. The name fast path comc"s from the fact that interleaving, 

and thus rhc delay caused by interleaving, is nor present so that data gets through the 

transmitter and receiver faster than in the other path. Simply put, bits transmitted on the 

l"ast path get through the transmitter and rece iver with less delay than bits transmitted 
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through the interleaved path. You will see later that a logical data channel is assigned ro 

either the.: fast or intcrlcaved channel, but ncvcr to both . However, both paths can be 

active simultaneously (each with one or more logical data channels assigned to it). Many 

implementatio ns, however, use only one of the pad1s. 

Framing 
The framing structure of ADSL is key to understanding how the different logical channels 

arc combined or sc.::parated when transmitted on the physical ADSL channel. ADSL has a 

framing structure as well as a mperfr"-me Jtruct:we. The supcrframe structure is 17 ms long 

and is made up of 68 frames, which arc numbered O through 67, and a synchronization 

symbol. figure 7.3 shows this structure. 

Figure 7.3 The structure of an AOSL supcrframe. 

Data 
~rames 

-. 
The basic supcrframe structure is the same fo r both the upstream and downstream direc­

tions. The sy nchronization symbol has the same duration as a data frame, and it can be 

thought of as a frame that carries no user data. For short, I refer to the Jynchronizarion. 

symbol as simply the.: Jyn, Jymbol or sync frame. 

Each ADSL frame, including the sync frame, corresponds to a single ADSL symbol. Each 

symbol has a duration of just over 246 us (specifically 250x68/69 us). Adjusting for the 

time taken by the sync frame, the data symbols have a rate of 4 kHz. This relationship can 

be sccn in Eqtn. 7.1. 

Eqtn. 7.1 

Bach dara frame within a supcrfrarnc has a sim ilar structure. Each data frame contains a 

specified number of data bytes for each of the active logical data channels in both the fast 

an1..1 interleaved paths. Overhead bytes arc also contained in each data frame; however, the 
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overhead bytes contained arc different for diffCrc:nt frame numbers. Figure 7.4 shows a 
general data frame for an ADSL link. 

Figure 7.4 The structure of a data frame including both the fast path and interleaved 
path components. 

Fast 
Overhead 

Fast 
Data 

Fast lnlerleaved Interleaved Interleaved 
Overhead Overhead Data Overhead 

Each data frame is divided into a fast buffer part and an intcrlcavc:d buffer part. As one 
might expect, the fast part contains the data to be sent through the fast path while the 

interleaved part contains data to be sent through the interleaved path. Figure 7.5 shows a 

more detailed description for both the upstream and downstream directions of the fast part 

of point A in Figure 7.1 

Figure 7.5 Detailed structure of the fast path portion of an ADSL data frame for (top) 
the downstream direction and (bottom) the upstream direction. 

hsl ASO 
B\'le B,'leS B1tes 

Fast 
Byte 

LEX 
B~e 

In Figure 7 .5, you can sec that each logical channel is allotted a certain number of bytes. 
Note that the downstream data frame has room for bytes from all seven bearer channels, 
whereas the upstream frame has space only for the u;; channels because the AS channels 
arc not transmitted in the upstream direction. If a logical channel is not using the fast 
path, the number of bytes allotted to that channel is zero (thus it would take up no space 
in the frame). Note that the allocation of bytes (eight bits), rather than fractions of bytes, 
to a data channel in a data frame combined with the 4 kHz data frame rate gives rise to 
the 32 kbps granubrity of a channel's data rate. In fact, the data rate of a data channel can 
be found by Eqtn. 7.2: 

Eqtn. 7.2 

bits data frames 
Re""""" ~# data bytes per frame x 8 byte x 4000- - s--

Prescm in the data frame for the fast buffer arc several overhead bytes, the fast byte, the 
ABX byte, and the LEX byte in the downstream direction and the fast byte and LEX byte 
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in the upstream direction. The description of these bytes is given in the following para­
graphs. 

The fast byte is short for the fast path synchronization byte. The fast byte is always present 
even if no bearer channels are using the fast path. It has four different uses depending on 
the frame number (0 through 67). Its four uses arc 

Carrying the CRC check for a superframe 

• Carrying the indicator bits 

Carrying the embedded operations channel (EOC) 

Carrying synchronization control information to allow stuffing and robbing of bytes for 
synchronization 

In frame 0, the fast byte carries superframe CRC information. This information is the 
CRC computed on the entire preceding superframe. In frames 1, 34, and 35, the fast byte 
carries indicator bits (ibs). An indicator bit communicates some type of condition or primi­
tive indication to the peer transceiver. There are 24 ibs in all; each is explained later in this 
chapter. In data frames 2 through 33 and 36 through 67, the fast byte carries either EOC 
data or synchronization control information. Either type of payload is two bytes long and 
must occupy an even-numbered-frame fast byte followed by an odd-numbered-frame fast 
byte. 

An EOC message is distinguished from a synchronization control message because all 
bytes in an EOC message have a Least Significant Bit (LSB) of one, whereas all bytes in a 
synch control message have an LSB of zero. EOC messages and synch control messages 
are discussed later in this chapter. In summary, Figure 7.6 gives the makeup of the fast 
byte for both the upstream and downstream directions. 

Figure 7.6 Makeup of the fast byte for all frames within the ADSL superframe. 

-·I •++++ H) .. 1 ···I ., 1-1-1 -1-1-1 -1•• 1 
.... 1-•+H1+•++1 ··- l0 l+·H·++·H 
.'::.1 + •1-H+I l· I 1++·l·•"1-1-H •1 
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The AEX and LEX bytes arc used to stuff an extra byte into an AS and L'; channel. Tbe 
AEX byte is present in the fast path only if at least one of the AS bearer channels uses the 

fast path. Likewise, LEX is present on the path only if an LS channel is present. Whether 
or not a byte is added to a bearer channel during a frame is controlled by synchronization 

control information in the fast byte. As stated previously, the synchronization control 

information can be present in a fast byte during frames 2 through 33 and 36 through 67. 

Tabk 7.2 gives the format of an eight-bit synchronization message. 

Table 7.2 

Bits 

7,6 

5,4 

3,2 

Format of a Fast Channel Synchronization Message (Fast Byte) 

Function 

Designates the AS 
channel to stuff or rob 

Controls the action to 
be taken on the desig­
nated AS channel 

Designates the LS 
channel to stuff or rob 

Controls the action to 
be taken on the desig­
nated LS channel 

Sync/EOC indicator 

Code 

00-channel AS0. 
01-channel ASl. 
IO-channel AS2. 
11-channel AS3. 

00-do nothing. 
01-add AEX byte. 
10-add AEX and LEX bytes. 
11-delctc last byte. 

00-channel LSO. 
01-channel LSI. 
10-channel LS2. 
11-no synchronization action. 

0-add LEX byte. 
1-dclctc last byte. 

0-indicates byte is a fast control byte. 
1-In downstream direction, indicates that 
LEX byte is an EOC byte, but synchronization 
on AS channels may be performed as indicated. 
In upstream direction, indicates that the Fast 
byte is an EOC byte. 

Quite simply, the synchronization messages define what action is to be taken on a specified 
AS channel and a specified LS channel for that frame. Note that for an AS channel, up to 
two bytes can be stuffed (AEX and LEX) or one byte deleted. A deleted byte is sometimes 

calkd a robbed byte. For the LS channels, only one byte can be stuffed or robbed. Note 
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that for the upstream, the upper four bits of the fast byte arc unused because the upstream 
channel docs not use AS bearers. 

Byte stuffing and robbing is used to equalize the rate of a logical channel over the ADSL 
link with the rate needed to transport the channel. A good example of this is if a logical 
channel is transparently transporting a Tl line (1.544 Mbps). Ifthc logical channel is nm­

ning at a rate slightly lower than 1.544 Mbps, every so often the channel must stuff a byte 
or its input buffers will overflow. Likewise, if the logical channel were running slightly 
faster than 1.544 Mbps, every so often it must rob a byte so that its input buffers do not 
underflow. In each case, stuffing and robbing allow the logical channel, on average, to run 

at 1.544 Mbps. 

figures 7.7a and 7.76 show the fast path data buffer at points Band C in Figure 7.la and 
Figure 7.16 for both the upstream and downstream directions, respectively. The only dif­

ference at this point is the addition of the Forward Error Correction (FEC) bytes from the 
encoder. Note that at these points, the data payload is scrambled. 

Figure 7.7a The structure of the fast path portion of an ADSL data frame after the FEC 

block for the upstream direction. 

+----- N1, up bytes ____ ____. 

-+--- K1, up bytes ,___... 

Fast LSO LS1 LS2 LEX Reed Solomon 
Byte Bytes Bytes Bytes Byte Check Bytes 

Figure 7.7b The structure of the fast path portion of an ADSL data frame after the FEC 

block for the downstream direction. 

- -------Nt.oownbytgo _______ _ 

-------Kt.downb~!es ______ _ 

Faot ASQ AS1 AS3 LSO 
Byte Byte, Byte, Bytes Bytes Byles Bytes Bytes Byte Byte CheckBytes 

Figure 7.Sa and Figure 7.86 show the data buffer at point A in .Egure 7.la and Figure 

7.lb for the interleaved path. 
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Figure 7.Sa 

Figure 7.8b 

The structure of an interleaved mux data frame before the FEC block for the 
upstream direction. 

Sync LSO LS1 LS2 LEX 
Byte Bytos Bytes Bytes Byte 

The structure of an interleaved mux data frame before the FEC block for the 

downstream direction. 

Sync ASO ASl AS2 AS3 LSO LS1 LS2 AEX LEX 
Byte Bytes Bytes Bytes Bytes Bytes Bytes Bytn Byte Byte 

At this point, the data frame on the imcrlcavcd path is called a mux dnta frame. Note that 

at poi1,t A, interleaving has not yet been done. Similar to the fasr path, the interleaved 

buffer also cont::iins an AEX and a LEX hytc (only LEX in the upstream direction). Again, 

the AF.X by1c is present onlr if :in AS bearer channel uses the interleaved path. The LEX 

byte is present unless no channels arc using the interleaved path. Analogous to and in lieu 

of the fast byte, however, t he interleaved path cont:iins a ry11c l,ytt. 

The sync brtc has several fi.mctions. Some of these functions arc ,1nalogous to fast bytes' 

functions, but at least one is different. In general, the sync byte performs the following 

actions: 

Carries CRC information for the interleaved channel in the pre.ceding supcrframe 

Carries synchronization control informati()n for stuffing and robbing bytes from bearer 

channels using the interleaved path 

Signab when the LJ:.X byte of the inte rleaved path is used to carry a byte for the ADSL 

overhead channel {AOC) channel 

Carries the AOC channel when no bearer channels are using rhe interleaved path 

Similar co the fast byte, in frame zero, the sync byte carries eight bits of CRC information. 

These cover the bearer channels assigned to the interleaved path over the preceding supcr­

fi-ame. Jn all frames l through 67, when at lc:i.st one bearer channel is using the interleaved 

path, the sync byte carries eight bits decoded as shown in Table 7.3. 

Table 7.3 

Bits 

7,6 

5,4 

3,2 
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Format of an Interleaved Channel Synchronization Message (Sync Byte) 

Function 

Designates the AS channel 
to stuff or rob 

Controls the action to 
be taken on the designated 
AS channel 

Designates the LS channel 
to stuff or rob 

Controls the action to be 
taken on the designated 
LS channel 

LEX Byre Sync/AOC 
indicator 

Code 

00-channel ASO. 
0 I-channel AS 1. 
10- channel AS2. 
11--channel AS3. 

00-do nothing. 
01- add AEX byte. 
11- add AEX and LEX 
bytes. 
l 0- dclctc. last byte. 

00- channel L.'iO. 
0 I - channel LS 1. 
l 0- channel I.S2. 
11- no synchronization 
action. 
1-add LEX byte. 
0-delete last byte. 

0- indicates the LEX 
byte is to he used for synchroniza­
tion :ls specified in bits 1- 7. 
1- ln downstream direction, indi­
cates that the sync byte: contains 
AOC data and limited synchro­
nization can be don.:. In upstream 
direction, indicates rhat the LEX 
contains AOC data . 

As shown in Table 7.3, a mechanism to add or ddete a byte from any channd, almost 

identical to that for the fast byte, is provided by the sync byte. Note that for the up~tream, 

no mechanism is present to add or stuff byres in the AS channels because no AS channels 

run in the: upstream direction. In the downstream direction, either one or two bytes can 

be appended to an AS channel , whereas only one b}·re can be appended to an LS channel. 

Note that the LSR of the sync byte indicatc.i. the contenrs of the LEX byte. If the LSB is 

one, the LEX byte contains AOC information. In this case1 bits 4 through 7 of the sync 

byte still define synchronizalion action to perform co the AS channel (although only a sin­

gle byte may be addt:d). Additionally, a delete may still be performed to the LS channels. 

However, because LEX is already carrying AOC information, neither a one-byte stuff can 

be performed on the LS <:hanncls nor can a two-byte scuff be performed on the AS 

channels. 
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When no channels an: using the interleaved path, no interleaved path bearer channel syn­

chronization is necessary. In this case, both the AEX and LEX bytes arc absent, and the 

sync byte is used to carry the AOC channel in frames 1-67. 

On the interleaved path, multiple mu:: data frames can make up an FEC code word. This 

situation contrasts with the fast path, where a one-to-one correspondence between sym­

bols and FEC codewords occurs. The actual number of mux data frames in an FEC code­

word is decided during initialization. If this number is labeled as S, then at point B in 

Figure 7.la and Figure 7.16, the interleaved path buffer is shown in Figure 7.9. In this 

case, note that the PEC codeword spans multiple frames but is always an integer number 
of frames. 

Figure 7.9 An FEC codeword on the interleaved path spanning 5 data frames. 

MUX I 
Frame 1 

MUX 1 • 
Frame2 : 

dataframe2 

MUX 
Frames 

Reed Solomon 
FEC Bytes 

data frame S 

At point C in Egure 7.la and Figure 7.lb, the FEC codewords arc interleaved. Thus, the 
data to be modulated is made up of bytes from several FEC codewords. If a codeword is 
made up of S mux data frames for a total of N bytes and has K check bytes, then each 
interleaved path frame will consist of (N+K) bytes. 

CRC Generator/Detector Blocks 
.For both the fast and interleaved paths, an eight-bit CRC is generated for each superframe 

and sent during the first frame of the next superframe. On the fast path, the CRC is sent 
via the fast byte. On the interleaved path, the CRC is set via the sync byte. The CRC for a 
path covers all bits sent through that path during a supcrframc except for the .FEC bytes, 
the previous CRC, and the synchronization symbol (frame 68). The CRC is meant to help 

keep track of how many supcrframcs were received that contained an error uncorrectable 
by the FEC blocks. Both CRC generators and receivers are based on the generator polyno­
mial shown in Eqtn. 7.3. 

Eqtn. 7.3 

G(x) := I +x~ +x3 +x4 +x8 
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Scrambler/Descrambler 
.For both the ATU-R and the ATU-C, the generator polynomial for the scramblers and 

descramblers is given in Eqtn. 7.4. 

Eqtn. 7.4 

g(x) ~ 1 + x18 + x'' 

As mentioned previously, the fast and interleaved paths arc scrambled and descrambled 

independently. All bits from all logical channels arc scrambled and descrambled. FEC bytes 
arc not scrambled because they arc added after the scrambling block. At the receiver, they 
arc removed before the descrambling block. The only frame that does not pass through 

the scrambler is the sync frame. 

Forward Error Correction Block 
After being scrambled, the data in both the fast and interleaved paths enter independent 

FEC blocks. Both paths utilize the Ree.cl-Solomon technique in Galois field (256). The 
number of check bytes Kand the number of payload bytes N tbat make up a codeword arc 
decided during initialization of the ADSL link. For the fast path, a single codeword is sent 

for each data frame . .For the interleaved path, a codeword can consist of an integer number 
of frames S, as long as Sis a power of two less than or equal to 16 (S=l, 2, 4, 8, or 16). 
For both paths, the: number of check bytes may be any even number bct\vcen 0 and 16, 

inclusive. As a rule of thumb, the ratio of the number of check bytes to the number of 
data payload bytes should be around 0: 1. This ratio gives a reasonable coding gain without 

a significant amount of overhead. 

Interleaver/De-interleaver 
After passing through the forward error correction block, data in the interleaved path 
enters the interleaver in the transmitter, in both the ATU-R and ATU-C. DMT ADSL uses 

convolutional interleavcring. The interleaver depth is expressed in Reed-Solomon code­
words and may be any power of two up to and including 64. The interleaver works at the 
byte level because the Recd-Solomon code works in GF(256). 

At the receiver, data enters the de-interleaver after constellation decoding and bit extrac­
tion (explained later in the chapter) arc performed. The de-interleaver essentially reorders 
the bytes back into Recd-Solomon codcword,s for processing by the FEC decodc:r. The fast 

and interleaved paths have independent de-interleavers. Each de-interleaver uses the same 
parameters as its respective interleaver in the transmitter agreed upon during initialization. 
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Tone Ordering and Constellation Encoder 
Before entering the DMT modulation block, the payload to be transmitted consists of a 

buff-Cr of data from the fast channel and ;1 buffCr of data from the interleaved channel. To 
modulate this data, you must first extract the proper number of bits for each DMT bin 

and code these bits into a complex Z; value (one complex value per bin). The process of 

extracting the bits and assigning them to tones is called tone ordering. The process of 
encoding the extracted bits into complex v,ilucs for each bin is called constellation 

encoding. Constellation encoding for a DMT modulator is discussed in Chapter 6. 

For tone ordering, the number of bits assigned to each bin must be known. This infrmna­

tion is decided during startup training when the bins arc analyzed. After analysis, the 
ATU-C and ATU- R calculate and agree to the number of bits to be handled by each bin. 

Commonly, the value that represents calculated bits per bin is called the bin's bi pa/ue. The 
number of bits per bin for ADSJ, must be bcnvecn 2 and 15, inclusive, or be 0. The sum 
of the number bits carried by all subcarricrs directly correlates to the number of bits in 

each fast and interleaved path data frame. If the number of bits per bin is known, tone 
ordering follows this process: 

I. Extract the N bits to be sent from the fast and interleaved paths. 

2. Order these bits from l to N, putting the fast buffer bits first and the interleaved 
buffer bits second. 

3. Execute the following algorithm on the ordered bits: 

For k=2 to 15 

While an unused tone remains that has b
1
=k bits 

Find the lowest numbered tone that that has b1=k bits 

Assign the next k bits from the data buffer to that tone 

Esscntia.lly, the preceding algorithm assigns bits from the fast path to the tones carrying 
fewer bits. Bits from the interleaved buffCr arc, in general, assigned to tones carrying more 

bits. The reason is that the algorithm begins filling lightly loa.ded bins first and the fast bits 
are ordered before the interleaved bits (step 2). Note thJ.t one of the tones may carry bits 
from both the fast ctnd interleaved paths. 
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Note 
Another option defined for DMT ADSL uses trellis-coded modulation on each bin. In this 
case, bit ordering is done slightly differently. 1 

The tone-ordering algorithm was designed to minimize error occurrences. Jmpulses during 
a symbol (whether from an outside influence or from a clip) will cause an almost even 
amount of noise in each DMT bin. In this case, tones carrying a larger number of bits arc 
more likely to make a decoding error than arc tones carrying a smaller number of bits. 
Thus, in general, an impulse will cause more bit errors on the interleaved path and less on 
the fast path. In the receiver, the bit errors on the fast path will likely be corrected by the 
forward error correction. The bit errors from the interleaved path, although more numer­

ous than the fast path, wil\ be split up and, because they will most probably belong to dif­
ferent FEC codewords (due to interleaving), will also be corrected. Note that the main 

assumption here is that impulses do not occur regularly. 

After bits arc properly assigned to each subchanncl, constellation encoding takes place. 
The encoding technique is independent for each subchanncl. The number of points in 

each bin's constellations depends on the number bits assigned to the bin. In the range of2 
to 15 bits per bin, the constellation size range is 4 points (22) to 32,768 points (2 15 ). 

The output of each constellation encoder is a complex value. As discussed in the preceding 
chapter, this complex value represents one of the input points to the DMT modulator's 
Inverse Fast Fourier Transform (IFf-:T). For the downstream direction, a total of256 bins 

exists. Thus the output of the tone order and constellation encoder at the ATC-C is 256 
complex values. In the upstream direction, a total of 32 bins exists, a.nd so the output of 

the block at the ATU-R is 32 complex values. 

The constellation encoder block. also includes a fine-gain-adjustment function. Apart from 
the b; value, each tone h.1.s assigned to it a fine-gain-adjustment value called g;. The con­
stellation output values are scaled by this g; value. Fine-gain adjustment equalizes the prob­
ability of error on subchanncls by adjusting the output signal power (and thus the received 

signal power) by a factor in the range between -1.25 and +2 (approximately 0.75 to 1.33). 
For subchannel i, the com;tellation cm:oder's output complex value is referred to as Z;. 

At first the reason for reducing the output signal power and increasing the error probabili­
ty on a subchanncl may not seem obvious. The reason lies in the peak-to-average 1·atio 

(PAR) of a DMT symbol. PAR is simply the ratio of the peak possible power of a DMT 

sample (a time domain's value after the IfFT) to the average power of a DMT sample. A 
large PAR is undesirable because the analog front end of a modem with a large PAR. must 
have a very large dynamic range. This condition tends to make the front- end designs more 
complex and also have higher power consumption. It turns out that DMT has a. very high 

1 c- J n\ er \._ (. : _ 1. _ ._. l- -• ·· ·· - --· ·'~-- £:.. • • • _ ~'- ~·· -~'~- ·· ·'-~ - ~'--~ ~· ·~-··--- -• 
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all the individual bins add construccivcly to a high value. In many cases, chis vaJuc actuaJiy 
goes outside the linear region of the analog front end and dipping results. Reducing 
power on tones that do not need the extra power to maintain a reasonable probability of 
error reduces not only the overall output power of the modem but also the probability 
that a dip will occur. 

Note 
several algorithms are und@r development to reduce the PAR value for DMT."" 

In both the upstream and downstream direction, it is common for some of the bins to 
carry zero bits of information. The constellation encoder will output a value of zero for 
these bins. The g; values for these bins are normally set to zero. 

Modulation Block 
The heart of the transmitter is the DMT modulation block. The ATII-C and ATU-R, 
although both employing DMT, differ in the number of points being used in the 1FFT. 1n 
the ATU-C, tht: modulator has 256 bins and uses 255 complex frequency points (and their 
complex conjugates) along with rwo special points ro generate 512 real time-domain 
points. Thlls the downstream signal is made up of 256 bins or tones. The spacing between 
DMT bin centers is 4.3125 kHz with the first center at 4.3125 kH1, a.nd the highest cen­
ter at 1.104 MHz. One of the special points described previously is the tone at 1.104 
MHz. This tone is called the Nyq1,1,frt &one, is not used to carry data, and normally is set to 
zero. The other special point is a DC term that is also set to zero. Eqtn. 7 .5 gives the basic 
equation governing the IFFT. 

Eqtn. 7.5 

m I.:!! 
x, = LZ,e "' fork= 0 .. 51 I 

, .. o 

The z, value i-0 (in Eqtn. 7.4) is the DC term set to zero. The next 256 Z; values are the 
complex values coded from the QA.M conste llations for each subearricr (including the 
Nyquist value of zero). The fina l 255 Z; values arc the complex conjugates of the values 
from i,=l through i. 255 with symmetry about the Nyquist tone. An equation for these val• 
ucs is given in Eqm. 7 .6. 
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fqtn. 7.6 

z. : co,y(Z,,,_.) form : 257 .. 51 1 

For the special case of the synchronization symbol, all the Z
1 
are set to real values with 

nominal amplitude. 

The OMT modulator in the ATU-R uses 32 bins. The 32 complex values (including a 
zero for tone 32 ) representing the constellation encoding outputs for each subchanneJ, a 
DC term, and the complex conjugates of tones l through 31 produce 64 real time• 
domain values after the lfl·T operation. Again, the tone spacing is 4.3125 kHz, which 
gives a tone range from 4.3125 kHz to 138 kHz. The basic equation for the ATU-R IFFT 
is shown in Eqtn. 7.7. 

Eqtn. 7.7 

63 ;m 

x, = L Z,e"' fork= 0 .. 63 
1=0 

Herc the first value ofZ, is the DC term, and d1c next 31 arc the complex QAM encoder 
outpurs for each subchannel (including the value of zero at the Nyquist tone ). The values 
of Zi for i=33 to i- 63 arc complex conjugates of tones l rhrough 31 with complex conju­
gate symmetry about the Nyquist tone. An equation for chis is shown in Eqtn. 7.8. 

Eqtn. 7.8 

z. = conj(Z.,_.) form= 33 .. 63 

For the case of the synchronization symbol, a11 z, arc set to rca1 values with nominal ampli­
tude. 

The flexibility of DMT modulation can be seen by considering the three areas in the fre­
quency spectrum shown in Figure 7.10. 
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Figure 7.10 Spectral placement of the downstream, upstream, and POTS regions for fre­
quency division multiplex (FDM) mode ADSL 

l+-------256Bins---- -----+ 

+--32 Bins------♦ 

POTS Guard Upstream 
Band Band Band 

4kHz 30kHz 138kHz 

Downstream 
Band 

1.1 04MHz 

The lower-frequency area is the POTS band used for traditional voice transmission. This 

area is left open by the ADSL upstream and downstream signals by simply not using the 

first seven bins in both directions. Reserving the first seven bins in both directions is 

accomplished by assigning the bins in this region a Z;=0 as well as using analog filtering on 

the front end of the transmitter to filter these frequencies. Setting the complex constella­

tion encoder output to zero "turns ofr' the bin or tone. The middle frequency range in 

Figure 7.10 is used by the upstream signal. The downstream signal can leave this area free 

ifit turns off tones 8 through 32. The upper-frequency region in Figure 7.10 is used 

exclusively by the downstream cha1111eL The upstream channel docs not need to do any­

thing special to leave this region open because that channel transmits only on bins up to 

138 kHz. 

This type of Div1T operation is called frequency diJJision multiplex (FDM) DMT or ji-c­

quency division duplex (FDD) DMT. The na1rn:s stem from the fact that the duplexing 

function of the line is realized bv using separate upstream and downstream frequencies. 

Note in this case, for multiple ADSL lines in a binder group, self-FEXT exists. However, 

the more damaging self-NEXT does not exist. 

Another type of operating mode exists and is called echo-canceled (EC) DMT. For EC 

mode, the dmvnstream also transmits on all tones above 30 kHz, causing it to overlap the 

ATU-Routput in the 30 kHz to 138 kHz region. EC operation allows the downstream 

channel to achieve higher rates dun docs FDM mode 

EC operation has a couple of downsides. First, self NEXT exists at the A"TL'-C and the 

ATU-R because local tnnsmittcrs arc using the 30 kHz to 138 kHz region. Note that at 
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the ATU-R, NEXT exists only in the 30 kHz to 138 kHz; the upper part of the down­

stream band is self-NEXT free. Second, both the analog and digital portions of the 

modem design become more complex. The analog portion must handle a more dynamic 

range, and the digital portion must implement a very precise echo canceler. Though some 

ADSL implementations do employ an EC mode, many network implementers prefer FDM 
mode because of the absence of self-NEXT. 

Pilot Tones 

In both the upstream and downstream directions, one of the DMT tones is reserved for a 

pilot signal. In the downstream direction, the pilot tone is at 276 kHz, or equivalently 

tone 64. In the Ltpstream direction, the pilot tone is at 69 kHz, or equivalently tone 16. 

The pilot tones can be used to resolve sample timing at the receiver. The pilot tones will 

never be used for darn, but will always send bits (0,0) from a 4QAM constellation (the 
constellation point in the first quadrant). 

Cyclic Prefix Block 
As discussed in Clupter 6, a cyclic prefix cJ.n help to make a channel look circular so that 

equalization can occur more easily in the frequency domain. ln the downstre.im direction, 

a 32-sample cyclic prefix is appended to the 512 time-domain s,1mplcs. Rasically, the prefix 

consists of samples 480 through 511. The output sequence of the DMT transmitter con-

sists of544 samples given by x48 t> ... , x01 l' x0 , xi> ... , X;n· The cyclic prefix for the 

upstream channel is four and contains samples x(,o through x
63 

from the our-

put of the upstream 1F1'~r. Thus the output sequence in the upstream direction consists of 

68 samples given by x
60

, x
6

1> .. , x
6

~, x
0

, xP ... , x
63

. 

It is important to understand and distinguish the data frame rate and the frame rate of a 

D.i'v1T symbol as well as to understand why the bin spacing is 4.3125 kHz. The cyclic pre­

fix as well as the synchronization frame play a role in these rates and frcqu~ncies. The data 

frame rate, as explained earlier, is exactly 4 kHz (or 4 kBaud). Because every 69th frame is 

a synchronization frame, the frame rate must be slightly higher than the data frame rate 
and is given by Eqtn. 7.9. 

Eqtn. 7.9 

R = ~R }F,;,rn~ 
68 

data 

=~4000 
68 

~ 4.0588 kHz 
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Given the number of samples in the downstream direction (544) per frame, Eqtn. 7.10 

gives the sample rate leaving the ATU-C (and arriving at the ATU-R). 

Eqtn. 7.10 

= _(i\)_ 4000 frames ( 544 samples] 
Rs=pk, os 68 s frame 

= 
2208 

Msample 
s 

In the upstream direction, the sample rate leaving the ATU-R (and arriving at the ATU-C) 

is similarly given by Eqrn. 7.11. 

Eqtn. 7.11 

69 00 frames ( 68 sa.mples J 
Rs.mp1e. os ::::6840 -s- • frame 

= 
276 

ksample 

The frequency-domain resolution ofan FFT (the spacing of points after the transform) 

with 2N real time-domain samples is given by Eqtn. 7.12. 

Eqtn. 7.12 

For the downstream direction, a simple calculation with 2N=512 and a sample frequency 
of2.208 MHz give a bin spacing in the frequency domain of4.3125 kHz. Likewise, for 
the upstream direction 2N- 64 and a sampk rate of 276 kHz, the resulting bin spacing is 

also 4.3125 kHz. 

Time-Domain Equalization Block 
Though a DMT system can do equalization most efficiently in the frequency domain, a 
time-domain equalizer is generally present at the front end of the receiver. This equalizer 
generally serves two purposes. First, the equalizer removes any intersymbol interference 
from the channel that is longer than the cyclic prefix. Such interference would otherwise 

cause a symbol to interfere \Vith the next symbol in time, and the channel would not look 
circular. Second, the time-domain equalizer can be used to partially bandpass the incoming 
signal and filter out-of-band energy. For example, the time-domain equalizer at the input 
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to an ATU-C might contain a low pass section to reduce energy that is below tone num­
ber 33 and a high pass section to reduce energy that is above 138 kHz. In general, the 
implementor decides on the length and type of the time-domain equalizer used in an 
ADSL receiver. The filters are generally adaptive in nature and arc trained to initial optimal 
values during initialization. 

Demodulation Block with FDQ 
The demodulator in an ADSL receiver very much follows from the modulator. At the 
ATU-R, the heart of the demodulator is basically an FFr operating on 512 real-valued 
points. Note that before the FFT is performed, the 32-samplc cyclic prefix is removed. 

After the FFT is performed, only the lower 256 complex Ft'T ontputs arc kept, and the 
other 256, which arc complex conjugates, arc dropped. Eqtn. 7.13 describes the demodu­
lation mathematically. 

Eqtn. 7.13 

~11 j,r/-."i 

Z', = L:X,e---;;;- fork= 0 . .255 
i=O 

Herc the Z' k arc the unequalized values to be decoded by each bin's QAM constellation 
decoder. 

At the ATU-C, the heart of the demodulator is an FFT using 64 real time-domain sam­

ples. Again, the fouMample cyclic prefix is discarded before the FFT block. Only the first 
32 FFT outputs are kept, and their complex conjugates arc dropped. Eqtn. 7.14 describes 
the FFT. 

Eqtn. 7.14 

6> Jim 

Z', = L:X,e -"Te" fork= 0 .. 31 
;,,o 

At both the ATU-R and ATU-C, frequency-domain equalization is done after the FFT 

operation. As discussed in Chapter 6, this process is accomplished by simply using one 
complex multiply for each bin. The multiplier values are determined during initialization of 
the ADSL link and are normally updated either during the synchronization frame or on a 
frame-by-frame basis. 
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Constellation Decoding and Bit Extraction 
After the demodulation and equali zation, the values for each bin arc individually decoded 
u.sing a QA.i\1 constellation decoder. Decoding involves tht: same constellation mapping on 
each bin as used in the transmitter. Bins carrying zero bits do not have to be dccOOed. 

T he decoded bits from each bin arc sent to either the fas t or interleaved buffer, using the 
reverse procedure of how they were distributed. This procedure is known as bit extraction 
and is essentially the reverse of tone ordering, 

The rest of the n:ccivcr process is the reverse of the transmitter process. Specifically, de­
interleaving is done on the interleaved parh, and Reed-Solomon decoding and descram­
bling are done independently on each path. The resulting bit streams arc passed through 
the CRC check block. Note that this block docs not change any of the payload bits. 
Dcframing is then performed, at which point the fast and 5,ync bytes are decoded. If neces­
sary, the AEX or LEX bytes arc stuffed onto the appropriate channels, or a byte is removed 
from the end of the bytes of an indicated AS or L'i channel. At this point, all the incoming 
data are passed out onto the appropriate interface (including all LS and AS channels as 
well as AOC and EOC information ). 

Timing Recovery 
for proper operation of most systems, the sampling clock at the rransmincr and receiver 
must be exactly the same frequency. Put another way, the transmitter and receiver docks 
must be locked. Typically, locking is done by one end being the master d ock and the other 
1:nd recovering the clock. In an ADSL system, either end can be the master, and the deci­
sion is made during link initialization. Most often the ATU-C is rhe master, and the AT U­
R docs clock recovery. In this case, we say that the ATU-R is loop timed. Loop timing can 
be done in many ways but most often involves a phase-locked loop (PLL). The ATU-R basi ­
cally needs to recover the 2.208 MHz sampling clock. All other docks and timing can be 
found from that clock, including the frame rate , the supcrframc rate, and the upstream 
transmit clock. In addition, the upstream sampling clock of 276 kHz can be derived from 
the 2.208 MHz sampling clock. A modem may have to use the synchronization frame to 
find supcrframe boundaries. 

DMT ADSL Overhead 
As discussed in the framing sections, AOSL has seve ral overhead channels. The overhead 
includes the EOC, AOC, and the ibs. The uses of the overhead are discussed in the next 
few sections. 
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BOC Channel 
As discussed previously, the EOC is carried in the fast byre of the fast channel. The ATU-C 
uses the EOC to retrieve information from and write information to the ATU-R during 
runtime. An EOC message contains five fie lds spanning 13 bits,~ shown in Table 7.4. An 
EOC message alw-.iys stam; with a fa.st byre in an even frame number and continues into 
t he fast byte from the following odd frame. 

Table 7.4 

Bits 

1,2 

6-13 

Format of an EOC Message 

Description 

Address f ield 

Data/Opcode 

Odd/Even Byte 

Autonomous Message Field 

Information Field 

Notes 

00- ATU-R address 
01- unused 
10-unused 
ll~ ATU-C 

0- Data ( used for 
reads and writes) 
! - Opcode 
Used for multibytc 
transfe rs to dclim:atc 
successive bytes 

Set to Oby ATU-R to send 'dying 
gasp' message 

D:n a or op codes 

Information that can be read from the ATU-R incl udes lhe ATU-R vendor lD, the version 
number, serial number, results of a self-test, li ne attenuation, SNR margin , and configura­
tion information. This information is held at the ATU-R in registers that the ATU-C can 
read via the EOC. Additionally, the ATU-C can use the EOC to command the ATU-R to 
perform a self-test, send corrupt CRC values, and prepare to receive corrupt CRC values . 

Note 
Often corrupt CRCs are generated to make sure that other performance information (the 
indicator bits) are properly logging erroneous frame Information. 

The EOC protocol is very simple. The ATU-C is the master of the channel, and the ATU­
R is the slave, responding to commands from the master. The protocol uses a 
message/echo-response scheme. To se nd a message to the ATU-R, the ATU-C sends the 
message three consecutive times. These three messages rep1·esent three outstanding mes­
sages and one outstanding command. Upon receiving three identical EOC m~ages, the 
ATU-R echoes the messages by sending them hack co the ATU-C. Upon receiving three 
. ~••--- -1..- ,l'T'T 1 ,r, •- _____ __ _. .L .•• L _ ,l'T'll n ----•-' •· ____ ; .. _..J .t. _ -~-·--·-..J l f: ►L-
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VDSL Overview 
In this chapter: 

Basic deployment locations ofVDSL 

Requirements for VDSL systems 

Proposed modulation methods for VDSL 

VDSL in WAN networks 

9 

ADSL satisfies the need to send up to 8 Mbps or so over twisted pairs. However, there is 
still a need to send more data at even higher speeds. VDSL fills this void by delivering up 
to 50 Mbps. Unlike ADSL, VDSL offers both symmetric and asymmetric configurations. 
Typically, VDSL uses far more bandwidth than ADSL uses and has a much shorter reach 
due to the higher bit rates supported. This chapter covers the basic goals of this relatively 
new technology and presents some candidate implementations. As with ADSL, some 
implementations promote DMT, and others use CAP /QAM techniques. The chapter also 
includes a brief discussion of how WAN networks might implement VDSL. 

VDSL Deployment Locations 
Like ADSL, VDSL can provide frequency separation from baseband, leaving room for Plain 
Old Telephone Service (POTS). (As you will see later, in addition to POTS, other services 
such as ISDN can also be run on the same twisted pair as VDSL.) Thus each end of a 
twisted pair carrying VDSL and POTS uses a splitter to separate the two signals. At the 
subscriber's location, the modem terminating VDSL is called the VI'U-R. The very high 
speeds ofVDSL suggest that some sort of high-speed optical network will feed a bank of 
centralized VDSL modems. This central point might be a CO of some remote optical 
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node. For this reason, the peer modem to the VTU-Rmodcm is called the VfU-O (as 

opposed to VfU-C, which seems to follow from the ADSL notation), denoting an optical 
feeder. 

Note 
However, other methods of fetdfr.g VDSL banks afe certainly pos,slbl~. For e;:ample, VDSL 
can be used ai: a means to multlpl@)C and carry multlple T1 st,e al"r'IS over a short dirta(I(~. 

Figure 9.1 shows an example ofVDSL range and reach from a central deployment loca­
tion. Ifthc location is a CO, the actual area to which VDSL could be deployed, or the 

coverage area, would be much smaller than the area served by the CO (typically extending 
well beyond 12 kft). Limiting deployment to this percentage of the overall serving area 
severely limits the business potential ofVDSL. 

Figure 9.1 Range and reach of VDSL from a central location. 

Instead, VDSL deployment will likely take place from the CO as well as from optical net­

work units (ONUs). These nodes typically arc deployed in, and serve, neighborhoods, 
industrial parks, and other areas with high telecommunications traffic patterns. ONUs arc 
sometimes used in context v.,hcn discussing technologies such as fiber to the curb (FITC), 
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fiber in the loop (FITL), and fiber to the neighborhood (.FTTN). The common feature of 
these technologies is that high-capacity fiber is deployed to an ONU that serves a small 
area. The media connecting subscribers to the ONU can be coaxial cable, some sort of 

wireless link, or more probably, a twisted pair. The combination of a high-capacity link to a 
serving node, the small area served by each node, and the popularity of twisted pairs con­
necting subscribers to the serving node make a nenvork utilizing ONUs a perfect fit for a 
technology like VDSL. 

The example in Figure 9 .2 shows an area with VDSL deployment using ONUs to serve 
more remote areas and VDSL deployment from the CO (CO) to serve less remote areas. 

In the figure, simple optical links serve each ONU. In reality, optical rings or some other 
type of optical distribution might be more practical. 

Figure 9.2 Coverage area of VDSL when deployed from remote ON Us. 

The total optical bandwidth available to an ONU is usually not greater than the sum of 
potential bandwidths of all ONU users. For example, if an ONU serves 20 subscribers and 
each has a 50 Mbps VDSL link, the total potential bandwidth for that ONU is l Gbps, 

much more than the ONU would normally be fed. The ratio of the optical bandwidth 
available to the ONU to the potential aggregate bandwidth of all users is called the over­

subscription ratio. Oversubscription ratios are engineered so that performance remains rea­
sonable for all users. 
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Crosstalk Issues 

& with FDM ADSL, VDSL does not have self-NEXT. The trend toward technologies 

with no self-NEXT, or at least with limited self.NEXT, has evolved because of the 

increased performance achievable and , in some cases, the design simplifications possible 

with such implementations. Modulation schemes for VDSL and how they avoid self-NEXT 

is discussed later in this chapter. 

Many of the crosstalk analyses in previous chapters are applicable to VDSL. In addition, 

the short deployment range ofVDSL poses several new crosstalk possibilities. Consider the 

two deployment configurations in Figure 9.3 and Figure 9.4-. 

Figure 9.3 

Figure9-4 

Crosstalk scenario with VDSL and another DSL technology in the CO mix. 
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Figure 9.3 is sometimes called CO mix_l In Figure 9.3, VDSL and another xDSL technol­

ogy arc both provided from the CO and share a binder group between the CO and some 

point at which the VDSL is removed. (The VDSL might be terminated at this point, or it 

might be routed into a different binder group. ) The various types of NEXT and FEXT 

that can exist are also shown in Figure 9.3. The FEXT between the two endpoints is nor­

mally not a factor because the distance is usually large enough to attenuate the disturbing 

signal. However, other FEXT paths may exist as well. Whether these FEXT signals will be 

significant or nor depends on the lengths of the two channels as well as the frequencies 

used by the upstream and downstream channels. " 
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lit the configuration shown in Figure 9 .4, the VDSL signal is terminated at a remote 

ONU and the other xDSL signal at the CO. At one po int, the twisted pair segments carry­

ing the signals share a common binder. This configuration is sometimes called the CP 

mi.x.2 Note that it i.~ not necessary fo r the VfU-R and the other xDSL CPE modem to be 

located in the sarne building, but the twisted pairs carrying them must share a binder 

group for some length near the respective endpoints. Figure 9.4 also shows the possible 

significant NEXT and FEXT paths for the CP mix configuration. The significance of the 

FEXT paths depends on the location of the ONU as well as the frequencies used by the 

channels. Note that the endpoints of the VDSL circuit can contribute either NEXT or 

FEXT into the endpoints of the other xDSL technology, depending on the deployment 

configuration . This flexibility adds a new degree of freedom in analyzing crosstalk. 

Of particular interest is the coexistence of ADSL and VDSL. In the CO mix configuration, 

ADSL and VDSL arc both provided from the CO and share a binder group between the 

CO and the point at which the VDSL is removed. {The VDSL might be terminated at th is 

point, or it might be routed into a different binder group.) For no NEXT to exist between 

these services at the CO, the following two conditions must exist: 

The downstream VDSL signal must not overlap the upstream ADSL signal (the VDSL 

downstream signal must start higher than 138 kHz). 

The downstream ADSL signal must not overlap the upstream VDSL signal (the VDSL 

upstream signal must not overlap 138 kHz to l.l MHz). 

In addition, the downstream ADSL signal may cause a reasonable level of FEXT into the 

downstream VDSL signal since the distance between the ADSL transmitter at the CO and 

the VTU-R receiver is small. Likewise, f.EXT from the VDSL signal may pose a problem 

to the upstream ADSL signal. 

For no NEXT to exist between the ADSL and VDSL in the CP mix configuration, the 

upstream and downstream frequency spccuums of the respective technologies must not 

overlap. Additionally, VDSL FEXT into the downstream ADSL signal might occur, and 

ADSL FEXT can occur into VDSL depending on the ONU location. Owing to the short 

loop lengths supported by VDSL, the FEXT, though less severe than NEXT, might have a 

detrimental impact on the ADSL downsueam. 

Because of the need to eliminate NEXT between ADSL and VDSL systems and the possi­

bility that fEXT may indeed cause performance degradation, the spectrum allotted to 

VDSL falls above that used by either the upstream or downstream ADSL channels when 

ADSL and VDSL arc both present. In addition, when dealing with other technologies, the 

deployment configuration ofVDSL must be taken into account to decide which points 
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contrihutc NEXT o r FEXT to other points. The specific frequenc y aJlocations for VDSL 

are discussed later in this chapter (after orher influencing factors are discussed). 

RPI Issues 
VDSL receivers must deal with the issue of radio frequency interference (RFI). Included in 

RPI issues arc ingress and (ffYCSS. The cause of RH ingress is in-band radio waves from 

nearby a11rennac incident upon a twisted pair carrying the VDSL. An amateur radio anten­

na is a good example of an Rfl ingress disturber. Figure 9.5 illustrates this basic sirnation. 

Figure 9.5 RFI ingress into VDSL due to a local transmitter. 

The factors influencing the amount of ingress include d1e power outpu t of the antenna, 

the distance txrwccn the antenna .md the twisted pair, the relative orientation and shield­

ing properties of the binder group, :rnd the balance of the twisted pair itself. Normally, the 

Rfl ingress excites each wire in the twisted pair, thus creating a longitudinal ingress signal 

on the pair. Because the balance of the twisted pair is not ideal (normally it is 30 dB to 35 

dB for high frcqucncies), some of the ingress leaks into the differential signal. 

RFI ingress signals arc often very narrow in bandwidth when compared to the VDSL sig­

nal. Thii; characteristic is helpfu l, as the ingress will affect on ly a small portion of the usable 

bandwidth . 
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Another issue is that the i,,grcss signa l may be very large compared to rhc rccch•cd VDSL 

signa l. In this case, the analog front end of the receiver must be carefully designed so as 

not to saturate. In addition, some action must be taken :so that the analog-to-digital con­

verter (ADC) performs with the proper precision. The is.sue here is that a J,1.rge ingress sig· 

nal will swamp the converter, causing it to waste bits of precision on this unusable signal 

instead of on the n:ccivcd VDSL signal. Because the VDSL signal is quantized with less 

precision, the quantization noise, or imprecision due. to the conversion process, increases, 

cffoctivcly decreasing the achievable bit rate on the channel. The ADC must have enough 

range to handle the ingress signal as well as enough preci!>ion to adequately quantize the 

VDSL received signal. Even after quantization, further RFI cancellation may be necessary 

in the digital domain as documented in Jeong and Yoo's article, "An Efficient Digital RFI 

Canceler for DMT-Based VDSL," and Wiese and Bingham's article, "Digital Radio 

Frequency Cancellation for DMT VDSL "3,'t 

To facilitate the design of the ADC, the analog front end of a VDSL receiver might 

employ circuitry ro reduce RFI ingress. Reca.ll that ingress is normally present hoth longi ­

tudinally and differentially on a twisted pair. Figure 9.6 shows a method to us1.: the longi­

tudinal ingress signal to reduce the mctaUic ingress signal. 

Figure 9.6 A method to reduce ingress that uses a longitudinal signa l. 
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The filter tries to match the unbalance of the twisted pair that is essentially the mechanism 

by \Vhich the ingress reaches the differential signal. If rhc: filter ma.tchcd the u11h;:ila.nce per­

fectly, the signal at the output of the summation would consist only of the n:ccivcd VDSL 

signal (as well as cros.<1talk and background noise ). Figure 9.7 illustrates this concept via a 

block diagram. 
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Figure 9.7 A specific implementation of an RFI ingress cancellation circuit. 
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A specific implementation is described in Cioffi, ct aL 's article, "Analog RJ< Cancellation 
with SDMT. "5 Ingress reduction on the order of 35 dB can be achieved by this method. 

Note that this would be equivalent to gaining more than five bits of precision in the ADC. 

RFI egress is also a concern with VDSL. Egress is illustrated in Figure 9.8. 

Figure 9.8 An example of RFI egress. 

H erc the VDSL signal is radiated from the twisted pair and can disturb the signal received 

by local antennae if these received signals overlap the VDSL spectrum. To combat this 
problem, the VDSL transmit power in frequency regions reserved for wireless or radio 
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services must be lowered (these regions were discussed in Chapter 4, "Power Spectral 
Densities and Crosstalk Models"). Normally, 20 dB reductions in these areas will be ade­

quate to mitigate problems from VDSL RFI egress. 

VDSL Requirements 
This section discusses the more fundamental requirements put forth for VDSL systems. 

These requirements are captured in the technical reports "Very High Speed Digital 
Subscriber Line System Rcquiremcnts"6 and "Transmission and Multiplexing : Access 
Transmission Systems on Metallic Access Cables; Very High Speed Digital Subscriber Linc 
(VDSL); !'art I: Functional Rcquirements."7 It should be noted that at the time of publi­

cation, the requirements were not completely static. Also, some aspects of the candidate 
implementations in this chapter may not completely satisfy all requirements in the afore­

mentioned reports 

Rate and Reach Goals 
In contrast to ADSL, VDSL technology provides either symmetric or asymmetric data 
rates to a subscriber. The reason that both need to be supported is that some VDSL appli­
cations arc best served by an asymmetric connection, whereas others arc best served by a 

symmetric connection. Video on demand (VoD), for example, is an application that bem:­
fits from an asymmetric connection. Another application, ATM LAN extension, might bet­
ter be served by a symmetric connection. In addition, applications that do not even exist 
might turn out to be application drivers for VDSL. Defining symmetric and asymmetric 
modes of operation up front docs not limit the types of application that might one day use 

VDSL. 

Note 
This situatloo developed with AOSL. The initial application driver was VOO: however, 
lnternetAAN iC<ffl later beame an even stronger application drtver. 

Table 9 .1 shows asymmetric data rate goals for VDSL along with the approximate reach 

goals for each configuration. How the rates arc provisioned (hard configuration as com­
pared to automatically adapting to the loop) is yet to be determined. At the very low end 
of the asymmetric rates (6.5 Mbps/ 0.8 Mbps), VDSL approaches the performance limits 
of ADSL. Though it might seem logical to define even lower rates for VDSL and not 

bother with ADSL, this approach would most probably cause modems to be more com­

plex than necessary and would impact cost effectiveness. 



~ ADSL/VDSL Principles 

Table 9.1 Asymmetric Data Rate Goals for VDSL 

Downstream Upstream 
length Rate Rate Reach Goal 
Classification (Mbps) (Mbps) (kft) 

Short 52 6.4 

Medium 26 3.2 

Long 13 1.6 4.5 

Long 6.5 0.8 6 

Table 9 .2 shows rate and reach goals for symmetric VDSL operation. Many of these rates 

arc primarily intended to support ATM access systems (for example, 26 Mbps would sup­
port 25.6 Mbps ATM adapters along with some overhead). It is expected that some of the 
symmetric as wdl as asymmetric rate and reach goals will churn and evolve as VDSL goes 

through the standardization process. However, Tables 9.1 and 9.2 provide good insight 

into the probable operating ranges ofVDSL. 

Table 9.2 Rate and Reach Goals for Symmetric VDSL Operation 

Downstream Upstream 
Length Rate Rate Reach Goal 
Classification (Mbps) (Mbps) (kft) 

Short 26 26 

Medium 13 13 

Long 6.5 6.5 4,$ 

Frequency Allocation 
The frequency ranges available for VDSL to use. arc limited by the need for compatibility 
with other DSL technologies as well as RFI concerns discussed previously. The base power 

spectral density (PSD) mask for VDSL appears in Figure 9.9. 
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Figure 9.9 The basic PSD requirements of a VDSL transmitter. 
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This basic template has a PSD of -60 dBm/Hz from l.l MHz to 20 MHz. This range 
would normally be considered the usable part of the spectrum, and the rest would be 
considered sidebands. In the ADSL band, the PSD rolls off so as to minimize the crosstalk 

degradation into adjacent ADSL lines. A POTS or ISDN link could be run on the same 
line as a VDSL system using this mask, given that a splitter was used to separate the 

signals. 

The mask shown in figure 9 .9 may cause excess egress and interfere with local antennas. 
In this case, a notching option can be applied resulting in the mask shown in Figure 9.10. 
Herc bands known to be prone to causing egress into existing radio/wireless services arc 

notched down to a level of -80 dBm/Hz ( essentially reducing the egress power in the 
notched areas by a factor of 10). The notched frequency regions can still transmit informa­
tion if the received SN Rs across the regions arc favorable. 

Note 
Of course, if egress is a problem that causes a band to be notched, ingress may likely exist 
ln the same band as well (the local antennas may transmit as well as receive), further 
degrading the SNR and causing the notched bands to be useless for transmitting data. 
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Figure 9.10 A VDSL PSD with notches to reduce RFI egress. 
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A power boo!it option has also been proposed for VDSL When ADSL curnpatibility i_., not 

necessary (perhaps because a service provider did not deploy ADSL), this option would 

not only boost the VDSL level iti the 1.1 MHz to 20 MHz region but also allow the 

usable end to stretch down ro abour 300 kH7.. Below 300 kHz, the PSO would roll off 

and eventually intersect with rh.it shown in figure 9.9 so that ISDN and POTS cou ld be 

supported. 

It may take trial deployments of VDSL to determine which spectral mask properties are 

more dc..,irablc . Real-life deployment may also flag new problems needing to be m•crcomc. 

In addition, VDSL spectrum requirements may depend on territory. In any case, Figure 

9.9 provide~ :at least a starting point to understanding VDSL PSD development. 

One final note on the VDSL PSDs discussed is that the masks do nm assmm'. anything 

about symmetric versus asymmetric operation nor upstream and down.~tream channels . As 

I discussed previously, implementations arc free to use the frequencies within the defined 

mask in any way they want, althm1gh self-NEXT avoidance will likely be neccssar}' for per­

formance reasons. The following sections d iscuss different proposed implementations of 

VDSL. You will sec that several mcrhods are employed to abide by the PSD rcquiremcms 

and, at the same time, avoid self• NEXT. 
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Modulation Methods for VDSL 
Several different modulation methods h.ive been developed to satisfy the requirements of 

VDSL. At the time of this writing, VDSL was still very early in the standardiz::ition process, 

and many derails of the proposals arc yet to be specified (for example, fram ing content i.~ 

nor yet known ). Though many proposals currently exist for VDSL, most fall into two catc· 

gorics: a time-domain duplexing (TDD) category and a frequency-domain duplexing 

(FDD) category. DiffCrcnt modulation methods within each category exist as wdl. The 

ideal mctl10d by which standardization can be achieved is to choose a modulation method 

:ind fill in all of the implementation derails necessary for a standards document. In reality, 

one or more of the methOOs arc likely to become standardi:zcd (or at least implemented by 

service providers), mainly because of the lack ofconscnsu.'\ or compromise o n behalf of the 

standardization body members. The following sections describe wme of the candidate 

implementations. 

1DD Approaches 
TDD is a half.duplex approach for sending signals between two endpoints. Basically, one 

modem transmits while its peer modem only receives. After a set amount of time , the 

process reverses, and the first modem only receives while its peer transmits. Tbis basic con­

cept is shown in Figure 9 .11. 

Figure 9.11 An example of TDD. 

VTU-0 b 
Transmit 

SILENT 

VTU-R l\\.._ 
Receive 11OFF 

tp ~ 

VTU-R I 
T1ansm~ 

SILENT .-----, 
'-----'-=------4-\,- ----1~.~ 

~~ 1~ _o,, _ _ -,-,,...,..._•t==J_~• 
-•P• 



~ ADSLfVDSL Principles 

Sometimes this method is known as "'ping-pong" for obvious reasons. In each direction, 

the entire usable freqw:ncy band can be used to send information, and thus no separate 

upstream and downstream PSD need be defined. 

The most popular TDD approach proposed tOr VDSL is rhc synchronous DMT approach 

(SDMT ). Essentially, this technology employs many of the same fundamental blocks usc:d 

in ADSL along with the capability to gate the output of the transmitter. (Though many of 

the same blocks arc used, the parameters, such as FFT/IFFT siu, will be different.) Figure 

9.12 shows a block diagram of an SDMT transmitter and receiver. 

Figure 9.12 Block diagram of an SDMT transmitter and receiver. 

Figure 9 .12 is very similar to the DMT-based ADSL diagram discussed in Chaptcc 7, 

"ADSL Modulation Specifics." The actual impkmcntarion of these blocks will no doubt 

undergo ch~nges in the early stages of VDSL. A discussion of the blocks in order to 

explain the main concepts of SOMT follows. 

Non-Modulation-Specific Blocks 

Some of the blocks in rigurc 9 .12 should be wdl understood by now, and impkmcnrarion 

details arc nor necessa ry for an undt:rstanding of SDMT. These blocks include the scram­

bler and descrambler, rhc fEC blocks, and the interleaver and de-interleaver blocks. In 

addition, block implementation i~ not yet static. Some of the common implementations 

seen li:)r other DSL sysc~ms, including self-synchronizing. scramblers and descra mblers, 

Recd-Solomon FEC blocks in GF(256), and convolutional interleaving, arc likely imple­

mentation candidates . 

To a lcsst:r cxtcnr, framing and tone onkring/constcllarion encoding an: not modularion­

spccific blocks. Of rnurse, the tone-ordering and constellation-encoding algorithms must 

lrnow the number ofsubchannncls in the modulation path. for SDMT, the number of 

subchanncls supported is 256. As with DMT-h:.1scd ADSL, some of these subchannels 

ITilL'>t not be used so that the SDMT output spectrum conforms to the VDSL PSD mask. 

Because SDMT is a half-duplex modulation scheme, each transceiver will u:se 256 tone:;, as 

opposed to DMT ADSL, where upstream and downstream transmitters used a different 

number of tones. 
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SDMI' Modulator 

The .SDMT modulator accepts a vector of 256 complex values from the constellation 

encoder. Each of these values represents a constellation point for a subchannel or equiva­

lently, the cosine wave magnitude {real parr) and sine wave magnitude (imaginary part) of 

the time-domain waveform produced for a subch:mnel. The complex conjugates of the 

256 complex values are then appended to the vector so that the new vector has complex 

conjugate symmetry. An IFI-'T is performed, as givcn by Eqtn. 9.1. 

Eqtn. 9.1 

Sil J,dn 

x, ; L Z,e '" fork ; 0 .. 511 

Herc the vector Z represents the vector with complex conjug.itc symmetr}'- The output 

vector of the IFFT contains 512 time-domain values (all real). This ffFT transform is 

identical to that done in a downstream DMT AOSL transmitter. 

Cyclic Prefix Block 

The cyclic prefix block adds the last L sample points of the 512-poinc time-domain vector 

to the beginning of the vector. L ca.n be any integer less than or equal to 64. The new 

time-domain w:ctor will be given by ("5l l - L/511- L+l,X511- L+2,0/5 l l,XO,'l,0,·' 511). 

Adding a cyclic prefix makes a channel appear to bc circular so that equa!i?.ation can be 

Jone in the frequency domain. The 512 time-domain samples al ong with the L sample 

cyclic prefix represent one SDMT symbol. The choice of Lis further discussed in the next 

section. 

Note 
If the channel's impulse response is longer than the cyclic prefix, the channel will not look 

circular. A time-domain filter ln the receiver must be used in this case. 

Superframe Strttcture 

SDMT uses a supcrframc structure with duration of 500 µs. Thus the supcrframc frequen­

cy is 2 kHz. A supcrframe consists of a number of downstream symbols followed by a 

quiet period and then a number of upstream symbols followed by a quiet period. figure 

9.13 illustrates an SDMT frame structure. 
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Figure 9.13 Sample S0MT frame- structure. 
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By varying the number of downstream symbols sent and the number of upstream symbols 
sent, the average upstream and downstream bit rares as well as the bit rate ratio can be 
controlled. 

Consider the examples shown in Figure 9.14. The first shows an 8:1 downstream to 
upstream ratio, the second a 2:1 ratio, and the th ird a I :1 ratio (symmetric example). 
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Self-NEXT avoidance is relatively straightforward when lines sharing a binder group use 
the same symmetry ratio. Jn such a case, the frame structure of all lines must be aligned so 
that all VTU-Os transmit simultaneously and likewise receive simultaneously. Ifno VTU-O 
transmits while another VTU-O receives, then self.NEXT doc-snot exist. Aligning the 
superframcs of all VDSL lines in a binder group is not tri"ial, but is ce rtainly possible. For 
the 2:1 ratio case, self-NEXT eli mination is illustrated in Figure 9.15. 

Figure 9.15 
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Self-Next avoidance in an SDMT system. 
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Though it is not possible with this scheme to perfectly eliminate self· NEXT, the self­

NEXT levels arc predictable and line rates can be adjusted accordingly when self-NEXT is 

present. 

Sampling Considerations 
Up to now, the number of samples in a frame has been discussed, as well as the length of a 

supcrframc. Not discussed yet is the duration of a sample ( or the inverse of that being the 

sample rate). Following from the sample rate is the number of frames in a supcrframc, the 

highest frequency used in the system, and the width o f CJ.ch frequency bin. Remember that 

all blocks up co the output of rhe modulator have functionality that does nor depend on 

the output sample rate. Of course , the reason is that the length of a superframc is fixed 

(500 µs); the higher number of frames per supcrframe implies that the blocks leading up 

w the modulator must perform their functions more quickly. 

Three sampk rates arc proposed for SDMT: 11.04 MHz, 22.08 MHz, and 44.16 MHz. 

For these rates, Table 9.3 shows the maximum operating frequency, bin width, numl,cr of 

samples per superframe, and approximate number of frames per supcrframc. When more 

frames exist per superframe, the net data rate in each direction can be higher. Thus short 

lines supporting the extremes of the required VDSL rates use a sample rate of 44.16 MHz. 

Table 9.3 

Sampling 
Frequency 
(MHz) 

]l.04 

22.08 

44.16 

Maximum Operating Frequency, Bin Width, Number of Samples per 

Superframe, and Approximate Number of Frames per Superframe 

Maximum 
Frequency 
(MHz) Bin Width Samples per Frames per 

(approximate) (kHz) Superframe Superframe 

5.52 21.5625 5520 JO 

11.04 43.125 IJ040 21 

22.08 86.25 22080 43 

For the lowest sample rate, the total number ofsampks per supcrfnunc is 5520. Given 

th:1t each frame contains 512 base samples along wirh a cyclic prefix of between O and 64 

samples, the maximum possible number of frames per superframe (assuming a 40 sample 

cyclic prefix) is 10, leaving no samples to be used for the quiet period (30.4 us). This sce­

nario is not very practical, as some \inc turnaround time will be necessary for proper half­

duplex operation. 

The length of lhc quiet time can b<! increased by reducing the number of samples used in 

rhe cyclic prefix (which may increase the from-end filrering needs of the receiver) or by 
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decreasing the number of frames per supcrframc to nine. The latter method would kave, 

using the maximum length cyclic prefix, a minimum of 336 samples for the quiet times, or 

approximately 30.4 us. This time would be divided between the two required quiet peri­

ods (though it might not be even ly divided). For the higher sample rates, similar calcula­

tions can be done to determine chc lengths of the cyclic prefixes and quiet times. It is 

intended that many of the parameters including the sample rate, the number of frames per 

superframe, and length of the cyclic prefix and quiet times be negotiated during startup. 

RFI Cancellation Circuitry 
GcneraJly, the front end of an SOMT receiver contains an RH cancellation block. As dis­

cussed earlier, this block is necessary to combat ingress from local RFI sources. Normally, 

some type of cancellation is necessary before the analog-to-digital conversion process to 

adequately digitize the received signal with minimal quantization noise. 

Receive Blocks 
Much of the functionality in the receive path of an SDMT modem fol lows from the dis­

cussion of the receive path of a DMT modem. Time-domain equalization is done to short­

en the channel impulse response to less than the length of the cyclic prefix. An FfT is 

done on a block of 512 received samples, yielding a complex vector with complex conju­

gate symmetry. Frcqucnc}'-domain equalization is performed on the lower 256 values of 

the FFf output, each complex VJ.lue representing the received component from a singk 

bin. Constellation decoding and error correction is done before the data is demultiplexed 

by a framer. 

Fin.al Wordr on SDMT 
As a candidate for VDSL, SDMT has several advanr-.J.gc.~. fi rst, the use of TDD allows for 

easy control over the upstream and downstream data rate ratio. Second, because SDMT is 

half-duplex, a hybrid is not needed on VDSL modems, and the sharing of digital circuitry 

bcnveen the transmitter and receiver (the FFT/IFFT circuitry for example) is possible, 

allowing for complcxiry reduction. Third, the nature of multicarrier modulation allmvs for 

flexibilit)' in dealing with narrowband interference from RrI and can easil)' reduce egress in 

a band by simply reducing the power on a tone. 

One issue related tO SDMT is the requirement to properly synchronize frames for VDSL 

lines in a common binder group. If all lines emanate from a single ONU, this synchroniza­

tion might be feasible by using a common clock. However, when independent ONUs feed 

VDSL into the same binder group, achieving frame .,ynchronization is much more diffi­

cu\r. 
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FDD Approaches 
FDD approaches to transmission are similar to those discussed for ADSL This approach 

uses full-duplex transmission and separates upstream and downstream transmissions by 
using diffCrent frequency bands for each. CAP /QAM-based techniques lend themselves 
nicely to an FDD approach, as the basic spectrum can be positioned anywhere, depending 
on the hilbert pair filter responses in the case of CAP and center frequency in the case of 
QAM. A second method discussed here is an FDD method utilizing DMT. This method is 

sometimes known as Zipper. 

Note 
FDD approaches to transmission include CAP/QAM-based ADSL and FDM ADSL. E(ho• 
canceled ADSL is partially an FDD approach, but not completely because some of the 
upstream and downstream bands overlap. 

CAP/QAM-Based FDD Systems 
CAJ) and QAM technologies offer another method of implementing VDSL The basic 

blocks in the modulation system arc similar to those used in CAP /QAM ADSL implemen­
tations . .for VDSL, the proposed CAP/QAM implementation can run in symmetric mode 
as well a.$ asymmetric mode. In asymmetric mode, the upstream channel's frequency range 
starts at about 1.12 MHz and can go up as high as about 2.12 MHz. Different symbol 
rates arc defined as well as different constellation sizes to control the upstream data rate. 

The downstream channel begins at around 2 MHz and can range up to about 18 MHz. 
Again, different baud rates and constellation sizes can be used to provide different down­
stream data rates. Self-NEXT is avoided simply by using different frequency bands for 
transmission in the two directions. 

Symmetrical service is handled in a very interesting way by CAP /QAM-based VDSL. For 
symmetric operation, nvo upstream channels exist: one from 1.12 MHz to 1.6 MHz, and 
one from 11.30 MH"/- extending up to 19 .8 MHz. The downstream channel sits between 

the nvo upstream channels and ranges benveen 2.4 MHz and up to 10.7 MHz. Again no 
self-:--JEX'f exists because the upstream and downstrcam channels do not overlap in fre­
quency. 

Figure 9 .17 shmvs the various spectrums utilized by CAP /QAM VDSL for symmetric and 
asymmetric service. 

Figure 9.17 
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Upstream and downstream spectra for CAP/QAM-based VDSL 
for {a) asymmetric rates and (b) symmetric rates. 

LJ~LJ 

The figure shows different downstream baud rate options (and thus frequency ranges). 

When mixing symmetric and asymmetric services, in some cases self-:N"EXT will occur. 
Note that the highest baud rate downstream carrier overlaps the higher upstream regions 
in the symmetric frequency plot, which would cause a problem. However, some of the 
other downstream symmetric options would not, as they end below the higher upstream 

channel. As CAP /QAM VDSL modems mature, some of the frequencies may change; 
however, the basic implementation strategy is likely to remain the same. 

RF egress control is a bit more difficult for CAP /QAM-based modems. Recall that 

SDMT-based modems could simply lower the power in a subcarrier at frequencies where 
power reduction was necessary. CAP /QAM modems must use time-domain filters to do 
this. Digital filters can normally be implemented for this task, but their flexibility with 
respect to changes in the power reduced frequencies and the amount of power reduction is 
.,_,... .....,,.,.,h,, ,. ,.,.,.i,,r,.,l 



~ ADSLfVDSL Principles 

DMT-Based FDD Systems 
A second FDD method for VDSL uses DMT and is a relatively new modulation scheme 
named Zippe r. Zipper is a timc- !>ynchroniud ve rsion of DMT u.'i ing 2,048 subchannels 
going up m 11 .04 MHz. Each subchannd has a width of about 5.309 kHz. A subchanncl 
in Zipper can be used for upstream transmission or for downstream transmission, but not 
for both. If all lines in a binder use a similar bin assignment, then no sel f-NEXT will be 
present. (The frames must be time aligned as well so that crosstalk is orthogonal to the 
received signal. ) In addition, subchannd usage can be chosen in a way that minimizes 
NEXT interaction with other services. Zipper has many of the same ~ncfits as SDMT 
with regard to ingress and egress handli ng flexibility. Though a relatively new addition to 
VDSL implementation, this modulation method may develop into a powerful tool for 
high-speed access. 

VDSL in WAN Networks 
The speeds that VDSL supports make it suitable for many types of applications. Many 
applications that exist today may use VDSL as a transport mechanism; some applications 
yet to be developed may also use VDSL. A good example ofVDSL us.age is the full-service 
network dc.-:scribcd later in the chapter. 11-te following sections desc ribe video services and 
data services that utilize VDSL. 

Video Services 
The high-rate options ofVDSL make ic a vcr}' good access technolog}' for VoD. Figure 
9 .18 shows a system using VDSL in this appli<..-ation. 

Figure 9.18 VDSL used in a network providing video services. 

+------~:------
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The video server in this example ~ends digirat video over ATM through access equipment 
to the VDSL loop. At the customer end, some type of video codec converts the digital 
video to the proper signal for the display screen. The digital video wou ld likely be com­
pressed, and the codec would p..:rform decompression. It is also likdy that PPP would not 
be used on this connection, as it migh r not be the most efficient protocol for carrying 
high-speed video. Another control channel might use PPP for authentication and billing. 

Data Services 
Many data service possibilities exist for VDSL. In the near future, VDSL might be overkill 
for residential Internet access and Web surfing. However, back-hauling data traffic between 
locations using twisted pairs might be more reasonable. VDSL could also be used to con­
nect larger offices and corporations to data networks in lieu of fiber connections. As ti me 
goes on, more and more opportunities are likdy to exist for VDSL to carry data. 

The Full-Service Network 
Because of the high bit rates supported by VDSL, it is often thought of as an access mech­
anism to a full-service network (FSN). This type of network is intended to serve all che 
communication needs of a subscriber, including voice, video, and data applications. Such 
an all encompassing network. cou ld replace today's telephone system and cable system, and 
it could add extra features such as video tdcphony. A full-service access network (FSAN), 
consisting primarily of telephone and service provide.-s, is working to piece together cxjsc­
ing standards where available and stimulate new standards to define a FSN. 

Summary 
This chapter focused on VDSL. The basic needs that VDSL is intended to fulfill were.-: dis­
cussed along with several candidate VDSL implementations. The approach differences of 
these implementations were highlighted, along with some pros and cons of each. Finally, 
VDSL network applications were discussed. The true direction and application drivers for 
VDSL are yet to be seen, but any technology promising the delivery speeds ofVDSL has 
great potential. 
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