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ABSTRACT

High-speedhigh-resolutionanalog-to-digitalcorverters(ADC) are one of the major
bottlenecksn digital communicatiorsystemsEvery extra bit requirementn ahigh-speed
flash ADC roughly doublesthe silicon areaand power consumptiorof the chip andfur-

thermore, complicates ADC design.

This thesisinvesticatesthe ADC requirementdor wired communicationapplications
and presentsan efficient partial analogequalization(PAE) approacho reducethe front-
endADC resolutionrequirementThe contrikutionsof this thesisincludetwo majorcom-
ponentsFirst, ananalyticalstudyelaborateshe benefitof partialequalizationin termsof
ADC bit requirementsSecondanimplementatiorof a high-speedAE / ADC, combined
onasinglel1.8-V CMOScchip, is demonstratedndthe benefitof 2-3 bits improvementis
verified,experimentally Moreover, the optimizationof PAE coeficientsandthe similarity
of 2-tap PAE to an analogfirst-orderdecorrelatoiis investigated. The analyticaldiscus-
sionsincludestudyingthe benefitof PAE in basebandystemswith bothfeedforwardand
decisionfeedbackequalizersSimilar benefitsof PAE in a passbananodulationsystemis
also discussed as an appendix for future research direction.

Thetamgetapplicationfor this thesisis 622 Mb/s over a 300-mcoaxialcablefor serial
digital video datatransmissionsThe proposedPAE along with a 6-bit 400-MHz flash
ADC wasdesignedandfabricatedn a 0.184um CMOS processThefabricatedchip con-
sumesl06 mW of power with 34-dB SNDR at 250 MHz samplingclock. For a400-Mb/s
datatransmissiorover a 240-mcoaxialchannelexperimentaresultsshavedanerrorper-
formance impreement equialent to an 8-bit-ADC system.
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CHAPTER

Introduction

1

1.1 Motivation and I ntroduction

Datacommunicationplaysa majorrole in themodernworld from theindustriesto the
everyday life. The advancementf this role in recenttimes has createdan increasing
demandfor higherdatatransmissiorrates,over longer pathsandfor the lowestcostfor
differentapplications.Thesecommunicatiorpathsvary from large distancesuchasthe
onesin wide or local areanetworks (WAN / LAN) to just a few inches,asseenin high
speed links on a printed circuit board between ¢tips.

The limitations of datatransferratesover differentwirelessandwired channelsare
causedy theimperfectionsof the channelgsuchascableattenuationdispersionn fiber
optics, crosstalk andfading) andthe practicallimitations in transcevrer building blocks
(suchaslinearity, noiseand clock jitter). The achievable signal-to-noiseatio within the
availablebandwidthcanbe usedto find the theoreticalupperlimit of the datarateaccord-
ing to the Shannon Theorem [1].

The meansof achieving higher dataratesover band-limitedchannelsinclude using
multi-level signallinganddigital processingncluding digital equalizationwith the aid of
an appropriatefront-end analog-to-digitalcorverter (ADC). The designof high-speed
high resolutionADCs is a majorchallengan recever design.Every extra bit requirement
in ahigh-speedlashADC, roughlydoubleghesilicon areaandpower consumptiorof the
chip and furthermore,complicatesthe designat high speedwith regard to the effective
number of bits [2][3][4].



Communicatiorchannelswith large attenuatiorcausdarge inter-symbolinterference
(IS1). Equalizersareresponsibldor minimizing thelSI errorby compensatingor channel
attenuationln the caseof digital equalizationas|SI increasesmoreresolutionis needed
for the front-endADC beforethe equalizer Using full-analogequalizerdo eliminatethe
demandfor accurateADC and digital equalizationis an approachusedin mary wired
communicatiorapplicationg5][6][7][8][9]. However, therearemary practicaldifficulties
in thedesignof high speedadaptve analodfilters with large orders,suchasdc offset[10],
mismatcheffect [11][12] and nonlineardistortions.Thesedifficulties are aggraiatedin
shortchannelCMOS technologiesat higher speedsand longer cablechannels Alterna-
tively, adaptve digital receverswith afront-endADC offer mary advantagesuchasreli-
ability andflexibility [7]. For example digital decision-feedbac&qualizer§DFE) with no
channehoiseenhancementligital pulseshapinganddigital clock recovery arefeasiblein
asystemwith an ADC. Moreover, the benefitof shrinkingCMOS technologylies mainly
in favour of digital circuitries. Therefore low orderpartial-analogequalizersratherthan
full-analogonesareexcellentcandidatedor relaxingthe ADC anddigital circuit require-
ments.

Few partial analogequalizers(PAE) have beenreported[13][14][15]. However, the
trade-of betweenthe orderof partial preprocessin@nd their actualeffect on the ADC
performanceenhancemerttasnot beenelaboratedin this thesis,we discusshe effect of
the numberof ADC bits or quantizationnoisein a digital communicationsystem,and
introducepossibleanalogpreprocessin@s a meansto reducethe effect of quantization
noise.In low-noisechannelsuchascoaxialcablesandin high speedsystemsvherelow
resolutionADCs areused thequantizatiorerroris of greateiimportanceln thisthesis by
studyingthe ADC requirementandpartial equalizatioreffect, an efficient two-tappartial
analogequalizeiis shavn to significantlyrelaxthe ADC requirementsThisis particularly
true for the communicatiorsystemswith channellossesgreaterthanabout20 dB at half

the baud-rate.

Thetwo-tappartialanalogequalizatiorapproacttanbe viewed asafirst orderdecorr-
elatorwhich by reducingthe ADC input samplesorrelationreduceghe crestfactorof the
ADC input[16]. Furthermorethe quantizatiomoisein the reconstructesgignalafterthe
ADC will be corvertedto a lowpassshape.This lowpassshapednoiseis not enhanced
muchby theexisting equalizerafterthe ADC. To considerall practicalaspect®f this effi-
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cient PAE approacha 400-MHz 6-bit ADC with a flasharchitecturealongwith anadap-
tive 2-tap PAE is implementedn 0.184m CMOS technology[17]. Experimentakesults
demonstrat¢éhatthe combinationof partialanalogequalizatiorwith a 6-bit ADC achieres
betterperformancehanan 8-bit ADC systemfor our targetapplication.The extra power
andareaconsumedy the PAE is 12% and17%,respectrely. A variety of circuit design
issueghatexist in the designof the proposedanalogpreprocessoandthe high speedana-
log-to-digital cowerter are also addressed in this thesis.

Thetargetapplicationin thisthesisis 622-Mb/sdatatransmissiorover a 300-mcoaxial
cablewith a 4-level non-return-to-zer@ulseamplitudemodulation(NRZ PAM) scheme.
Coaxial cablesare a commonphysical mediumin wired communicationsapplicablein
digital video transmissiorand also asthe backboneof mary networking applications A
300-m coaxial cable channelcausesa considerableamountof ISI and hasa magnitude
lossof about32 dB at 155.5MHz[18]. The 622 Mb/s rateis compatiblewith the STS-12
OC12standarderiginally developedfor fiber optic channelsAlthoughthe majorapplica-
tion addressetiereis digital serialvideoapplicationsover coaxialcablesthe conceptand
the designwithin this thesiscanbe extendedto otherwired applicationsandvariousdigi-
tal serialapplicationswith large channelloss and ISI. This would include readchannel

applications, high speed links on PCBs and flat panel cables.

1.2 ThesisOutline

In Chapter2, the applicationsandtheoreticalbackgroundor this work arereviewed.
This includesan overviev of wired communicationscoaxial cable channelsand serial
digital videoapplicationsandstandardsA block diagramof a digital communicatiorsys-
tem, comparisonof NRZ line codewith others,the variouskinds of adaptve equaliza-
tions, adaptve filtering andcoaxialcablemodelingandtheir characteristicarethe topics

briefly discussed in the background chapter

Chapter3 startswith areview of the effect of ADC resolutionon the performancef a
basebandommunicatiorrecever. This is doneprimarily by studyingquantizationnoise
and ADC input signal characterizingNext, a formula is developedthat determineghe
requiredADC resolutionin agivencommunicatiorsystemwith adesirederrorrate.Using
theseresults,ADC bit requirementreductiontechniquesare discussedSystemsimula-



tions in this part suggestthat a partial analog equalizationapproachis an efficient
approach Consideringthe partial equalizeras splitting a digital equalizerinto separate
analogand digital filters, the optimizationof this splitting, regardingthe ADC require-
mentreductionfor a givenerrorrate,is discussec&ndcomparedSystemlevel simulation
resultsshav thata 2-tappartialanalogequalize(PAE) is anefficient choice,comparedo
a slightimprovementfor higherorderPAEs for the purpose®f ADC requirementeduc-
tion. A 2-tapPAE techniqueas comparedvith thefirst orderfeedforward decorrelatoand
it is shavn thatthe correlationof the ADC input sampledor determiningthe singlezero
of the2-tapPAE canbeused A performanceomparisorof a 2-tapPAE in FFEandFFE/
DFE systems is presented. Systerelsimulation results concludes Chapter 3.

Chapter4 discusseshe issuesinvolved in the circuit implementatiorof the proposed
front-endfor our targetapplication.This front-endconsistsof a 2-tap PAE followed by a
6-bit 400-MHz ADC. In the beginning, several candidatetopologiesfor PAE designare
comparedrom a circuit designpoint of view. The chosertopologyusestwo setsof triple
interleaved sample-and-hold&/H) followed by two variable-gin transconductors cur-
rentto voltagecorverter anda voltagebuffer for driving the ADC input. In eachpart,the
backgrounctircuit issuesarereviewed andthe designdecisionsandcontritutionsarejus-
tified. In additionto the contributionsinvolved within the designof the main architecture
andcircuit blocks, thereexist somedesigntechniquecontritutionswithin the peripheral
circuit blocks.Theseincludeanon-overlaptriple clock generatgrusinga masterclock for
interleved S/H andplacingadaptve leadcompensations the transconductorslheoret-
ical details for the latter one are discussed in Appendix A.

A flasharchitecturevaschoserfor the 6-bit 400-MHz ADC design.The specifications
of the ADC werechoserslightly higherthanwhatwasneededor thetargetapplication A
brief backgroundor differentADC architecturesanda comparisorbetweerthem,is dis-
cussedn thebgginningof the ADC sectionin Chapter3. Comparatodesign,autozeroing
techniguesandoffsetcancellationsdigital back-endandcontrol circuits arethe maincir-
cuit issuesdiscussedn the secondhalf of Chapter4. The relevant simulationresultsin
eachpartare presentedFinally, layoutissuesmary of which are particularly critical for
the ADC implementation conclude this chapter
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Chapter5 presentsthe experimentalresults for the fabricatedchip. Theseresults
includefunctionaltests,signalto noiseanddistortionratio analysis,ntegral nonlinearity
differentialnonlinearitycharacteristiceanda performancesvaluationof PAE/ADC front-
endin an experimental240-m coaxial cabletest setup.This communication-systertest
setupincludedan off-chip adaptve digital equalizer For othercommunicationchannels
specificationsanotherexperimentwith anarbitraryfunctiongeneratomwasperformed At
theendof this chapterthe characteristicef the chip aresummarizedandthe chipis com-
paredto otherstate-of-the-arADCs. Accordingto the experimentakesults the combined
PAE/ADC consumesl06 mW of power with 34 dB SNDR at 250 MHz samplingfre-
gueng. Usingthe proposedAE, the ADC performancevasshavn to beimproved by 2-
3 bits at a cost of 12%w&a area and 17%xta paver.

Chapter6 presentsoncludingremarksalongwith suggestion$or continuationof this
work and future research.

Appendix A presentghe theoreticalanalysisof the transconductorsircuits in PAE
with regard to its feedback loop, and adaptcompensation.

AppendixB presentghe global gradientsearchalgorithmfor PAE coeficient optimi-
zationin detail. This optimizationconsidersboth ADC resolutionrequirements|SI and
channel noise reduction, simultaneously

AppendixC presentghe preliminarysimulationresultsfor oneof thefuturedirections
mentionedin Chapter6. This includesthe ADC resolutionrequirementor a carrierless
amplitudephasemodulation/quadraturamplitudemodulation(CAP/QAM) communica-
tion systemasopposedo basebandystemsFirst,the CAP/QAM systemis briefly intro-
duced. Then a new architecture,using partial analog equalizationand demodulation
techniquas presentedAccordingto simulationresults for anapplicationof 1.2 Gb/sover
a 200-mcoaxialcable,the proposedopologywith two 300-MHz 6-bit ADCs, alongwith
two 3 to 5-tapanalogFIR partial equalizerfilters, givesthe sameerror performanceasa
cornventionalsystemwith a 900-MHz 8-bit front-endADC. The implementatiorandcir-
cuit design issues of the purposed architecture is a suggested topic for future research.






CHAPTER

5 Background

2.1 Introduction

In this chaptey applicationsandtheoreticalbackgroundor this thesisand future dis-

cussions throughout the folling chapters are veewed.

2.2 Wired Data Communication Overview

Wired channelsare a major physical mediumin the telecommunicationgndustry In
wired communicationsthere are trade-ofs betweenthe speed,Jength and price and/or
guality of thecablesused Coaxialcablesandtwistedpairs,shavn in Fig. 2.1,arethemost
commonlyusedcopperwired channeldor relatvely shortdistancesOptical fiber cables
are used for longer distances, up to tens of kilo metres.

Twisted-Pair
l Outer Jacket \
J \ @
/ /
W\-f
e A=
\-’ Insulation
(@) (b)

Figure 2.1: (a) Coaxial cable. (b) Unshielded twisted pair (UTP).

2.2.1 Twisted Pairs

Unshieldedtwisted pair (UTP) cablesare widely usedin local areanetwork applica-
tions. UTP cablesare categorized basedon their quality: CAT1 to CAT5/5e and the



recently-introducedCAT6. For example,1000Base-T(IEEE802.3)uses4 pairs of UTP
catbwith 256 Mb/s on eachpair. The maximumUTP cablelengthfor Ethernetapplica-
tions is 100 m. [19].

Transmittingdataover existing telephondineson top of the plain old telephoneservice
(POTS) at frequenciesabove 20 kHz is known asxDSL (digital subscribdoop) [20]. In
xDSL standardsipstreanmanddownstreandataratescanbe symmetricor non-symmetric.
Differentversionsof the xDSL standardexist. Their speedsand maximumecablelengths
aresummarizedn Table2.1.VDSL is the highest-ratdDSL technologyrunningat speeds
of upto 52 Mbpsover 1 kft (300 m) of twistedpair over a frequeny bandof 200kHz to
30 MHz.

Table 2.1: xDSL Standard types

DSL Type Symmetric / Loop Downstream  Upstream
Asymmetric Range (kft)  (Mbps) (Mbps)
IDSL symmetric 18 0.128 0.128
SDSL symmetric 10 1.544 1.544
HDSL (2 pairs) symmetric 12 1.544 1.544
ADSL G.lite asymmetric 18 1.5 0.256
ADSL asymmetric 12 6 0.640
VDSL asymmetric 3/1 26/52 3/6
VDSL symmetric 3/1 13/26 13/26

2.2.2 Coaxial Cables

Coaxialcablesconsistof onesolid wire in the centerof a meshjacket,asshowvn in Fig.
2.1. Differenttypesof coaxialcables known asRGn', exist andarecateyorizedbasedon
theirimpedancendquality. For example50-Q RG8cableis usedin backbonenetworking
atarateof 10 Mb/sfor upto 500m. Table2.2 shonvs a summaryof commonlyusedcoax-
ial cable types, with somea@mple applications.

1. RG comes from the evd “Radio Group” referring to the traditional usage of coaxial cables in military
applications [22].
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Table 2.2: Coaxial cable types and example applications

Application / Standard Coaxial Cable Type Impedance

Thicknet Ethernet RG8 or RG11 50 Ohm
(e.g. 500m cable 10Base5)

Thinnet Ethernet (e.g. 185m 10Base?2) RG58 50 Ohm
Digital Video, CATV RG59 75 Ohm

Serial Digital Video Applications

Oneof the majorapplicationsof coaxialcabless serialdigital videotransmissionkor
example,in studios,video datafrom video camerass transferredo editing equipmenin
serial digital format. Generally different componentf video signalsare digitized by
about 10 bits resolutionand combinedand multiplexed into one streamof digital serial
data.

Table2.3shavsthecommonlyuseddigital video standardgor transmissiorover coax-
ial cables,as defined by the Society of Motion Picturesand Television Engineers
(SMPTE). The maximumlengthfor Belden-8281cable,which is a 75-Q RG-59Utype,
for eachstandards alsoshaown in the Table2.3[21]. Thesemaximumlengthsarebased
onthemaximumallowedlossatthehalf of theclock frequeng suggestethy thestandard.

Table 2.3: Different SMOPTE standards

SMPTE SMPTE SMPTE SMPTE SMPTE
259M 259M 259M 344M 252M
Data rate 143 Mb/s 270 Mb/s 360 Mb/s 540 Mb/s 1.5 Gb/s
Application Composite Component Component Component HDTV
NTSC video Wide screen  Wide screen
Maximum Belden 436 305 262 213 79

8281 length (m)

2.3 Digital Communication Systems

Fig. 2.2 shavs a digital communicatiorsystemblock diagramconsistingof a transmit-
terandadigital recever. In this system pit streamsreencodedo a sequencef A sym-
bols and transmittedto the channelthrougha transmitfilter g(z). The modulation of
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symbols4, by thepulseshapeof g(¢) is known asapulseamplitudemodulation(PAM)
schemelf thepulseg(¢) is abasebandunction,the modulationis calledbasebandAM.
Phaseshift Keying (PSK)andQuadratureAmplitude Modulation(QAM) areotherpopu-
lar modulation schemes [7].

Noise
Y ~
bit stream [ Channel . . \
b —p»  Coder » Transmit Filter s ) Receive Filter
n N e /—T
/ bit stream
L ADC (| Equalizer | Slicer »| Decoder —»bA
n

Detected
—>1:}<— Symbol
Clock - ymbois
L» Errol

recovery

r

Figure 2.2: Block diagram of a digital communications system.

Bandwidth efficiengy can be improved by using multi-level techniquesand spectral
shapingof thetransmitfilter [23]. Moreover, multilevel signallingreduceghe clock speed
of the system,which is animportantpracticalpoint in a recever front-enddesignfor a
specificdatarate. However, this benefitcomesasa costof extra compleity and higher
signalto noiserequirementsln multilevel signallingevery n-bit bockis mappedntoone
symbolwith alevel among2" levels.4-level PAM is a popularchoice,becausdy adding
two extra levels, symbol rate and bandwidth are lealv

The shapeof thetransmitfilter is alsoknown asaline code.Somebasicline codesare
comparedn Fig. 2.3.Bandwidthefficiency, zerodc componentimplementatiorcomplex-
ity andhaving enoughtransitionsfor analogclock recovery areall importantconcernsn
choosingappropriatdine codes Bandwidthefficiency is aninterpretatiorof the required
bandwidthfor transmittinga certainnumberof symbolsper secondand its theoretical
maximumis 2 (Symbol/sec.)/HzFor example,in Fig. 2.3.,if we considerthe first fre-
gueny domainnotchastherequiredbandwidth,it is seenthatthe Biphaseline codehas
thelowestbandwidthefficiengy, i.e. 0.5 (Symbol/sec)/HzHowever, its advantagds thatit
guarantie®netransitionper cycle andhasno dc componentThe Nyquist pulsegivesthe
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Figure 2.3: A comparison of basic line codes.

maximumbandwidthefficiencgy, but it requiresahigh orderpulseshapindfilter or anaccu-
rate D/A in the transmittewhich is costly at high speeds.

NRZ (non-returnto zero)pulseis commonlyusedbecausef it simplicity andreason-
able bandwidthefficiengy. Practically in the presenceof an adaptve digital equalizeya
lowpasdilter afterthe NRZ shapingfilter cancontrolthe bandwidthusagen the channel.
If thebandwidthis notamajorissuein anapplicationthislowpasdilter or partof it canbe
placedafterthe channelat the input of thereceverin orderto limit the out of bandnoise.
Excessie limitation of the bandwidthincreasesensitvity to the front-endsampleijitter.
Therefore a reasonablehoicefor lowpassfilter bandwidthcanbe 0.6F whereFy is the
symbol rate frequeng. A 0.6F has20% excessbandwidthcomparedto the minimum
requiredNyquistbandwidth whichis 0.5F;. In caseof low noisechannelsalargerexcess
bandwidthis preferred.Anotherissuewith an NRZ line codeis thatin ac-coupledsys-
tems,its dc componentanishesandthus,alow frequeng drift occursin thesignal.This
effect, which is calledbaselinevander is usuallycorrectedoy extra circuitry. The digital
baselinewandercorrectionusedin this thesisis discussedn the experimentalresults
chapter
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2.4 Equalization

The cornvolution of the symbols sequenceA, by the equialent channelimpulse
responsecomposedf transmit,channelandreceve filters, producesntersymbolinter-
ference(1SI). The equivalentdiscretetime channelimpulseresponsdor a 300-mcoaxial
cablesampledat symbolrateis shavn in Fig. 2.4. The morecableattenuationthe longer
the channelimpulseandthe morelSI component®xist. The part of the channelimpulse
that affects the next symbolsis called post-cursorSI and the part that affects previous
symbolsis called pre-cursonSl, asshaown in Fig. 2.4. In reality, the channelimpulseis
causalHowever, by assuminghe symbolsaredelayedby thetime locationof thechannel
impulse maximum location, the aldefinition is sensible.

Fig. 2.5shavs the S| effect on a 4-level PAM signalby the above channel.Thesignal
samplesat the outputof the channelarehighly correlatedandhave a non-uniformampli-
tudedistribution asopposedo thetransmittedsymbols. Fig. 2.5(c, d) shavsthesamples
of theinputandoutputof theequivalentchanneltsymbolrate.As seenthefour levelsof

Delayed and attenuated symbol

0.12 T 7

LPre- T

%JIFSOF . Post-cursor ISI

gy VRN

p iR,

15

Time (Normalized to symbol period)
€))

Noise (Z)

A —» h(n) »é» Yy

(b)

Figure 2.4: (a) Channel impulse response. (b) Discrete time model for a channel.
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(a) Channel Input NRZ data (b) Channel Output
= =
L <
’ wfl'imelfﬂgorr;:glizego;o s;:r(;bol3rD1DLDme3(.=5,OrO - ’ 'Ii(i)?ne, ﬁgrme;lsi);ed ;gusynfgbl naﬁberm -
(c) Channel input samples at Fs (d) Channel Output Samples at Fs

Figure 2.5: ISl effect on a 4-level PAM signal.

the transmittedsymbolsare distortedby ISI error. An equalizercanrecover the original
level of the datasymbols.A linear zero-forcingequalizeris primarily a filter equalto the
inverseof the channeltransferfunction. Therefore the attenuatiorby the channeiwould
causesignalenhancemeriiy the equalizerparticularly at high frequenciesThis enhance-
mentis harmfulin the presencef additve noisesuchaschannehoiseandADC quantiza-

tion noise.

Sincethe channelcharacteristicanchangeover the time, the equalizeffilters areusu-
ally madeadaptve. Practically equalizersareadaptedsuchthatthe residualerror before
the sliceris minimized,ratherthanforcing themto have the channelinverseresponseln

this way, the noise enhancement amount can be optimized as well.

Fig. 2.6 shawvs several equalizationarchitecturesPart (a) and (b) shav feedforward
(FFE)anddecisionfeedback DFE) digital equalizettypes.In DFE, sincethefeedbacKil-
ter utilizestheslicer output,it doesnot enhanceadditive noise.However, in caseanerror
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Figure 2.6: Different equalization architectures.

occursatthesliceroutput,theerrorpropagtesfor alongtime. Moreover, thefeedbacKil-

ter in DFE can only cancel the post-cursor ISI.

Another categorizationof digital equalizerss basedon their running samplingrate.
Baud-ratedigital equalizersun at the symbolrateandfractionally-spacediigital equaliz-
ersrun at higherrates.An importantadvantageof fractionally spacedequalizerds that
they canperformasa combinationof matchedfilter andequalizersandthis is favorable
over noisy channelsHowever, at high baudrates,baud-rateequalizeramay be preferred
becaus®f difficultiesin building ADCs with large samplingratesandexcessve orderand
power consumption by digital equalizers, as is the case in tiis. w

Part (c) shavs anadaptve full-analogequalizerin this case afterthe analogequalizer

the symboldatalevelsarerecorered.Thus,a sampleranda slicer candetectthe transmit-
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ted symbols.Building a high speedadaptve analogequalizemwith alargeorderin CMOS
processs notaneasytask.Moreover, it doesnothave theflexibility androbustnes®f dig-
ital equalizersandit cannotbenefitfrom lower noiseenhancementy architecturesuch
asDFE. However, dependingon the application,whenit is possible,t offers advantages
suchaseliminatingthe needfor an ADC andlower power consumptionSeveral BIPO-
LAR and BICMOS analog equalizersveabeen reported for video applications [24][25].

Part (d) shavs a partial analogequalizeralong with an ADC and digital equalizers.
Thisis theapproactwhich hasbeenpresentedh this thesisandwhichwill bediscussedn
Chapter3. In summary this approachsuggestsa simpler analogpre-equalizatiorthat
would relax the compiety requirement by the ADC and the digital equalizers.

2.5 Adaptive Filtering Overview

An adaptve filter is a self-adjustingime-varyingfilter wherethetuningis achiezed by
minimizing the power of anerrorsignal,asshavn in Fig. 2.7. The error signalis the dif-
ference betweenthe filter output and the desiredoutput. The desiredoutput can be
obtainedinitially from a training sequenceln equalizationapplications,the difference
betweertheinputandoutputof theslicercanbe usedastheerrorsignal.At the beginning
of adaptatiorsincethesliceroutputhasanincorrectvalue,it takeslongerfor adaptatiorio
converge. Theuseof thetrainingsequencat the beginningandthenreplacingthe desired
signal with the slicer output is another choice, and is used in this thesis.

Theadaptatiorof thefiltersis performedoy adjustmenbdf their coeficientsor thegain
andthe zero-polelocations.Gradientsearchwith the methodof steepestiescents acom-

Desired Output
d(n)

Output
a y(n) ¢

Input_, Adaptive Filter —>®

x(n) B J e(n)
|— Adaptive Algorithm

Error

Figure 2.7: An adaptive filter block diagram.



16

monly usedmethodin adaptve filtering [26]. In this method the coeficientsareadjusted
in thedirectionof the gradientof the meansquareerror performancesurfaceat eachstep,

as shavn belav:

2
h(n+1) = h(n)—p Ele (”)]E (2.1)

o o0k O

where | is the step size parametercontrolling the rate of corvergence, ;s are the
coeficients of the filter to be adaptedand E[ez(n)] is the mean-squareerror signal
(MSE). Due to difficulties in obtaining a partial dervative of the MSE signal, the
instantaneousquarecerroris usedto approximateMSE. Therefore(2.1) canberewritten

as

hn+1) = hi(n)—Zpe(n)E?ggf)E. (2.2)

In case of finite impulse response (FIR) or transal filters, we hae

e(n) = d(n)—Zhix(n—i), (2.3)

whered(n) is the desiredsymbols.Thus,the gradienttermin (2.2) canbe simplified to

—x(n—1). Thus, we can write:

hi(n+1) = h(n)+2ue(n)(x(n—i)). (2.4)
2.5.1 Adaptation of Cascaded FIR Filters

The above adaptationalgorithm is called the leastmeansquareor LMS algorithm,
which is usedin this thesisto adaptthe FIR equalizerfilters. Note the gradientsignals
x(n —i) arethe delayedversionof thefilter input andin an FIR filter structurethey are

inherently &ailable.

In caseof cascadedFIR filters, suchasH(z) andG(z) in Fig. 2.8,the LMS adaptation
of the secondfilter is straightforward. For the first filter, the gradientsignalshave to be
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obtainedseparatelyThe outputerror of thetwo cascadediltersin Fig. 2.8 canbewritten

as

e(n) = d(n)—ZZgihix(n—i—j). (2.5)
Therefore, the error gradient, with respect to the first filtefficaaits, can be written as

9l) = 5 g(n=i=j) = r(n-J). 26

wherer(n) is theinputsignalfilteredby G(z) . Fig. 2.8 demonstratethe block diagram

of LMS algorithm implementation for twcascaded filters.

Desired output
d(n)
x(n) 2 y(n) A 2(n)
~ H(2) = G(2) > Error signal
e(n)
'L I}
r(n) A A )
L G(Z) =Z_1 Z-1 coe 2-1

Figure 2.8: LMS adaptation for two cascaded filters.

2.6 Coaxial Cable Modeling

An approximatdransferfunctionof the cablecanbederivedfrom thetransmissiorine
lumped-parametanodelof the cable,asshavn in Fig. 2.9[5]. In this model,the primary
constant®R, L, G andC arethe perunit seriesresistanceseriesnductanceshuntconduc-
tanceandshuntcapacitancesespectrely. Theseprimary constantslependon mary fac-
tors suchas geometryand the materialusedin the insulation.In a properly terminated
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Ldx Rdx
[+dl

+
L Cdx %de Yy

|<+E—

Figure 2.9: Lumped-parameter model for a short section of cable.

transmissiorline the reversetravelling signalis zeroso thatthe transferfunction charac-
teristic is gven by

C(d, w) = V@ ©2.7)

whered s the cable length ang{ w), known as propagtion function, is defined as [27]

y(w) = J(R+ jwL)(G+ jwC) = a(w) + jB(w). (2.8)

Therealpartof y(w) determineghe cableattenuatiorandits imaginarypartdetermines
the phaseof the cable.In (2.7), the resistanceR is a comple value proportionalto the
squareroot of the frequeng. This is dueto the skin effect (the tendeng of the currentto
flow nearthe surfaceof the conductowhich increasesheresistance)The paramete is
ameasuref the dielectriclosseffect, which is negligible in data-gradeables.Via some
rearrangementandapproximationsuchasneglecting G relative to wC and R « wL at
higherfrequenciesandthediscardingof constantdelayterms,(2.7) resultsin the transfer
function

C(d,s) = @b (2.9)

wherek = ./JC/L.

By using the Belden 8281 cable data sheet, £ was curve-fitted to 393.4 x 10~
%E‘/zm—l . The exponentialcable responsen (2.7) was also modeledby an eight-
ordertransferfunctionusingmatlabinvfreq algorithm[28] in orderto easats usagdn the
simulationsduring the currentstudy The accurag betweenthe two transferfunctionsis

lessthan0.5dB in therangeof 1 MHz - 1 GHz. Fig. 2.10shavs the magnituderesponse
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300 Meter Coaxial Cable Magnitude Response
T T T

_o0 i i i i
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Figure 2.10: The magnitude response of a 300-m coaxial cable.

of a 300-m coaxial cableaccordingto Belden8281 datasheetsand the cablemodelin
(2.9).

2.7 Summary

In this chaptervariouswired communicatiorchannelsaandapplicationsverereviewed.
This includedthe coaxial cablechannelusedthroughoutthis thesisasthe target applica-
tion medium.The modelingandcharacteristic®f this channelwerereviewed aswell. A
generaloverview of digital communicationsystemswas presentedThis includedband-
width requirement, NRZ line codes, equalization and agafittering concepts.
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CHAPTER

3 ADC Requirements

and Partial

Equalization

3.1 Introduction

In this chaptey the effect of the numberof ADC bits, or quantizationnoise,in digital
communicationsystemsand their error performances discussedAlso, efficient analog
preprocessingpproachestendedio reducethe bit requiremenby thefront-endADC in
digital communication recegrs are imesticated.

Thetargetapplicationusedthroughouthis chapteris acommunicatiorsystemwith 4-
level PAM datatransmissiorat 622 Mb/s over 300-mcoaxialcable.This channehas32-
dB lossat half of the baud-ratdrequeng, i.e. 155.5MHz [18]. This large amountof loss
producedarge inter-symbolinterferencecomponentgISl). It is shavn thata partial ana-
log equalize(PAE) cansignificantlyreducethe ADC front-endresolutionrequiremenby
partially reducingthe ISI. The optimizationof the partial equalizatiortaskis discusseds
well. Finally, it is shavn that for our target application,a systemwith an efficient 2-tap
PAE with a 6-bit ADC, performs as good as an 8-bit ADC system withoutAke P

3.1.1 Analogto Digital Conversion in Digital Communication Receivers

Thequantizerat the front-endof a digital communicatiorsystemintroducesnevitable
guantizatiomoise.This affectsthe performancef therecever in termsof bit errorrateor
meansquareerror (mse). Oneof the main differencedbetweenguantizatiornoiseandthe
channelnoiseis that quantizationnoise bandwidthis determinedby the ADC sampling
ratebut thechannehoisebandwidthis alsolimited by the bandwidthof thefront-endana-

21
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log filter. Generally the channelnoiseis assumeaswhite Gaussiarbut the quantization
noiseis assumeds white uniform noise. Sincethe quantizationnoiseis relatedto the
input signal, it is not necessarilyan independentandomnoise[29]. However, whenthe
signalis not highly oversampledsuchasin baud-ratesamplersn communicatiorrecev-

ers, the abee assumption is acceptahle

Fig. 3.1 shaws a digital communicatiorsystemwith a front-endADC followed by a
baud-rataligital linearequalizeDLE) anda symboldetectorsliceron therecever side.
To demonstrat¢he effect of the resolutionof thefront-endADC in our targetapplication,
the signal samplesbeforethe slicer (after the linear equalizer)for different numberof
ADC bits areshawn in Fig. 3.2. The orderof the DLE filter waschosento belargesoas
notto bealimitation in this experiment.As indicatedin thefigure, ADCs with resolutions
less than 8 bits are not &afent for an appropriateye opening.

To quantify this comparison Fig. 3.2(d) shavs the relative root meansquareerror
(RRMSE) of the recoreredsymbols.The RRMSE is definedasthe residualRMS error
beforethe slicer, relative to the distancebetweerthe PAM symbollevels.A symbolerror
rate(SER)of about10 " occurswhen RRMSE = 0.1 andthisis particularlytruebecause
theresidualerrorhasa Gaussiardistribution dueto the DLE. The simulationsfor our tar-
get applicationverify this assumptionAs seenfrom Fig. 3.2(d), an acceptableRRMSE
valueof about10% (correspondingo SER = 10_7) is attainedoy morethan8 bits resolu-
tion for the front-end ADC.

a\n
( ) +3a Channel
+a Noise
2 Detector
Analog x(n) Digital Linear a(n)
—»( Channel + filterin > Front-end > - > >
g on . en 2 ADC Equalizer (DLE) J_
Filtering | 4
X
% ce®)

fs H(e!®) % -

Error

Figure 3.1: A digital receiver using baud-rate linear feedforward equalizer.

1. Particularlyin communicatiorsystemsthe channehoiseactsasditherandmakesthe quantizatiorerror
have a more random nature and white spectrum.
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L I
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Figure 3.2: (a), (b), (c) Signal samples before symbol detector for different number of ADC
bits. (d) Relative mean square error versus number of ADC bits for the system in Fig. 3.1.

3.2 Quantization Noise

In auniform quantizeyassuminghe additive quantizatiorerroris uniformwithin each
guantization interal A, the \ariance of the quantization error can be written as [3]

o2 = E[01= (7 po(q)d’dg= D2/ 12 (3.1)
o |.,,,Pola)q dq : :

wherepQ(q) = 1/A is the probability densityfunction (pdf) of the quantizatiorerror ¢
and E[-] is the expectationfunction. The quantizationstep A is a function of the input-
signal peak &luex ,,,, and the number of quantization bitsas

A= 2x,,, 27" (3.2)
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In general,the quantizationerror introducedby an R-bit ADC to an input signal with
varianceoi can be defined as [30]
2 2,72R 2

o_=¢€2

;2= €2 O, (3.3)

where sfl is the quantizerperformancefactor Generally g, dependson the quantizer
structuresuchasquantizemniformity andthedistribution of theinput signal[30][31]. For
a uniform quantizerwith a random input signal, by combining (3.1) & (3.2) and
comparingthat to (3.3), we can seethat g, is proportionalto the input crestfactor

X peqk”’ Oy @S

2 1 Y 2

Sq = g(xpeak Ox) . (3.4)
To estimate X peak for quantizationpurposes,we can define an acceptableclipping
probability P, such that

PLX>X 0] = P (3.5)

Table 3.1 comparesthe quantizer error for different distributions and clipping
probabilities.As seenfor afixed signalpower oi , the quantizatiorerrorcanbe 12 times
(10.8dB) better if the quantizerinput signalamplitudedistribution is uniform ratherthan
Gaussian.
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Table 3.1: A comparison of quantization error for different input signal distributions

Disributon Pap e/ G OO
Gaussian 10~ 6 12 12 (2)_2R
Gaussian 107 5.2 9 9(2)_2R

Uniform (Continuous) 0 1.7 1 (2)_2R
Uniform @ 0 1.34 -

(Discrete 4-level)

Uniform P 0 NOED) ]
(Discrete N-level) V+1))

a. For the signal with discrete amplitude distriion, 85 is highly dependent on the quan-
tization decision leels. Ideal placements of thosgdés can result in a zero quantiza-

tion error orsj =0.
b. For an N-leel FAM, the levels are of the form(N-1)a, -(N-3)a,..., (N-2)a, (N-1)a.
Thus, oy = (N> =1)a>/3 andx . = (V-1)a. Thereforex /o = /3%.

3.3 ADC Input Characterization

In abasebandligital communicatiorsystemin which thefront-endADC samplesand
guantizes the input signal at baud rate, the ADC input signal can be written as

x(n) = cha(n—k), (3.6)

where ¢, are the samplesof the equivalent channelimpulse responsgincluding both
transcerer front-end and back-endanalog filters) and a(n) are the transmitteddata
symbolsat the channelinput. For instancejn a 4-level PAM schemega(n) cantake four
different values, each with equal probability By assumingthat the transmitteddata
symbolsatdifferenttime instantsj.e. a(n — k) , areindependentandomvariableswe can
characterizéhe ADC input from (3.6). For example,basedon (3.6), oi, the varianceof
x(n), can be written as [32]

2 2 2
o= oaickm. (3.7
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To obtainthe ADC inputpdf p ,(x) from (3.6),we recallthatthe pdf of the summatiorof
two independentandomvariablesis equalto the corvolution of the pdf of eachvariable.
Therefore, by defining, = c,a(n—k), the pdf of the ADC input can be estimated as

py(x) = ... *pU_l(c_la(n +1)) *pUO(coa(n)) *pUl(cla(n 1)) = .... (3.8)

where « is the cornvolution operator Fig. 3.3 shavs the channelresponsec, with
normalizedenegy for our tamget application. Assuming the transmitteddata has no
redundantinformation, the pdf of the datasignal at the input of the transmitfilter is
uniform for differentamplitudelevels. For example,for a 4-level PAM schemethe pdf
value is 1/4 at eachAM level and zero for the rest of the amplitude range.

Eachof the pdf termsin (3.8), hasthe pdf of theoriginal data,whichis scaledalongthe
amplitudeaxisby channeimpulsesamples, , asshovn in Fig. 3.4. Theresultof thesuc-
cessve convolution of thesepdf termsis alsoshavn in Fig. 3.4. As indicatedin thefigure,
whenthe numberof nonzerocoeficients ¢, becomedargerin (3.8), the pdf of the ADC
inputsignal p ,(x) will changefrom uniform toward thatof a GaussiarshapeThis con-
ceptis compatibleto the generalizedorm of the centrallimit theoremin probability the-
ory [32][33].
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Figure 3.3: The impulse response of a 300-m coaxial cable sampled at 311 MHz.
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As mentionedpreviously, changingthe uniform distribution to thatof a Gaussiarone
increaseshecrestfactorby 4.5times(seeTable3.1).Sincethecoeficientsc, , exceptc,,
representhe ISI component®ccurringwithin the channeljf beforethe ADC theequva-
lentchanneimpulseresponsés changeduchthatit hasfewernonzeroc, , we canbenefit
from alower crestfactor As aresult,a lower additve quantizatiorerror occurs.Fig. 3.5
shavsthe channefkesponsafterbeingpartially equalizedandits outputamplitudedistri-
butionfrom (3.8). Whenthe numberof largelSI componentss reducedthedistributionis
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Figure 3.4: Amplitude distribution of the received signal after the channel shown in Fig. 3.3
for a 4-level PAM NRZ signal at the input of the front-end ADC (see (3.8)); as seen, for a
large number of nonzero ISI components in the channel impulse response (ck rz0) this
distribution can be estimated by a Gaussian shape.



28

moreuniform-like. Here,the channelresponsdiasone major ISI componenandthe dis-
tribution of the channeloutput has several peaks.The location of thesespeakscan be
obtainedfrom the cornvolution sequencen (3.8). It is worth noting that this distribution
peaksmay be usedin nonuniformquantizationin orderto achiese a lower quantization

average error [31].

Generally if mostof the enegy of the channelimpulseresponsas accumulatedn L
coeficientssuchthattherestof thecoeficientsarengyligible, basecn (3.8) we canwrite

xpeak = apeak2|ck|’ (3.9
L

where x is the peak amplitude of the ADC input. The above estimationis

peak
considerablyusefulwhenwe needto estimatethe improvementof the channelresponse
through analog preprocessingaccordingto the crest factor and the quantizationerror

performancemprovement.To evaluatethe changeof the crestfactorwithin the channel,

(3.9) and (3.7) can be combined as

Xpeak _ ﬁ’peaka Z|ck| . (3.10)

oo Uo, O W

Generallywhile ze/ oi is fixed or simply z |ck|2 is normalized to one (see (3.7)), a
betteranalogpreprocessingn termsof crestfactorimprovement,shouldproducea lower
Z|ck|. This can be used as an optimization criterion for better analog preprocessing.
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Figure 3.5: Estimation of the signal peak when the signal is output from a combined
channel/partial equalization filter with less ISI components.

3.4 ADC Resolution Requirement

Fig. 3.6 shavs a basebandligital communicationsystemwith a digital recever. To
maintainanacceptablsystembit errorrate,thefront-endADC hasto meeta certainreso-
lution requirementTo determinethis requirementwe considerthe varianceof the total
remaining error before the slicer in Fig. 3.6 as

2

err —

2 2\ 2 2
o [(0,.+0,)Kp el + Oy, (3.11)
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whereosz is thequantizatiomoisevariancentroducedby the ADC, oi is thevarianceof
the channeladditive noise, K%LE is the error enhancementactor causedby the digital
linear equalizer (DLE), and?S, is the remaining ISI erroraviance.

The total noise error aroundeachsymbol level hasapproximatelya Gaussiarshape
becausef the summationof independenhoisecomponent®ccurringin the expression
(3.11)andalsowithin thedigital equalizeffiltering operation Therefore the symbolerror
rate (SER) can be estimated as

SER = p(error>a) = 2Q(a/0 (3.12)

err)

where a is half of the distancebetweenthe PAM levels and Q(.) is the tail areaof the
Gaussiardensity Expressiorn(3.12)providesa constrainfor the varianceof thetotal error
(noise)beforethe slicerin (3.11). By recallingthe expression(3.3) for the quantization
error introducedby an R-bit ADC, i.e. 0, = siz_zRofc, combiningit with (3.11), and
rearranging, we can write

2 e ———s, (3.13)
KprE D:q

Here L is related to the desired SER and the participation ratio of the enhanced
2

err’

L . 2 2 .2 i
quantization noise',, = 0,.K),, ; to the total erroo,,., or specifically

- D a D !
L= 0—F Eﬁqu/cm- (3.14)
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Figure 3.6: Block diagram of a digital communication system receiver with 4-
level PAM symbols at the input.
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The inequality (3.13) can be written in dB scale as
2 2 2

Either(3.13)or (3.15) canbe usedto determinethe minimum effective numberof bits R
requiredfor the front-end ADC. L is a system-desigrparameterthat dependson the
desiredSERandthe orderof thedigital equalizerThus,themainapproacho reducingthe
bit requirementr isto reducethefactorssfl (thecrestfactorof the ADC inputsignal)and

K%LE (the amount of the noise enhancement by the digital equalizer).

To reducethe ADC resolutionrequirementan optimum analogpreprocessingircuit
mustminimize both a; andKzDLE simultaneouslyThis canbe achieved by reshapinghe
equialentchannelimpulseresponseandits components:, beforethe ADC. Recalling
from (3.4), 82 is 1/3 of the crestfactorof the ADC inputsignalandthis canbe obtained
from (3 10).Accordingto (3.10),if the channelimpulseenegy Z|ck| is normalizedto
one, s is minimized by m|n|m|2|ngZ (18

The quantization(white) noise enhancemeniby a feedforward equalizer(FFE) with
coeficients/; is given by

K2, .= Z|hi|2. (3.16)
1

The above expressionis a valid criterion when the channelimpulse enegy |ck|2 is
normalizedto one.If the DLE is alinearzeroforcing equalizerin the frequeng domain,
H(ejw) is ideally the inverseof the channelfrequeny responselC(ejw)| . Thus,we can
write:

I
Z|hi|2 - EITTI |H (") do = (3.17)

-Tt

I Aol "”)I

Thediscretefourier formatof (3.17)is (l/N)Z 1/|(C(k))|2 (C(k) istheDFT of |¢;|)
which can also be used tmaduateKzDLE.



32

3.4.1 Example and Comparison to Simulation Results

As anexample,expression(3.13)canbe utilized to calculatethe requiredADC resolu-
tion for the systemin Fig. 3.6 whenappliedto our target application(622-Mb/s4-level
PAM over 300-m coaxial cable).First, note that for the 4-level NRZ PAM with a level
spacing of2a we can write

02 = EI|X,['] = [(30)’ + (=)’ + (o)’ + (3a)’] = 5a°. (3.18)

Thus, a/0, in (3.14) will be 1/(./5). The assumptionof SER = 10~

G';Z/O-Zerr = 1/3 ,as design specifications,results in L* = 1/5600r —27.5dB. The

and

channefesponselefinesanequalizeboostof KéLE = 17.5 or 12.4dB . A clipping error
of 107 givesthequantizatiorfactorassf] = 9.4 or 9.7dB . Exploiting theseparameter
values in (3.15), results in a minimum bit resolutiorRof 8.3 bits.

Fig. 3.7 depictsacomparisorof errorperformancerersusADC resolutionaccordingo
both analyticalexpression(3.13)! and system-lgel simulationresults.The minor devia-
tion at lower resolutionsis dueto the fact that the crestfactorin the analyticalone was

0.25

Simulation
021 \ - — — Analytical

o
[
a
T
[ N

Relative RMSE

1062

41076
41094
—4107"2
—1076
0,05 1022
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8
Number of ADC bits

Figure 3.7: A comparison of error performance according to the analytical
expression in (3.13) and system-level simulation.

1. Notethatin (3.13)for achosenR , we obtainthe parametetl. whichis relatedto the SER.Also, SERis

2 .
related toO ¢+ according to (3.12).
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basedntheassumptiorf anADC inputwith a Gaussiaramplitudedistribution, whereas

the simulations w&s based on the actual channel output.

3.5 ADC Bit Requirement Reduction Techniques and Partial
Analog Equalization

From expression(3.13), we seethat aj and Kf)LE arethe only factorswhich canbe
reducedn orderto lower theresolutionrequirementor thefront-endADC. Usinga deci-
sionafeedbackequalizerDFE) reduceghe Kf)LE, but sincethe precursoiSI cannotbe
cancelledby feedbackequalizeraswell asdueto error propagtion and clock recovery
difficulties, the orderof the feedbackHilter is limited. Therefore the needfor an FFE still
exists and a considerable amount of quantization noise enhancement will remain.

Oneapproacho reducingthe quantizerfactor sfl is to usea nonuniformquantization
suchthatthe quantizererroris decreaseB0] [31]. However, this approachs not efficient
sinceit doesnotaffect K%L g andfurthermoreresultsin anon-standardDC architecture.

Ideally, a full analogequalizercanreducethe ADC bit requiremento aslow asthe
slicerorder;for example two bitsfor a4-level PAM schemeNeverthelesstherearemary
practicaldifficultiesin the designof adaptve analogfilters with large orders,suchasaccu-
rate calibrationand adaptationof filter parametersgistortion accumulation DC offset,
mismatchand compatibility with complicatedpulse shapingor modulation schemes.
Moreover, thereis alwaysa preferenceo have somedigital recever capabilitiessuchas
adaptve digital filtering, decision feedback equalization and digital clockvezgo

Partial analogequalization(PAE) can be definedas splitting the equalizationamong
digital andanalogsides[17]. An exampleof splitting the 10-tapFIR into two 4-tapanalog
and 7-tap digital, with the sametotal numberof zeros,is shavn in Fig. 3.8. Simulation
resultsshav thatpartialequalizatiorreducesoth K%L  and ag simultaneouslyTherea-
sonbehindthe sf] reduction,asmentionedpreviously, is thatthe amplitudedistribution of
the signalat the outputof the channel greatlydependson the amountof the ISI compo-
nents After partialequalizationtheamplitudedistribution of the signalatthe ADC input,
becomeamore uniform ratherthan Gaussiandueto a considerableeductionin the ISI

components.



Splitting a 10-tap equalizer between the analog and digital sides
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Error
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(c) Zero locations of equalizersin architecture (a) and (b)

Figure 3.8: (a) The receiver architecture for a 622-Mb/s, 300-m coaxial cable with a 4-
tap partial analog and a 7-tap digital linear equalizer. (b) Zero locations of the partial
analog and digital equalizers, obtained from a 10-tap original digital equalizer.

For example, Fig. 3.9 shows the effect of a 4-tap analog FIR partial equalizer on the
channel impulse response and the channel output, for our target application. Note that can-
celling the ISI components by the PAE greatly changes the shape of the signal amplitude
distribution, thereby reducing s; by afactor of about 4.5 and according to (3.13), reducing
the ADC resolution requirement by more than one bit.

Further bit requirement reduction is due to the reduction of noise enhancement by the
DLE. Table 3.2 summarizes the improvement in parameters sf[ and KZD g for this exam-
ple. According to (3.13), those parameters result in a bit reduction of 2.8 bits. To verify
this result, the above PAE has been placed in the system of Fig. 3.8 and the recovered sym-
bols before the dlicer are compared to a similar system without PAE. Two different 5-bit
and 8-bit ADCs have been used in this smulation. As seen in Fig. 3.10(a) and Fig.
3.10(b), there is a considerable performance degradation when the number of bits is
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Receiver input samples before analog partial equalizer
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Figure 3.9: The effect of a 4-tap PAE on the ADC input amplitude distribution and 300-
m coaxial channel impulse response (with normalized energy). (a) Before PAE. (b)
After PAE. (a, b) (i) ADC input samples. (a, b) (ii) The corresponding equivalent
channel impulse responses.

reducedrom 8 to 5 for the caseof a full-digital equalizatiorwith no PAE. In contrary by

using the analog pre-equalization the performangeadiation isdirly tolerable.

ComparingFig. 3.10(b, c) shawvs thatthe ADC resolutionrequirements reducedby
about3 bits. Fig. 3.10alsoshavs the benefitof usinga partialequalizemwhenthe number
of ADC bitsarelow, i.e. 5 bits here.Otherwisethe quantizatiorparticipationin contribut-
ing to the total error is wdigible and the xstence of the &RE is not of much benefit.
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Table 3.2: comparison of architectures with and without PAE

KZDLE 82 RMSE with RMSE with Minimum_“R;
q 8-bit ADC 5-bit ADC for SER=10
Architecture without RE, 17.5 9.4 0.09 0.52 8.3 bits
Architecture with RE, 1.65 21 0.08 0.09 5.5 bits
Comparison 1/10.9 1/45 1/1.13 1/5.78 -2.8 bits
2 'RMSE=052 ] T RMSE=009

0 1000 2000 3000 4000

5000 6000 ) 1000 2000 3000 4000 5000 6000
“Time, normalized to symbol period “Time, normalized to symbol period
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@ (b)

(a, b) Without partial equalizer

" RMSE=0.09

'RMSE=0.08
Hodspdratitsaiimalingiitndty

e e

Amplitude

T

AR i Ry
15 000 2000 3000 000 5000 w0 o0 2000 3000 000 5000 w000
Time, normalized to symbol period Time, normalized to symbol period
5-bit ADC 8-bit ADC
© (d)
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Figure 3.10: Performance comparison of the architectures with and without PAE for

different numbers of ADC bits. (a, b) 10-tap DLE, without partial equalizer. (c, d)
Using partial equalizer (4-tap PAE, 7-tap DLE).

3.6 Partial Equalizer Design

The optimum partial equalizerprimarily dependson the structure chosenfor the
recever. The variety of the structurescome from different topologies,filter types,the
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ordersof thedigital andpartialanalogequalizeraandalsonumberof bits availablefor the
ADC. For example,if alarge numberof bits is available,thereis no needto have analog
preprocessingdor the quantizationnoisereduction.However, in this casethe analogpre-
equalizatiorcanbe consideredo reducethe compleity of digital equalizerandtherefore,
possibly saving power andarea.ln this part,we limit therecever structureto aFIR DLE

and an analog FIR for the partial equalizer

In PAE design,the ultimate goalis to minimize the total remainingerror beforethe
slicer. Generallythedesignof the partialanalogequalizerandthe digital equalizerarenot
independentPAE determinesthe distribution of the quantizerinput signal, and thus,
affectsthe amountof the quantizationerror for a certainbit resolution.The PAE is also
relatedto the shapeof DLE regardingthe equalizationtaskcompletionandthe amountof
channeland quantizationnoise enhancementT herefore,the optimization of PAE and
DLE with agiventotal orderandADC bit resolutioncanbe a comple task.Assumingan
analogFIR filter for PAE andadigital FIR filter for DLE, severalapproacheso finding a
close to optimum ARE/DLE design solution are proposed andeisticated.

3.6.1 Optimizing the PAE Independently for Maximal Equalization

In thisapproachasshavnin Fig. 3.11,the partialanalogequalizelis adaptedor max-
imum possibleequalizationjndependentrom its digital counterpartThis methodcanbe
performedby removing thedigital equalizeror settingits coeficientsto zeroat the begin-
ning, runninganLMS algorithmfor PAE, makingits coeficientfixedandthenperforming
the adaptatioralgorithmfor the digital equalizer Sincethe ISI beforeADC will be mini-
mized, the crestfactorof ADC input andthe noiseenhancemenfactorby DLE will be
reduced.Thus, accordingto the expression(3.13), a lower ADC bit resolutionwill be

— +3a
P ors a(n)
a(n) > Channel )—> — PAE

C(e’®) G@2) —
Error

a(n)

»| Delay

Figure 3.11: Optimizing a partial equalizer independently for maximum equalization.
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required.Although this approachis practically simple and straight-forvard, it exhibits
someimperfectionsOneconcerns thatfor agivenorderfor PAE andDLE, afteroptimiz-
ing PAE we maynot have thebesttotal ISI reductionby adaptingDLE with limited ordet
Generallyadaptatiorof two cascadediltersindependentlyloesnot give the optimal solu-
tion, unlesswe adaptthemsimultaneously{seeChapter2) [34]. Othermethodsdiscussed
later in this sectionwill resole this concernat a costof increaseccompleity. Another
problemwith this methodis the properdelayvalue.If the delayvaluein Fig. 3.11is not
appropriatelyset,the solutioncanberelatively far from optimum.In providing a solution,
if thetotal orderof filtersis low, the optimizationtaskduringinitialization canberepeated
for differentdelaysandthe bestdelaychosenOn thedigital side,if initially we canapply
a larger order digital filter, thenthe location of the nonzerocoeficients determineghe
appropriate delay

3.6.2 Splitting an Optimum Equalizer into Analog and Digital Filters

In this method,a larger orderequalizemwith an appropriateaotal numberof zeroswill
bedesignedisingadaptingechniqguesuchasanLMS algorithm.It will thenbesplitinto
two differentfilters by groupingits zerossuchthat they conformto the desiredorder of
PAE andDLE. In this way, we ensurethatthe final remaininglSI erroris minimizedfor
the desiredtotal filters orders.A criterion to group the zerosamongPAE and DLE is
required.Sincethis criterionis just basedon bit-requirementeduction theresultsin part
3.4 canbe utilized. Anotherway to split the zerosis to choosethe PAE zerossuchthat
they arecloseto the zerosof a suboptimalPAE found independentlyusingthe previous
method.

The zero splitting approachis more reliable sinceit follows a regular equalization
schemewith an optimum lowest channelnoiseenhancementidowever, still it doesnot
necessarilygive the best optimum solution regarding the ADC resolutionrequirement
reductionorin otherwords,minimizingthefactorssfl andKf)LE. It shouldbenotedthat,
for somegiven ordersof PAE andDLE the zero splitting methodmight be not feasible,

due to conjugte zeros which cannot be split into separate real filters.



Chapter 3ADC Requiements and &tial Equalization 39

3.6.3 Global Optimization Using Genetic and/or Gradient Search

A generalglobal optimizationtechniquesuchasGeneticAlgorithm[35][36] or Global
GradientSeach [26] canbe usedto find the zerolocationsof the PAE andDLE filters. As
demonstrateth Fig. 3.12,usingtheresultsin part3.4 a closedformulafor thetotal error
canbe createdlt will includetheremaininglSl, the enhancedjuantizatiorerrorandthe
channelhoiseversusthe designparametersThis formulais usedasa criterionto find the
optimumfilters coeficientsandthe delayin the equvalenttotal channelresponseNote
thattheamountof theenhancedjuantizatiomoisedepend®n notonly the numberof bits
(R), but alsothe shapeof PAE andDLE dueto their effect on sé and K%LE, respectrely.
Accordingto the simulationresults,GeneticSeach algorithmis usefulto obtainan over-
all estimationof the optimum delay and filters zero locationsquickly. However, after
coarseadjustmenbf zeroslocationsof PAE and DLE we can eitherusethis resultasa
guidein the previous methodto split the zerosproperlyor usethemasa startingpoint for
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Figure 3.12: Global optimization of PAE/DLE coefficients.
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anothergeneraloptimizationalgorithm. This could include a Gradient Search algorithm
who may suffer from local minimaexistencesFig. 3.13depictsthe block diagramof the
Genetic Search algorithm used in this westication.

(Createinitial PopulatiorD

-
>

Evaluation:
calculate total error fo
each member set
Y
Create offspring:
more number for member
with lower error
Y

Create Next Generation
Random selection/mixing/mutatipn
Figure 3.13: Genetic search algorithm block diagram used for PAE/ DLE architecture
optimization.

As mentionedthe Global Gradient Search algorithmcanbe consideredan alternatve
or continuingmethodfor the Genetic Search of the optimumfilters. This methodin the
priceof addedcompleity helpsin finding a closerto optimumsolutionfor a partialequal-
izationdesign,comparedo the previous methodsDue to the non-linearityand comple-
ity of the error function, the algorithm might get stuckin somelocal minimum. In this
case pbtainingtheinitial startingpointsfrom eitherof the previous methodscanbe help-
ful. The sametotal error criteriashovn in Fig. 3.12 canbe usedto generatdhe gradient
componentdere.Note that as opposedo the caseof the Genetic algorithm, the delay
term hasto be definedbeforerunningthis algorithm.Sincethe total error dependsn the
cascadedAE/DLE coeficients both directly (by their effects on the filters output) and
indirectly (throughtheir effect on K%LE and sf] ), thegradienttermdefinitionis relatvely
comple. The details of this algorithm are described in Appendix B.

Essentiallytheabove globaloptimizationmethodsareusefulif we areconcerne@bout
imperfectiondn the previous methods.They canalsobe usedasa verificationtool in the
design stage or as an aid tool for splitting the zeros in zero splitting method.
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3.6.4 Simulation Results and Comparisons

Table3.3 compareghe performancef the systemthatwasshowvn in Fig. 3.8 with a 5-
bit ADC, whenPAE andDLE areadaptedwith previously discussednethodsAlso, the
componentsvhich contribute to the total remainingerror accordingto (3.11)and(3.13)
are quantifiedin eachrow. In the first row, the systemconsistsof a 10-tapDLE with no
analogpreprocessingn this casetheamountof thetotal erroris enormougecaus®f the
size of the crestfactorandthe quantizationnoiseenhancemenilhe restof the rows are
relatedto the architecturesn which a 4-tapPAE anda 7-tapDLE areutilized. Note that
thetotal numberof zerosof both DLE andPAE is the samefor all of therows. In the sec-
ondrow, PAE is optimizedindependentlyrom DLE for the highestattainablesqualization
andthenthesamefor DLE (Method3.6.1). Comparedo thefirst row, it shavsaconsider-
able reductionof the enhancedjuantizationerror 0'52. Neverthelessthe remainingISI
error varianceis increasedy about1.5 dB becausef less-optimumequalizationwhile
the total order of equalization (the number of zerosA&HDLE) is the same.

Table 3.3: Comparison of PAE optimization method for a 5-bit ADC system

Architectureand R (bits) Kpg Crest sZ ozqz olIst OCerr
Design Method Factor (dB) (dB) (dB)
Without RAE, single 10-tap DLE 5 17.5 6 12 -6.9 -24.6 -6.8
Method 3.6.1: 5 1.40 1.41 0.66 -29.37 -23.2 -222
4-tap RAE, 7-tap DLE, independently
adapted for maximum equalization
Method.3.6.2: 5 1.75 1.52 0.77 -26.9 -24.6  -225
4-tap RAE, 7-tap DLE, RE obtained
from splitting method
Method.3.6.3: 5 1.67 146 0.71 -27.5 -24.6  -22.9

4-tap RAE, 7-tap DLE, adapted by both
Global Genetic andGradient Search

The third row utilizes the methodof splitting the zerosof a single equalizer(method
3.6.2). ThelSI cancellation's asgoodasthe first row at the costof greaterquantization
noise,comparedo thesecondow. Thelastrow shawvstheresultsof thedesignusingGlo-
bal Gradient Search algorithm combinedwith Genetic Search algorithm (method3.6.3).
Theresultsarenow moreoptimizedaccordingio boththeremaininglSI andthe quantiza-
tion noise.The differencebetweenthe final resultsof differentmethodscomparedo the
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overall improvement,versusthe casewithout PAE (first row), is not considerableHow-

ever, for otherarchitecturesith different ADC resolutionsandfilter orders,the results
canbemorevariable.In conclusionthe first suboptimalmethod,i.e. optimizing PAE for

maximumindependenéqualizationcould be used.However, in the systemlevel design,
we mustassurdgheresultsarenot far from a possibleoptimumresult,andthis canbe veri-

fied through metho8.6.3.

Fig. 3.14showvsthelocationof thezerosof the4-tapPAE and7-tapDLE for theabove
examples.If we considerthe resultsof the lastrow designasthe optimal locationof the
zeros, this figure shies hav close to optimum the other methods are.

3.7 Two-tap PAE: An Efficient Choice

Fig. 3.15shaws a comparisorof error performancamprovementby PAE versustheir
ordersanddifferentADC resolutiondor ourtargetapplication,j.e. 622 Mb/s 4-level PAM
datatransmissiorover 300-mcoaxialcablewith -27dB additive channelnoise.The crite-
rion usedhere,is therelative root meansquareerror (RRMSE). As previously mentioned,
RRMSE s the residualRMS error beforethe slicer, relative to the distancebetweenthe
PAM modulationlevels. RRMSE = 0.1 resultsin abit errorrateof about10’ for a Gaus-
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Figure 3.14: Zero locations of examples discussed in Table 3.3.
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sianresidualerror The DLE usedin this simulationwas11 tapswith 7-bit coeficients.It
wasobsenedthatfurtherincreasingof the DLE orderandits coeficientsresolutionhave
negligible efiect on the error performance in the current system.

In Fig. 3.15(a)it is notablethat,for a 5-bit ADC, a majorimprovementis achiezed by
thelowestorderof a partialanalogequalizercomparedo the slight extraimprovementby
an additional PAE order Fig. 3.15(b) demonstrateshe samefor different ADC resolu-
tions. As we can see,using PAE is adwvantageousvhen a low resolutionADC is used,
becausdor a large numberof bits, the total erroris dominatedoy the remaininglSI and
channel-noiserrors,ratherthan by quantizationerror. An importantobsenrationin Fig.
3.15(b)is that,for RRMSE = 0.1, a 2-tap PAE / 6-bit ADC performsaswell asa 9-bit
ADC without PAE. Thisis equivalentto 3 bitsimprovementon ADC performancéy add-
ing a lav-cost lav-order analog pre-processor

Thereasonfor attaininga majorimprovementusinga low order PAE is thatthe PAE
doesnot have to do fine equalizatiorandto resemblehe channelnverseprecisely Based
on (3.13),PAE is mainly responsibldor reducingthe crestfactorandthe amountof noise
boostby DLE. Thus,aroughanalogpre-processosuchasa 2-tapanalogFIR cando this
to a greatextent. Fig. 3.16(a,b) compareghe channelcharacteristicef a 300-mcoaxial
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Figure 3.15: (a) RRMSE improvement for Fig. 3.8 architecture with 5-bit ADC for
different PAE orders. (b) A comparison of RRMSE improvement for different PAE
orders and different ADC resolutions.
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cableandits first orderdiscretetime approximationTheinverseof this first-orderapprox-
imation results in an &ient partial equalizer in the form of

G(z) = K(1 —az). (3.19)

The impulseresponseafter the channeland partial equalizeris shovn in Fig. 3.16(c).
Although somelSI componentsstill exist, a major portion of themare cancelled.Thus,
regardingthediscussiomrmadein part3.4,aconsiderablyower resolutionADC fulfills the

guantization requirement for the system.
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Figure 3.16: The channel characteristics of a 300-m coaxial cable and its first order
discrete time approximation. (a) Frequency Responses. (b) Impulse responses. (c)
Equalized impulse response after a 2-tap PAE.

Regarding the resolutionof the PAE coeficients, it should be mentionedthat their
requirementsare fairly relaxed due to post-adaptatiorof the DLE filter. Moreover, the
importanceof PAE is moreevidentin worstcaselSI which happendor the longestchan-
nel. For shorterchannelsa rough setting of PAE coeficientsis sufficient becauseof a
lower ADC resolutionrequirementFig. 3.17 shavs the effect of the coeficient variation
ontheerrorperformancdor a 2-tapPAE whenchannels setto its maximum,i.e. 300m.
As we cansee,up to 10% changeof the PAE coeficient (dueto quantizationor circuit
implementatiorerror) doesnot affect the advantageof having PAE considerablyRegard-
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ing the fact that ADC resolutionrequirementsare more crucial for longer channelsthe
PAE coeficient setting (or quantization)can be performednon-uniformly by assigning
morePAE coeficient settingswhenchannels longer As it will be mentionedn Chapter
4, having useda 2-tapPAE for ourtargetapplication 4 differentsettingsor the coeficient
a arechosersuchthatwhenchannelengthis closeto it longestvaluethe PAE coeficient
settings are not more than 10% apart.

0.3 Q * T T |
N —8- Optimum PAE
025! Voo Q0| =0- 10% coff. variation
D S ~%* - 30% coff. variation
) : -O- No PAE
w 0.2f SRR
n
=
[
@ 0.15¢
0.1t He)
0.05 :
2 4 6 8 10

Number of ADC bits

Figure 3.17: The effect of coefficient variation of a 2-tap PAE on RRMSE.

3.7.1 Using Decorrelation Concept for a 2-tap PAE Design

Becauseof the simplicity of the mentionedfirst orderapproximationwe may recon-
sidertheapproachesf designingPAE for this simplercase Onenew approachs consid-
ering the 2-tap PAE as a first order decorelator [16]. In essencethe independent
uniformly distributedsymbolsat theinput of the channelbecomehighly correlatedat the
outputof the channebecausef ISI. Remwing the correlationof the symbolsat the out-
put of the channelis the sameas flatteningthe power spectrumof the incoming signal
[30][33]. A baud-rateequalizerdoesthe sameas part of the Nyquist condition[7], and
essentiallythe outputsymbolsof anideal equalizerareindependentiHowever, adecorre-
lator is not necessarilyan optimumequalizersincedecorrelatioris only aboutthe magni-
tude of the signal spectrum,whereasNyquist condition relatesto the both phaseand
magnitudeof the signal.Neverthelessby assuminghatthe outputof the channelis afil-
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teredrandomprocessa 2-tapdecorrelatoiis sufiiciently closeto a partial coarse equal-
izer, playingtherole of awhiteningfilter. Having anFIR baud-rateequalizelis equivalent
to assuminghatthe channelis estimatedoy an all pole discretefilter and consequently
the outputof the channels anauto-rgressve random(AR) signalasshowvn in Fig. 3.18.
Notethat,if necessaryby cascadingomeextradelaycellswe canincludea precursoiSI
into themodeltoo. However, in the caseof the 2-tapequalizationthe majority of the can-
celledISI componentsirepost-cursarThisis particularlytrue,in abaudratesystemwith-
outananalogmatchfilter. In this case the approximatenodelof the channelis asshovn
in Fig. 3.18(a) and we can write its output as

y(n) = x(n) +ay(n—-1). (3.20)
Thusa 2-tappartialequalizer(or decorrelatohere)would betheinverseof the channels

1
C(z)

= 1—az". (3.21)

By assumingthe simple model in (3.20) the correlationbetweenneighbouringoutput
samples can be calculated as

R, (1) = E[y(n)y(n=1)] = ac”, (3.22)

- ) = ————
1—az I—Zakz

xwf® RECECIEA L)

&)
az 71 71 eee 71

ay ay -1
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(@ (b)

C(z) =

Figure 3.18: The channel modeled by an: (a) AR(1) process and (b) AR(N) process.
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and a recurse calculation gies:

K 2
R, (k) = Ely(n)y(n-Kk)] = "o’ (3.23)
Thereforethe coeficient a in thedecorrelato(3.21)canbewell estimatedrom (3.22)as
an autocorrelatiorattor:

a = p = Egy ()i D Ey v (3.24)

The above is anotherapproacho finding the zeroor the single coeficient of a 2-tap
PAE andit doesnot needary training sequencandcanbe estimatedirectly by channel
outputsamplesThe simulationresultsfor our exampleapplication(622 Mb/s over 300-m
coaxialcable)shaw thatthe resultof the above approachs suficiently closeto the opti-
mum solution.

3.7.2 Usingthe PAE Inversein the Digital Domain

Whenthe analogpreprocessoor PAE is designedwith the goal of ADC bit require-
mentreduction,althougha low orderroughpre-equalizeprovidesa majorimprovement,
thelSI errorandchannehoiseenhancememnayexceedfrom their optimumperformance
dueto limited orderof digital equalizersTo preventthis, we canaddan extra postdigital
filter equalto the inverseof the PAE beforeDLE. For the 2-tapcase basically the ADC
blockis replacedy thesubsystenshavn in Fig. 3.19.1n this way, thedigital communica-
tion systemfunctionis the sameasthe casewithout an analogpreprocessoandthe ISI
error and channelnoise enhancementeemainrelatively unchangedWith regard to the

1. An ideal estimation must satisfy both (3.22)d(3.23) and this depends orvheealistic the AR(1)
model in (3.20) is.
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Figure 3.19: ADC quantization performance improvement using an analog decorrelator

ADC andquantizationnoise performancethe systemis quite different.In Fig. 3.19the
ADC input hasa lower crestfactor; thus, lessadditve quantizationnoisewill be intro-
ducedby the ADC. Also, the quantizatiomoiseis highly degradedby the postdigital fil-

ter, particularly at high frequencieslt shouldbe mentionedthat this architecture(Fig.
3.19)is mainly applicablewhen PAE is a 2-tap analogdecorrelatarThis is becausets
zero’s magnitudds equalto the correlationfactorin (3.24)whichis lessthanone.There-
fore, the PAE zerois insidethe unit circle andthe PAE inverseis stableandfeasibleto
implement.

The mismatchbetweerthe valuesof a in theanaloganddigital sidein Fig. 3.19can
beaconcernTable3.4 shavs a comparisorof therecever RRMSEfor 0 to 10 percentof
o mismatch.Ber low mismatch(up to 2%), RRMSE remainslow. For a larger mismatch
betweenhevaluesof a, the RRMSEcanbe considerableHowever, the promisingpoint
is thatthe adaptatiorof the digital equalizercancompensatéo a greatextentfor this mis-
matcheffect (last columnof thetable).It shouldbe notedthatin the currentdesign,the

Table 3.4: The effect of mismatch of O values before and after ADC on the relative RRMSE

Equalizer isadapted
after adding
Fixed equalizer mismatch

Mismatch || 0% 1% 2% 5% 10% 10%

Relative || 0-085 | 0.085 | 0.091 | 0.120 | 0.210 | 0.087
RRM SE
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valueof a in theanalogsideis theratio of two transconductancamplifiers’gain andit is
mainly determinedoy their degeneratiorresistorsratio. Theseresistorsare carefully laid
out besideeachotherin an interseggmentedform. Therefore,regarding the mismatch
propertiesn CMOS technology{37], the variationof the analoga is not expectedto be

more than 10%.

3.7.3 Comparison with predictive coding systems (ADPCM)

A 2-tapPAE/decorrelators similar to the predictive differentialcodingsystemg33] in
which theinput samplesarepredictedby the previous sampleswith the aid of correlation
informationamongthem.Generally in predictve codingsystemsthe predictionis done
in afeedbacKoop (Fig. 3.20(b))ratherthanin a feedforward loop (Fig. 3.20(a)).In this
casethequantizercanalsobemovedinto thefeedbacKkoop (Fig. 3.20(c)).As aresult,the
guantization noise will be dded by the loop @in as well.

1—-0z—

1—az™
X(n)( x4(n) X (n) x(ny x,(n) ’gd(”)
>t ADC » ADC >
4 ‘\TJ x(n D %(n)
1 -
az az -
1 —(Xz_1
(a) (b)
l—az"! l/(l—C(z_l)
x(n x4(n) ° " y(n)
( d ADC x4(n) x4(n) ® >
s 4
X(H)L q -1 D/IA I az?l
z
7 /
1—-az

Digital post-filter
(c) (d)

Figure 3.20: Comparison of (a) feedforward and (b) feedback predictive systems. (c)
The Quantizer (ADC) is placed inside the feedback loop (ADPCM). (d) Post digital
filter (reconstructing the original signal).
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If the quantizeris placedinsidethe predictionfeedbackoop, after signalreconstruc-
tion by the postdigital filter (Fig. 3.20(d)), the quantizationnoise remainsunchanged.
However, it shouldbe notedthat for highly correlatedsignalsthe quantizationnoiseis
much smallerbecausgust the signal x ,(n) = x(n) —x(n) with varianceozxd «0’y is
beingquantizedby the ADC. As a result,the quantizatiomoiseis reducedoy a factorof

2 2 o
0 x,/0"x ,known as the predictionagn.

The analogimplementationof the feedbackpredictve coding (Fig. 3.20(d)) is not
alwaysfeasibleat high speedsgueto thelargeloop delaycausedy ADC andtheloopfil-
ter. This delayshouldbe smallerthanthe symbolperiod. However, the possibleways of
combatingthe loop delay problem,suchasusingparallelfastcircuits, canbe considered
as an open research topic [38][39].

In feedbackpredictve systemsthe predictionfilter usesthe quantizedsamplego pre-
dict the next sample.In the feedforward method,the non-quantizedsamplesare used
instead.Therefore n the processof postdigital filtering, the varianceof the quantization
noisewill beincreasedgain, but with a different shape in thefrequeng domain.Sincethe
postdigital filter is lowpass,the quantizationnoisewill be coloredandwill be highly
reducedat high frequenciesThis causeshedigital equalizeywhich booststhe higherfre-
gueny componentsto have a reducedenhancemengffect on the colored quantization
noise.Interestingly the conceptof quantizatiomnoiseshapingis alsousedin delta-sigma
modulator ADCs, bt in a diferent vay [2][3][29].

Althoughin feedforward decorrelationFig. 3.20(a))the reductionof the quantization
erroreffectis dueto thereductionof the crestfactorand DLE noiseenhancemerfactor
the power of the colored quantizationnoise may also be reduced.To evaluatethis, we
comparethe varianceof the final quantizationnoiseafter the postdigital filter ozd' with
original quantizationnoise ofl from the systemwith no analogpredictionor preprocess-
ing. By remembering

2 2,2R 2

o =¢€2

L= g2 O, (3.25)
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and similarly

2 2 2R 2
0, =€2 0Oy (3.26)

and ignoring the change of quantizactbrsfl, then we will hae
2
o x4 (3.27)

The quantization noise after the digital post filIéI(G(ejm)) is as

2

1 94
o' = —[[—~—dw (3.28)
DL e
Thus, the change in the quantization noise will be as
T T
:_xz_gz__zl’ ‘*(’02_ (™) (3.29)
q x |G(€] )|

erxx(e )doo

x| 2 o=l
The above value when |G(e]‘°)| = Sxx(e]“) is equal to one. For some other

0|2 : . : .
|G(ej w)| , aswasfoundin our simulationresults theabove factorcanbelessthanl. This
implies that, in such cases the quantization is more reduced.
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3.7.4 PAE Usage in FFE and FFE/DFE Achitectures and Comparisons

Decision feedbackequalizers(DFE) also reduce channel and quantization noise
enhancementsiowever, while they canonly eliminatethe post-cursotSl, their practical
useis limited due to propagtion error, initialization and clock recovery difficulties.
Although the adwantageof using PAE is superiorin an FFE system,in a FFE/DFE
recever, the usageof PAE canbe considerablybeneficialaswell. To investigatethis fact,
two FFE and FFE/DFEreceversusedin our target applicationare shovn in Fig. 3.21.
Using the inverseof PAE, simplifiesthe equalizationperformanceanalysisasthe signal
remainsunchangedvithin the procesof quantizationwith pre/posffiltering. In this case,
the equalizationtask can be freely divided amongFFE and DFE filters, independenbf
pre/posffilters, for the bestlSI andchannelnoisereductionperformanceBy PAE pre-fil-
tering, someequalizationis partially, but temporarily donebeforeADC andwill be neu-
tralized afterwardsby the PAE inverse.The pre-filteringreducegshe crestfactorandthe
post-filteringcolorsthe quantizationnoiseto a lowpassshapesuchthatit is not signifi-
cantly enhanced by the FFE.

-~ - - - - - - - = ~
Input { G@) > ADC > 1/G(2) ) > H(z) Slice_ll_ Detected
from | Symbols
Channel -
! Analog pre-filter Digital | FFE
| (decorrelator) Post-filter |
\ /
(a) FFE
-~ - - - - - - - - = ~
/
\
Input o | | . Detected
frgm | G@) = ADC > UG@) > H1) —= Sl'ce_'l_ Symbols
Channel o
Analog pre-filter Digital | FFE
| (decorrelator) Post-filter 2@
___________ /
DFE

(b) FFE/DFE

Figure 3.21: Receiver architectures including ADC with pre-filter (analog)
and post-filter (digital). (a) FFE. (b) FFE/DFE.
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Fig. 3.22shavs thefrequeng responsef the postdigital filter, the feedforward equal-
izersandtheir combinationdor both FFE/DFEandDFE architecture$n our targetappli-
cation. The numberson the curves shav the amountof their relevant white quantization
noisepower changeafter eachfilter while the signalpower at the ADC input andslicer
outputarenormalizedto one.It canbe seenthatthe feedforwardfilter in FFE/DFEarchi-

tecture has 3.6 dB less noise enhancement compared to the FFE-only system.

The postdigital filter (1/G(z)) hasasharplowpassshapeandhasa 2 dB quantiza-
tion noisereduction,dueto the predictiongain from equation(3.29). The combinationof
postdigital filter andfeedforwardequalizerin eitherof the FFE/DFEor DFE architectures
canceleachothersboostingpart.As aresult,thereis aquantizatiomoisepower reduction
of 10.6dBand 7.5dB for FFE and FFE/DFEarchitecturesrespectrely. As we cansee,
temporarypost cursorequalizationof the input signal makes a significantreductionin
guantizationnoiseafter FFE, while the advantageof DFE in the overall system,.e. less
channel noise enhancement, is n&atd.

Fig. 3.23shavstheabore factin termsof the power spectrunof thetraveling quantiza-
tion noisein DFE andFFE/DFEarchitecturesn Fig. 3.21with or without pre/posfilter-

15

Magnitude(dB)
Magnitude(dB)

-20 : : -20 ; ;
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(a) FFE/DFE (b) FFE

Figure 3.22: Frequency response of the post digital filter and the feedforward
equalizers and their combinations for both (a) FFE/DFE and (b) FFE architectures in
Fig. 3.21.
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ing at diferent points: after ADC, after digital post filtafter feedfonard equalizer filter
or beforeslicer Thetotal quantizatiomoisevariance|.e. theintegral of eachPSDcurwe,
is givenin the figure. PSD curves are obtainedthroughWelch's averagedperiodogram
method and Gaussian wingimg [28][40].

As seenin Fig. 3.23(al,a2)having the analogpre-filterinitially reduceghe quantiza-
tion noiseby 7.8 dB dueto crestfactorreduction.Moreover, the quantizatiomoisepower
is reducedn Fig. 3.23(a3,b3pecaus®f the shapingof the noiseby the postdigital filter
beforeits enhancementy FFE in boththe FFE/DFEandFFE schemesilt is evidentthat
we achieve more performancemprovementin FFE-onlysystemsomparedo FFE/DFE
systems.Nevertheless,the improvementin the DFE systemis still remarkableand

depends on the amount of non-flatness of the FFE spectrum.
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Figure 3.23: Power spectral density of the quantization noise in: (a) FFE/DFE (b) FFE
architectures (shown in Fig. 3.21) at different points: (1) After ADC, (2) After post digital
filter (3) After feedforward equalizer (before slicer), with the variety shown below.
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3.8 Simulation Results

3.8.1 Quantization Noise Reduction Demonstration

Fig. 3.24 demonstrateshe quantizationnoise power reductionby employing a low
order2-tap pre/postfiltering. A stronglow frequeng tonecombinedwith a wealer high
frequenyg tonerepresents signalwith a lowpassshapeat the recever input. The PAE/
decorrelatopre-filter (with no gain) reduceghe amplitudeof the signalat lower frequen-
cies.After again amplifier, the signalis amplifiedbackto the original amplitudebut with
astrongerhigh frequeng tone.Thesignalis thenfed into a 5-bit ADC andthepostdigital
filter consecutiely. The resultis shavn in Fig. 3.24(f). It shaovs the reconstructedand

(). (d)
'
’
f (e)
ADC
Quantizer
5 bits
/ ADC
/ Quantizer
4 5 bits
(0) Digital post-filtelr ()

(1/1 - a.?h

—

Equalize Equalize

© . ©

Figure 3.24: Demonstration of quantization noise power reduction when a low order pre/
post filtering processor is employed.
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guantizedform of the original input and canbe comparedwith a regular5 bit quantized
form of input (Fig. 3.24(b)). The former result elaboratesetterhigh frequeny details
becauseof the quantizingerror degradationat high frequenciesoy the postfilter. Fig.

3.24(c)and(g) shavs thefinal resultsafter FFEfilter (from the FFE/DFEsystem).Aswve

cansee thereis significantlylessnoisepower in pre/posffiltering architecturecompared
to direct quantization.

3.8.2 Using 2-tap PAE in Coaxial Channel Application

Fig. 3.25shavstheamountof therelatve RMSE for differentnumbersof ADC bits for
two receverswith andwithout PAE filters in a 4-PAM 300-m coaxial applicationwith
symbolratesof 300 MS/s and 150 MS/s. For RRMSE [10.10 (SER [ 10_7) the recever
with PAE need<2.5bits lessresolutionthanthe casewithout PAE in the 300-MS/scase A
similar comparisorfor a lower speedof 150 MS/s shaws a resolutionrequirementeduc-
tion of 1.5 bits. The useof the PAE is lessadwantageousn the 150 MS/s casedueto a
lower ISI asthis resultsin the correlationfactorbetweerthe input samplesdroppingfrom
0.85t0 0.7.1t canalsobeobseredthat,atalarge numberof bits, sincethe RRMSEis sat-

urated by the residual ISI and adektinoise, the error reduction is netdent.
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Figure 3.25: Comparison of relative RRMSE versus number of ADC bits with and
without decorrelator for 4-level PAM transmission over 300-m coaxial cable at
different speeds. (a) 300 MS/s. (b) 150 MS/s.
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3.9 Summary

In this chaptemwe reviewedtheimportanceandthe effect of a front-endanalog-to-digi-
tal cornverter resolutionin a basebandligital communicationsystemrecever and dis-
cussedapproachego reducethis resolutionrequirementhrough analogpreprocessing.
The quantizatiomoiseandits effect on the symbolerror ratewerediscussedEstimation
of the signalcrestfactorbeforethe ADC with or without analogpreprocessingveredis-
cussedA formulato estimatethe numberof bits requiremenfor the ADC for a certain
symbolerror rate and recever architecturewas proposedBasedon this, the advantages
anddisadantage®f full analogequalizatiorandpartialanalogequalizationwereinvesti-
gated.Partial equalizatiorwasshavn to be a betterpracticalsolutionfor ADC resolution
requirementeduction.Differentapproachegor optimizationof the splitting the equaliza-
tion job betweerthe partialanalogequalize{PAE) andthe digital linearequalize(DLE)
were proposed and compared.

It was shavn that a low order analogfiltering block is enoughto createsignificant
improvementin the ADC resolutionperformanceSpecifically a two-tappartial equalizer
wasdemonstratecanddiscussedn detail,asa very efficient analogpreprocessinghoice
to reducethe ADC requirementsTwo-tap analogpre-filtering enablesus to performthe
inverseof the pre-filteringin the digital side. Thus, other efficient equalizationarchitec-
tures such as DFE with low order filters and less channelnoise enhancementan be
employed as well.

For thecaseof a 2-tapPAE thesinglezeroof thefilter canbeestimatedhroughadeco-
rrelationfactoraswell. The 2-tapanalogPAE/decorrelatoreduceghe bit requiremenof
the analogto digital corverterup to 2.5-3 bits for 622Mb/sdatarate over 300-m coaxial
cablewith 4-level PAM schemepplication.Thisimprovementis dueto reducingthecrest
factorof the signalbeforeADC andthe amountof quantizatiomoiseenhancemernnh the
digital equalizerafter ADC. Theimplementatiorandverificationof PAE andADC will be

reviewed in the ngt chapters.
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CHAPTER

Circuit
4

Implementation

4.1 Introduction

Accordingto the resultsin the previous chaptey a 2-tap PAE or decorrelatorffollowed
by a 6-bit ADC, asshavn in Fig. 4.1, is anefficient front-endchoicefor our tamget cable
application.This front-endperformsbetterthanan 8-bit-ADC-only one.Here,the imple-
mentationssuedor this analogfront-enddesigndiscussedin the next chapteithe experi-
mentalresultsof the fabricatedprototypechip in a 0.18um CMOS technologywill be
presented.

4.2 Partial Analog Equalizer Design

A two-tap RAE is essentially an analog FIR filter of the form

H(z) = G(1—-az ), (4.1)

x(n)

ADC P To digital
signal
processing

Voltage luffer

/ Digitally
Controlled
PAE/decorrelator
1-— (Xz_1

Figure 4.1: Analog front-end top-level block diagram.
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whereG is the gain adjustmentactorto compensatéor the signalamplitudeattenuation
within (1 — az_l) decorrelationThis makesthe signalamplitudeconformwith the ADC
input dynamicrange.Several analogFIR filters with differentnumberof tapshave been
reported[8][6][9][41].However, in the caseof a 2-tapPAE, becausef adjustmenbf only
a single coeficient, we canconsidera more specificarchitectureandthusachiese higher
speed and performance.

As seenin Fig. 4.1, the building blocksfor the 2-tap PAE consistsof a delayline, a
coeficient a multiplier, a subtractgrand finally ana -dependent @n adjuster

4.2.1 Delay Line Generation Techniques

Fig. 4.2 depictshow interleaved sample-and-holtlockscanbe usedfor thedelayline
generationln Fig. 4.2(a)eachS/H outputis usedmorethanonce;andtherefore the exist-
enceof a buffer to presere the held signalis mandatoryIn addition, a switch matrix

selectghe properS/H for eachoutput. This architecturesavessilicon areaby reducingthe

Pre
. e vin(n)
ICH ®o 0e [ 1 1 1
Vin = %o 1 M M-
—_— [022%) 0 —T1 1 1
% 1 1 1
®10 ®re kLI LI LI rirrir
| Vin(n-1)
Ch
- (a)
! :
oo Vin(n)
fe
. ®e T P3¢ @« ML rrrrrrrerie
vin o bz o 1 - M
Cq _ o 1 1 1
I Vin(n-1) M — —
P20 = 30 °
o i 036 1 1 1
fe

(b)

Figure 4.2: Delay line generation by interleaved sample and hold blocks.
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numberof S/H blocks. However, the necessityof the buffer causesa signaldrop during
buffering andthusrequiresthe S/H to operatefor a largersignalswing. This is morediffi-
cult in a low voltagetechnology Furthermore the clock feedthroughof the switching
matrix throughthe parasiticsof the buffer can changethe held signal beforeits second
usage andtherefore,introducingextra distortionby changingthe held sample.lt should
be notedthat advancedopampclosedloop buffers canreducesignalloss anddistortion,
but they limit the maximum speed compared to their open-loop counterparts.

Fig. 4.2(b) shavs anotherdelayline generatiorin which eachsampledsignalis utilized
only onceat the costof addingmoreinterleaved S/H blocks.In this case,sincethe held
samplesarenot neededor a secondusagepy directly connectinghe S/H outputswe can

do the addition or subtraction via charsharing techniques.

4.2.2 PAE Topology Choices

PAE/Decorrelator Architecture Using Charge Distribution

Thedesignin Fig. 4.3is basednthechagedistribution of sample-and-holdapacitors
[16]. Theminimumnumberof S/H blocksin this architecturas three.Thefirst S/His run-
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Figure 4.3: PAE block diagram using a charge sharing technique.
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ning with the main samplingrateandtwo otherswith half of the samplingrate. Theratio
of the capacitorsvaluein the secondarys/H pairsto the capacitorsvaluein the first S/H
determineghe valueof the coeficient a in (4.1). Therefore the secondarys/H pairsare
selectecamongdifferentchoicesdependingnthevalueof a . Thecontrolsignalsfor this
selectioncomefrom the digital domain.After the trackingtime, @ enablegherelevant
hold switches,suchthat the proper S/H block sharests capacitorchage with the main
S/H capacitor After a settlingtime, the voltageat the subtractinghodein Fig. 4.5is alin-

earcombinationof eachof the sampledvoltages.The negative signof the coeficient a is
obtainedhroughanoppositeconnectiorof differentialoutputsof S/H blocks.Thevoltage
at the subtracting node isvgn by

cv,—acv, +C,V,

Vou = C+aC+C,

(4.2)

whereC » is the parasiticcapacitancat the subtractinghodeand v, is its voltagebefore
chage sharing. Although the C, value is much smaller than sample-and-hold
capacitancesextra switchesare usedto force the subtractingnodesto a fixed common
mode voltage during the tracking time. This is doneto remove ary memoryfrom the
previouscycle andpreventthebuffer transistorgrom beingturnedoff. Thus,C V', in (3)
causesa dc shift at the summingnode,which is cancelledn at the differentialmode.A
differentialcommondrain buffer reduceshe C, anddrivesthe following variablegain
amplifier (VGA). This VGA compensate$or the signal loss during the subtractionin
order to cwer the ADC input full range.

Theabove architecturas power efficientandgoodfor mediumspeedandresolution,but
atthecostof alargesilicon area,dueto the needfor extra capacitorsFurthermoreasthe
technologyshifts to lower voltagesand shorterchannellengthsseveral other concerns
exist aswell. As seenfrom (4.2),becaus®f chage sharingwe have extra signallosswith
a factor of

C

This is in additionto the lossby the decorrelationi.e. Vin(l—az_l) . Therefore the need
for extra gain in the VGA imposesspeedandresolutionlimitations, particularlyat lower
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voltages.In addition,sincethe chagesin the capacitorsaredestrgyed by chage sharing,
the requiredtime of S/H settlingwill increaseThis canbe crucial for the speedof low
voltage switchesin the sample-and-holdblocksif they do not benefitfrom a bootstrap
technique[42]. It shouldbe notedthat generally bootstrappings often avoided due to
reliability andextensve compleity issuesTheextratime for chage sharingandtheneed
for an S/H buffer to reducethe C, effect are other concerns.The above concernsare
relatvely commonin otherforms of switch capacitorFIR implementatiorasa candidate
for PAE architecture [43][41].

PAE Architecture Using Current Subtraction and Switch Matrix

Fig. 4.4 shaws the 2-tapPAE/decorrelatoarchitecturébasedon current-modesubtrac-
tion. The minimum number of sample-and-holdlocks is two, and their outputsare
switchedevery othercycle by the switch matrix. Theinput samplesandtheir delayedver-
sionsarecorvertedto currentby two transconductorandthensubtractedrom eachother

The @ain ratio of the tw transconductors is equal to thieBEfactora .

Sample and holée» Subtracting stages» Variable Gain Amp.

ﬁyin 0
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®2 to e |
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Figure 4.4: Current-mode implementation of the 2-tap PAE/decorrelator.
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This architecturas moreareaefficientdueto thelow numberof S/H blocks.Moreover,
S/H capacitorchagesarenot destryed at the endof eachclock cycle. The first stageof
the transconductorsieeda better linearity performance(about 1-2 bits more than the
ADC), becausehey corvert the input samplego currentbeforesubtraction.The second-
stageGm-Cellis a variablegain amplifier (VGA) andthusrelaxesthe gain requirement
for thefirst stageGm-Cellswhich have to toleratea larger input swing. In this topology
eachS/H outputis utilized morethanonce thus,theneedfor the buffer andotherconcerns
mentioned for the switch matrix delay linest here as well (see 4.2.1).

Chosen Topology for the 2-tap PAE/Decorrelator

Fig. 4.5 depictsthe top-level circuit architecturechoserfor the 2-tap PAE followed by
a6-bitflashADC. Two setsof triple interleavred sample-and-holBlocksprovide thebaud-
rate samplesof the input signal at the time instants¢; and¢,; _, . In this way, eachS/H
capacitoris usedonceandits chageis not destryed beforethe next samplingtime. Fur-
thermore,interlearing relaxes the S/H designat low voltage operation.Two separate
transconductorsith anadaptve gain ratio equalto the equalizatiorfactor (or decorrela-

Sample and holdes- Subtracting stag&/GA <= | /V Corverter<s Buffer
Vin

+ -

tan
5 s
S/H| tan-2 - \ _
i — - 6 i
r— 4 | Converter ADC
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- — A Digitally v(ty)-av(to)

Controlled : -
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P3n-1 [ 2 - I 1

Nl ol
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Figure 4.5: The top-level circuit architecture for the 2-tap partial analog equalizer.
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tion factor) a cornvert the consecutie sampleso current.In this topology the VGA is

combinedwith the subtractorstage.Thus,the currentsignalsarefirst amplifiedandthen
subtractedfrom eachother This improves noise toleration at the current subtracting
nodes.Direct connectionof the S/H to Gm-Cellsreducessignalloss and distortionand
allows the useof Nch track-and-holdswitches.To reducethe distortiondueto the mis-

matcheffect in interleavred sample-and-holds single masterclock techniques used,as
will be described later

4.2.3 Sample-and-Hold design

Sample-and-holdS/H) circuits play a crucial role in the designof dataacquisition
interfaces Front-endsample-and-holdarefundamentallydifficult to designbecauséehey
mustoperateat the extremeedgeof the performancesrnvelope.They mustsimultaneously
achieve goodlinearity, high speedJarge voltageswings,high drive capabilitiesandhave
low power dissipation.n low-voltageandhigh speedsystemsanalogsamplingbecomes
morechallengingbecausdimited headroonfurthertightensthe trade-ofs amongthe per-
formanceparametersMOS S/H circuits mainly suffer from channelchage injection of
samplingswitchesand clock feedthroughdue to gate-overlap capacitancesMoreover,
therearetwo additionalsourcesof dynamicerror:thevariationof the switch-on-resistance
with theinputlevel andinput-dependergamplinginstantdueto thefinite transitionof the
samplingclock. In addition,whentheseerrorsareinput-dependenthey createnon-linear
distortion, which can be more damaging than edfiafset error

Althoughclosedloop S/H circuits [3][44] usingopampsalleviate theseerrorsandpar-
ticularly their signaldependeny their operatingspeedsareseriouslydegradeddueto the
necessityof guaranteeinghatthe loop is stablefor the desiredloop gain. Therefore for
our targetapplication,which requiresmediumprecisionbut high-speedamplingrate,an
open-loopdesignis preferred Among open-loopS/H circuits therearetwo corventional
parallelandserialarchitecturesasdepictedn Fig. 4.6(a,b) [44]. Seriessamplinghasthe
advantageof isolatedinput and outputcommon-modevoltagesandlessnonlinearchage
injection when S2 turns off earlierthan S1. However, it hasthe disadwantageof chage
sharingwith the nonlinearcapacitanc€p andlongerhold settlingtime dueto thesettling
of the voltageat the outputnodeto a new common-modesalue. The S/H in Fig. 4.6(c)

shaws anotherarchitecturejn which S2 turns off a little earlierthan S1, suchthat the



66

s1 Sl ¢, le S2
Vin _J_l_Vout vin — —L Vout

ol

I Ch J s3 TG

L L=

(@) (b)
S1
Vin _,__LTVOUt

H

J_
J=_SZ

(€)

Figure 4.6: (a) Parallel sampling. (b) series sampling. (c) parallel sampling with a
series switch to reduce non-linear charge injection effect.

chageinjectionfrom Slinto Cy is prevented[16]. Notethatsincethe chageinjectionby
S2is signalindependenti is not crucialandcanbe cancelledhroughdifferentialsignal-
ing. Despitethe abore mentionedadwantagedor Fig. 4.6 (b, ), the corventionalparallel
S/H in Fig. 4.6 (a) is favorable becauseof its speedand simplicity. Particularly, if the
capacitorchage is not destryed during the hold time, the tracking settlingtime will be
considerably reduced.

In this design,to meetthe speedrequirementa parallelfully-dif ferential S/H with tri-
ple-channeinterleaving is utilized. Thus,aswasseenin the PAE architecturan Fig. 4.5,
six S/H blocksexist in thetotal designjusttwo of which operatan samplingmodesimul-
taniously The circuit diagram of a single S/H block iswinan Fig. 4.7.

A low common-modeoltageof 450mV enableghe useof NMOS switcheswith rea-
sonablesizes.Theinterleaved S/H architecturgrovidesextendedhold time with alength
of two full clock cycles,onefor the z! delayin PAE andthe otherclock cycle for the
analogprocessindy thefollowing subtractormndamplifier stagesin addition,aboutone
clock cycle is assignedor the tracking time, thereby permitting the use of a holding
capacitor(Cy) aslargeasl pF. A large C reduceghe non-linearchage injection effect
of the samplingswitches.This chageinjectionis proportionalto the inverseof the hold-
ing capacitovalue[3]. Moreover, it reducesheeffect of chagesharingdueto thefollow-
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Figure 4.7: Sample-and-hold circuit.

ing stageinput capacitor The abore mentionedinput capacitoris mainly the relatively-
lineargatecapacitancef the PMOSinputtransistorof the next stageandits initial chage
belongsto the previous sample As a result,the chage sharingof Cy andthe next-stage
inputcapacitolbehaesasadiscrete-timdinearlowpasdilter with arelatively largeband-
width andit canbetoleratedTo furtherreducethechageinjectionerror, dummyswitches
(M2, M5) with half of the sizeof trackingswitcheswith aninvertedclock, areutilized in
serieswith the samplingswitcheg[3]. Regardingthe low orderof the partial equalizenn
the next stageandthe chosenPAE topology eachS/H hasto drive the input of a single
transconductoamplifier Therefore by appropriatebiasing,it is possibleto connecithe
transconductorsf the next stagedirectly to the S/H blocks. This eliminatesthe needfor

an «tra kuffer; therebyhaving less signal loss and addéidistortion.
Mismatch Effects Dueto Interleaving

While interlearing is becomingan effective solutionin high speedlow voltage data
acquisitionsystemg45], mismatchamongdifferentchannelseverely limits the precision
of suchsystemsThesemismatcheganbe catgyorizedasdifferentoffset, gain andclock

timing errors among interlgad blocks [11][46].
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Offset Mismatch Effects: The offset mismatchis due to the different non-differential
mismatcheffectsin interleaved blocks. This offset mismatchcausedixed patternnoiseat
the outputwhich is repeatedevery Fg/ M, whereM is the interleaving factorandin this
design M=3. This addite noise causes noise peakgaf;., = kX F /M .

Gain Mismatch Effects: Gain mismatchcanbe causedoy variousmismatchessuchas
different chage sharingfactorsand differenttime constantsAs in the offset mismatch
casethebasicerroroccurswith aperiodof ./ M , but themagnitudeof theerroris mod-
ulatedby theinput frequeny f;, . Therefore noisespectrumpeaksdueto the gain mis-
match appear af = —fi,thkxF /M.

noise

Clock Timing Error Effects: There are two kinds of clock timing errors: clock skew
(systematicerror) andclock jitter (randomerror). Interleaved topologiessuffer from extra
clock skew effectsdueto the differentskews of the interleaved blocksinput clocks.lde-
ally, thesamplingedgeof eachinterleaved S/H clock hasto occurmidway betweemeigh-
boring S/H clocks. In reality, due to substantialmismatchesin frequeng dividers
componentsand parallel clock paths,the samplingedgesdeviate from their ideal time
instants.This timing mismatchcausesioisein S/H output. The largesterror occurswhen
the input signalhasthe largestslope.For a sinusoidalinput, the ervelopeof the erroris
largestat the zerocrossingandit varieswith a periodof F /M . Thus,aswith the gain
mismatch, the noise spectrum peaks aré at, = —f,, +kxF /M.

Mismatch Effects Reduction

To reducethe above mismatcheffects,thereare several approacheshat canbe taken.
Theseincludeplanninga carefullayoutof the parallelcomponentso minimize their mis-
matcheschangingthe circuit architectureto reducethe numberof parallelcomponents
and finally, carrying out backgroundcalibration to combat existing mismatcheffects
[47][48][49]. In this design,the interleaved partsarelimited to the sample-and-holgnot
the entire PAE and ADC) and the requiredresolutionfor it is in the order of 8-9 bits.
Therefore,by usinga simpler S/H with minimum componentsnd a careful layout, the
offsetand gain mismatchesre minimized. In this regard the S/H capacitorsare built by
interdigitatedmetalM2-M5, mainly usinglateralcapacitancewith smallerunits,to give
better matching properties [50].
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Theclock’s timing mismatcheganbe considerablyeducedf asingleclock drivesall
of theinterleaved S/H blocks[53]. In this design the properedgeof a singlemasterclock
is assignedo differentS/H blocksratherthanusinga clock divider. As a result,the mis-
matcheffectis reducedo the mismatchbetweenrthe clock-pass-contraswitchesandthe
singleswitchesn the S/H blocks.Accordingto Monte-Carlosimulationresults,f thesize
andthresholdvoltagesof theseswitchesvarieswithin threetimesof the technologymis-
matchstandarddeviation (approximatelymaximum10%), usingthis techniquethe clock
skew is below 5 ps. The worstcasevoltageerrorfor a sinusoidainputis atits zerocross-
ing and can be found from

Av _ _
ld =7V, D‘[fincos(Zleint)L:O =V, Oy, . (4.4)

max

For example,for atypical 600-mV peak-to-peald 00-MHzinput, the error voltageis less
than 0.94 mywhich is quite tolerable for an 8-bit resolution.

Perfor mance Evaluation

Fig. 4.8 shaws the simulationresultsfor the differentialtriple interleaved S/H, with a
400-MHz clock anda 102-MHzinput tone.Theinput toneis chosersuchthatit is notan
integer divisor of the clock frequeng. Thereby the samplingpointscover the full ampli-
tuderange.Fig. 4.8(a)exhibits the S/H outputin thetime domain.As we cansee,dueto
interleaving, almosta full clock cycle of sampleddatais availablefor the analogprocess-
ing by thefollowing stagesandtheworstcasesettlingtime from cycle to cycleis lessthan
0.1 ns. Fig. 4.8(b) shaws the S/H outputspectrum.The output SNDR is 66 dB, or 10.7
bits. Notethatbecausef sampling thethird andfifth harmonicsarealiasedo thein-band
frequeng range.For instance the harmonicat 306 MHz appearsat 400 - 306=84MHz.
Fig. 4.8(c)shaws the sameoutputspectrumn the presencef up to 10% additive random
mismatchbetweerthe componentsizesin all interleaved anddifferentialbranchesVari-
ousmismatchnoisetonescanbe obsenedat the outputspectrumThetotal SNDRin this
worstcases abouts55 dB, which meetsthe 8-bit resolutionrequirementAs expecteddue
to the masterclock techniquethe clock mismatchnoisecomponents not the major dis-
tortion componentcomparedo the offsetmismatchnoisecomponengappearingat F4/3 =
133.3 MHz.
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Figure 4.8: Simulation results for the differential triple interleaved S/H, with 400-MHz
clock (Fg) and 102-MHz input tone (f;,). (a) Output in time domain. (b) Output spectrum
without added mismatch. (c) Output spectrum in the presence of up to 10% additive
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4.2.4 Non-overlapping Triple Phase Clock Generation and Digital

Controls

Fig. 4.9 showvs a simplified singleendedversionof thetriple interleaved S/H with rele-
vant clocking signals.The hold control switchesselectthe properS/H. It is crucial for
their clocking signalsnot to overlapotherwise the sampledsignalwill be destryed.Fig.
4.10depictsthe circuit usedfor a non-overlappingtriple-phaseclock generatoifrom the
maininputclock. ThethreeD flip-flops areinitialized by theword 100. Then,by rotating
thatword in eachclock cycle, they generatehreedifferentclockswith onethird of the
mainclock frequeny anda 120 degreephaseshift. Theseclocksenterthe following sub-
circuit comprisedof threeAND gatesandthreedelaycells. This circuit createshon-over-

lapping interals on the clock transitions, depending on the delay durations.

The PAE circuit, as shavn in Fig. 4.5, includestwo setsof triple interleaved S/H
blocks.Whenthe PAE factora is setto bezero,oneof the S/H blocksis turnedoff by dis-
abling the buffersin Fig. 4.10.This, disablesthe hold control signals.At the sametime,
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Figure 4.9: Simplified schematic of the Triple interleaved S/H.
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the correspondinds/H outputis setto V) by the extra switchshavn in Fig. 4.9.In this
case, the RE consists of one Gm-Cell and performs asia g@mplifier

Fig. 4.11 shaws a circuit that provides different clocks with properdelaysand duty
cyclesfor S/Handthe ADC. Themasterclock,aswasshavn in Fig. 4.7,is a clock with a
largepositive duty cycle. Thisis becausés high-level durationis thetrackingtime, which
is closeto onefull clock cycle. In addition,a multiplexer is usedfor optimizingthe ADC
clock delay by selecting among four t#frent delays via a 2-bit digital control signal.
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Figure 4.10: Non-overlapping triple phase clock generator from the input clock.
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Figure 4.11: The circuit that provides different clocks with proper delays and duty
cycles for S/H and the ADC.
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4.2.5 The Design of Transconductors

According to the PAE topology in Fig. 4.5, two transconductancamplifiers (Gm-
Cells) areneededo amplify andcorvert the input samplego the current. The Gm-Cells
bandwidthsshouldbelarge enoughsuchthatthe subtractiorresultis settledat theinput of
the ADC latch comparatorsn a fraction of a clock cycle. The subtractiorof the two cur-
rentsmusthave a minimum of 6 bits resolution.Notethatwhentwo correlatedsignalsare
subtractedirom eachother the resulting SNR degradesdependingon the correlation
betweentheir noise-distortiorcomponentsin the Gm-Cell designhere,the main resolu-
tion limitation is dueto non-lineardistortionterms.However, sincethe non-linearterms
belongto oneinput signal,they arerelatively correlatedoeforesubtractionThus,they do
not accumulate considerably during the subtraction.

Fig. 4.12 depictsa corventionaltopologyfor a differentialtransconductancamplifier
(Gm-Cell) of which the transconductancaryis [3]:

i 1
G =2 = —_—
" v, R, +2/g,

1

(4.5)

whereg, is the transconductancgain of the input transistorsA smaller R providesa
larger G,,, but makes G,, more dependenbn g, (becausen (4.5) the term 2/g,,
becomesmore comparableto R.). Since g, dependson the current of the input
transistorsit varieswith input voltage;thereby causinga significantnon-lineardistortion
at the output. As a result, in this design, an improved architecturewith inherent

Gain
Voo Control Vbp

Figure 4.12: Conventional transconductance ampilifier circuit architecture.
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linearization technique [54], as shown in Fig. 4.13, is utilized. The components sizes of
this Gm-Cell design are shown in Table 4.1.

Gain
Control

R
|v|9:_||-vCn oF vcn.||i M5 L R2 Mﬁﬁlpvcn " M10

M7:_|: :I_: M3 R3 R4 M4:|: :I; e

R7

Figure 4.13: Linearized transconductor circuit architecture.

Table 4.1: Gm-Cell components sizes

Component Size? Component Size

M1-2 18 x 3.5/ 0.22 R1-2 548.7 Q
M3-6 7 x3/0.22 R3-4 203.9Q
M11-14 9x10.5/0.22 R5-6 401.8 Q
M7-9 14 x3/0.22 R7 2.3kQ
M15-18 3x3/0.22 R’1-2P 651.4 Q
R8-9 303Q R'3-4 282.8 Q
C1-2, C5-6 580.8 fF R’5-6 1.6 kQ
C3-4,C7-8 380.2 fF M20-21 10 x3.5/0.18
M23-24 3x2/0.18 M22 5x3.5/0.18

a pm/pm for transistors.

b. R’ valuesrelates to the second Gm-Cell in the PAE circuit.
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In this architecturethe currentof theinputtransistorgVil andM2 areforcedto becon-
stantby a feedbackoop comprisedof transistordvi3-M6. For instancejn the left-hand-
sideloop, if the currentof transistorM1 increasesthe voltageat the drain of M17 will
increasgdueto thefinite outputresistancef the currentsourcel2 comprisedof M15 and
M17). Then,M3 andM5, asa cascodeamplifier, decreas¢hevoltageatthe sourceof M1;
therebyreducingthecurrentof M1 andessentiallykeepingit constantThus,theVgg's of
the input transistorsbecomealmost constantand the input small signal appearson the
resistorbetweenM1 andM2 sourcesandproducesa currentequalto ¥,/ R . This cur-
rentwill be mirroredto the outputtransistorsghroughthe currentmirrors comprisedof
M3-M9.An adwantagefor this architectures that we canobtainan extra gain factor by
currentamplificationthroughthe currentmirrors. This preventsthe useof very small Rg
whenlarger gainsarerequired.In this design,an extra gain of 2 is attainedby thesecur-
rent-mirror amplifiers.

In appendixA, it is shavn thatthe gain of the mentionedeedbacKoop canberoughly
approximatedo 4 = g, ; [¥,,, it is alsoshavn thatthe transconductancgain of this
circuit approximately is

~.

G, =2 = K

mT T RA (e (AT (4.6)

whereK is theamplificationgain by the currentmirrors M3-M9. As seenfrom (4.6), the

effect of theg,, of input transistors is reduced by tlaetbr4 , i.e. the loop-gin factor

Sincethelinearity of thetransconductoamplifierusedhereis highly dependenon R,
linearpoly resistorshave beenusedratherthantriode transistorsastheir R, varieswith
the passingsignal. The gain changes performedby switchesM20-M22 by makingparts
of theresistorshortcircuit symmetrically Anothersourceof distortionis thefinite output
resistancef thecurrentsourced1 andl2; particularly sincetheseresistancearenon-lin-
earin shortchannekechnologiesCarefulbiasingandsizing of thetransistordiasenabled
the useof cascodecurrentsourcesthus, considerablyincreasingthe linearity of the cir-
cuit. In addition, the current mirrors M3-M10 are of the cascodetype. This further
improvesthelinearity of the circuit, asit makesthevoltagesof the M3-M4 drainscloseto

thedrainsof M7-M8. Otherwise gvenfor smallsignalswingstherecouldbe considerable
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linearity degradation Moreover, the cascodeurrentmirrorsarealsohelpful in preventing
thetransconductanogain reduction,dueto thelimited outputresistancef outputtransis-
tors M7-M10.

Anotheradwantageof this circuit is thatit usesp-channeinput transistorsvhich carry
certainbenefits.First, it enableghe useof n-channeltransistorsfor the switchesin the
front-end sample-and-holdtage.Using n-channeltransistorsin S/H circuits is crucial,
becauséor thesameon-resistancéhe switcheshave smallersizesandcreatdessparasitic
capacitanceind chage injection. The secondadwantageof p-channelnput transistorgs
thatthe body effect canbe reducedoy connectinghe body of the input transistorto their
sourcesasshawn in Fig. 4.13. The body effect directly affectsthe linearity of the circuit
by contrikuting a currentcomponentwhich itself depend®n thevoltageof theinput-tran-
sistors.However, the dravbackof a source-bilk connections the additionof extra para-
sitic bulk capacitanceo the sourceof input transistor This will causethe secondpole of
thetransferfunctionto move towardslower frequenciessthefirst poleis roughly deter-
minedby the equivalentRC atthedrainof theinputtransistorsTo improve the frequeng
responsef the circuit two majortechniquesreutilized: First, larger currentsareusedto
increasethe g, of input transistorsand g, (seeAppendixA). Second)eadcompensa-
tion is emplyed when a laye R, is chosen for lver gain \values.

The combinationsR8-C1-M23andR9-C2-M24in Fig. 4.13 performasleadcompen-
sationcircuitsto improve the stability characteristiof the circuit andthe phasemagin of
thefeedbacKoops.M23 -M24 arethe enableswitchesandthey will beturnedonin cases
wherethetransconductois setto its lowestgain value.At lower gains,the large value of
R, increasesheloop unity gain frequeny w, anddecreasethenon-dominanpoles.By
enablingthe compensatiowircuit, while the capacitorsC1-C2reducedhe w,, addingthe
leadresistorgntroducesan extra zeroat higherfrequeng. This cancelspartof the phase
lag causedby the non-dominantpoles.A detailedanalysisof the loop gain, frequeny
responsandtheleadcompensationf this Gm-Cellcircuit canbefoundin AppendixA.1.
Fig. 4.14 shaws the simulationresultsregardingthe overshootreduction,bothin the step
andthe frequeng responsesf the transconductocircuit, by enablingthe compensation
circuit.
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4251 Gm-Cedl Performance Characterization

To evaluatethe performancef the Gm-Cells,their specificapplicationin Fig. 4.5 must

be consideredSpecifically in corventionalVGA applicationgheinput swingis ata min-

imum whenthe gain is setto maximum.However, herethe outputof Gm-CellsA andB

aresubtractedrom eachothersothatevenat maximumgaintheinputcanbeatfull swing

alongwith the output after subtraction.This complicatesthe designand verification of
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eachsingleGm-Cell. As aresult,the performancef the Gm-Cellsareverified both indi-
vidually and together in the subtractor topology

Table 4.2 shows the specificationof a single transconductoover the gain variation-
range.Thetest-benchor thisindividual performanceestis shavn in Fig. 4.15.In thistest
benchthe Gm-Celloutputsarepulled up to the power supplywith alinearRC load. This
loadis setsuchthatthe outputhas600mV swingandthe capacitowvalueis roughlyequal
to the parasiticload capacitance®f thatnodein the main circuit, including the next stage
(300 fF in here).Fig. 4.16 shows the FFT of the transconductoputput currentfor the
worstcasedinearity whichis 58 dB whenthegainis atits highestvalueandinputis at full
swing (600 mV pk-pk-dfj at 100 MHz.

Table 4.2: Transconductor Specification

Specification Value
Transconductance Gain 2.9-0.9 mANV
Total Harmonic Distortion (THD) 58 - 66 dB
Input Swing 600 mV pk-pk diff.
3-dB Bandwidth 0.85-2.8 GHz
Power (single Gm-Cell) / Power Supply 6.8mW/1.8V
o
Vin 7 . - -[

=
g

Gain Control

Figure 4.15: Gm-Cell performance evaluation test circuit.
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Figure 4.16: FFT of the transconductor output current for the worst case
linearity which is 58 dB when the gain is at its highest value and input is at full
swing (600 mV pk-pk-diff) at 100 MHz.

4.2.6 Current Amplifier and I/V Converter and Voltage Buffer

Fig. 4.17shonvsthe currentamplifierstageandl/V corverterandthedifferentialsource
followersasvoltagebuffers. In this circuit, the dc currentaccumulatedluring the current
subtractionis removed andis thendoubledand corvertedto voltage.Eliminating this dc
currentenableghe useof linearresistordor final I/V corversionandprovidesroomfor an
extra currentamplificationgain of two. During the subtractionthe smallsignalamplitude
is reducedwhile the dc componentandthe even harmonicgasopposedo odd harmon-
ics) are added together

Open-loopn-channelsourcefollowers with single-transistocurrentsourcesprovide
appropriatebandwidthand linearity asthe ADC input buffer. The following ADC input
load capacitances approximately3 pF. As shawvn in Fig. 4.17,a separatdias-generator
circuit is usedfor this voltagebuffer in orderto prevent couplinglarge distortionsto the
restof the biascircuit. The voltagebuffer sinks4 mA from a 1.8-V supply thereby con-
suming7.2mWof power. For a100MHz 800mvdiff-pk-pk inputand3pF capacitve load,
the bandwidth of theusfer is 1GHz and its THD is 74dB, as shoin Fig. 4.18.
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Figure 4.17: IV converter, current amplifier, voltage buffer.
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Figure 4.18: (a) FFT of the output of the ADC input buffer with 3 pF capacitance load and
800-mV peak-to-peak differential 100-MHz input tone. (b) Frequency response of the ADC
buffer with 3 pF capacitance load.
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4.2.7 Overall Performance and Simulation Results

To assesshe performanceof the analogprocessingblockstogethey the test-benches
shavn in Fig. 4.19wereused.Table4.3 summarizeshe overall bandwidth,gain, settling
time andlinearity performancef the circuit for differentgains,correspondingo four dif-
ferent AE factors.

Fig. 4.19 (a) is usedto evaluatethe individual gains and bandwidthof the pathfrom
eachsingleGm-Cellto the ADC input. This pathincludesone Gm-Cell,a currentampli-
fier, aV/I corverterandthe voltagebuffer. Thefirst threerows of the Table4.3 shav the
simulationresultsfor both of thetransconductorfor differentgain settings.In the second
row, the test-bencthof Fig. 4.19(a)is slightly alteredsuchthatthe input voltageis fed to
Gm-Celk while Gm-Celly inputis ac-groundedThethird row exhibits the PAE/decorre-
lation factora for eachselectedyain combinationwhich is basicallytheratio of G5/Gg.

+\C;_£\ G'(V(ti)-m
Vin ?]_‘ iferential
i |, Differentia
corverter BUffer-b 8%%?:
5 (3 pF capacitie load)

7

Vcm
4
Gain Control (@)
| v +\G_(A G.((t)- V(1)
Vin ?]_‘
' Differential
V(1) Vil Buffel’-> Output
| > corverter to ADC
T1 (3 pF capacitie load)

TGy
A
Gain Control  (b)

Figure 4.19: Test benches for PAE performance characterization.
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As we cansee for alarger a, larger gainsareused;thereby compensatingdor the signal

amplitude dgradation after subtraction.

To evaluatethe distortionperformancef the Gm-Cellstogetheythetestcircuit shovn
in Fig. 4.19(b) is used.Thedelaycell in thistestbenchis idealandis equalto 2.5ns,one
periodof 400-MHz clock. Thetotal harmonicdistortionat the outputareshovn in rows 4
and>5 of Table4.3. Thelastrow of the table shavs the settlingtime for a full swing step
outputshavn in Fig. 4.19(a). Theresultsensurghatthe ADC inputis settledto a fraction
of the clock gcle; therebylearsing enough time for comparator circuits.

In summarythetotal power consumptiorof theanalogpreprocessingircuit, including
the ADC buffer, is 27 mW. Thefinal THD beforethe ADC is 47 dB with a600mV differ-
ential swing. The voltage amplificationgain variesfrom 1.7 to 5.7, correspondingo a
bandwidth of 970 MHz to 680 MHz.

Table 4.3: Performance of the PAE analog processing blocks

Gain Gain Gain
Gain Selection Section Selection
Par ameter Selection | I M1 v

G,/ BW: Output voltage gain and 4.5V, 3.6 VIV, 2.5 VN, 1.4 VN,

bandwidth versus Gm_Cell (A) 675MHz 750 MHz ~ 970MHz 972 MHz
input (Fig. 4.19 (a))

Gg/ BW: Output voltage gainand 3.9 V/V, 29 VN, 1.24 VIV, 0

bandwidth versus Gm_Cell(B) 714 MHz 900 MHz 972 MHz

input

PAE factor: a UG ,/ G 0.87 0.8 0.5 0

THD / Gain for 10 MHz input in -54 dB, -56 dB -58 dB -58 dB
PAE test set-up in (Fig. 4.19 (b)) 1.1 vv 09VN  12VN  13VN
THD / Gain for 100 MHz input in -47 dB, -47 dB, -47 dB -48 dB
PAE testsetupin (Fig. 4.19 (b)) s9vv  55vv  31VV  13VWNV
Compensation None None None lead comp.
1% Settling time for step input 14 ns 1.35ns 1.16 ns 1.15ns

(Fig. 4.19 (a))
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4.3 ADC Flash Architecture

A varietyof architecturegxist to implementthe ADC in CMOStechnology{4][3]. The
target designspecificationfor ADC is 400-MHz samplingwith 6-bit resolutionfor input
frequenciesup to 200 MHz. This is slightly higherthanwhat is requiredfor our target
cableapplication.Pipelinearchitecturesre popularcandidatedor high resolutionappli-
cations[42]. However, they suffer from large latengy andoperatingthemat clocksmore
than 150 MHz is problematic,mainly dueto the accurag limitation of their inter-stage
blocks.Sincedigital processindlocksafterthe ADC controlthe front-endadaptve gain
amplifier (AGC) andadaptthe clock recovery systemgenerallylow corversionlateng is
desired ADCswith folding architecturesirea goodchoicefor high speed|ow power, and
low lateng. However, they have bandwidthand performancdimitations dueto the cir-
cuitry that processeshe folded signal. Interpolatingarchitectureis anotherchoicethat
reducegshepower by reducingthe numberof preamplifiersHowever, it increaseshedriv-
ing load for amplifiers.Regarding the above considerationsand given that the required
resolution is 6 bits, a full flash ADC architecturasichosen for the current application.

Fig.4.20shavsthetoplevel architecturdor theflashADC usedin this designonethat
is proceededy PAE. Thearchitecturds fully differentialin orderto reducethe effect of

power supplynoisein the presencef the digital circuitry. The ADC consistsof 64 com-

. 0
Vin 4 I -
+ - Ref Voltages : c D
<" Latch >
i1 % atc
c-'—1q-§|_| ::L’_[:> —/> | /FF 0 Thermo-
LS. meter to
| — 0
: } Binary
] 6bits
5 + Latch ROM
'+1 ::] > _> I IFF 1 Decoder [
&
|+1 —0
| Bubble
A = <"1 Latch
1
A | > P 1 | Remove
|+1_°/ 1 - |
i+2 _% —0
) I_

Digital
Control

Figure 4.20: Flash architecture for the analog-to-digital converter.
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paratorswith switch capacitoroffset cancellation.The control circuits for this prototype
aredesignedsuchthatthreeautozeroingnodesof operationarepossible Autozeroingall
comparatorgogetherperiodically every several clock cycles, within every single clock
cycle andinterleaved autozeroingtechnique(lAZ) are threeautozeroingmodesconsid-
ered.In thelAZ modethe offsetof eachcomparatois cancelledautozeroedin theback-
ground, while the other 63 comparatorsare in a comparisonstate,and a column of
multiplexersselectgshe properoutputsof the working comparatorsgor the following digi-

tal back-end stage.

4.3.1 Comparator Design

In ADCs the offsetof eachcomparatomustbewithin a certainlevel of accurag. Dif-
ferentialcomparatorsvithout switch capacitoroffset cancellationcancontinuouslycom-
pare the differencebetweenV;, and referencevoltagesV,es. However, the comparator
elementsnustbe optimizedfor minimuminherentoffsetandgenerally the designwould
bedifficult with the minimum of transistorsizes.Averaginganddigital calibrationarethe
mosteffective techniquedo improve accuray; particularly for continuougime compara-
tors [55]. However, they increasethe compleity, power consumptionand areausage.
Moreover, the DC commonmodelevel of the input signalis restrictedasit providesthe
biasof theinputtransistorof thecomparatopreamplifier Anotherdifficulty, asshavn in
Fig. 4.21,is the capacitve feedthroughdue to the Cys of the input transistorsfrom the
input signalto thereferencdadder This causesneffect calledresistorstringbowing [4].

In this ADC implementatiora differentialcomparatovith switch capacitoroffsetcan-
cellation(autozeroing)s utilized [4]. Fig. 4.22showns the comparatoarchitecturelt con-

Figure 4.21: Input signal feedthrough to the reference ladder in continuous time
comparators.
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sistsof a two-stagepreamplifierand a regeneratre latch, followed by an SR latch. The

timing diagramin Fig. 4.22(b) shavs the comparatos front-endoperation.In autozero
mode,when@,, and@,, 5 is high, thetwo-stagepreamplifieris configuredn closedloop

modeandthe input sidesof the coupling capacitorsare connectedo the referencevolt-

ages.This resetsthe capacitorschageshby the referencevoltagesand the preamplifiers
input offset. @, 5 is the sameasq,,, exceptthatit falls a bit earlierthanq,, in orderto

prevent the chage injection dect by $ and $.

In comparisormode,@,, is low and @;, is high. Thus,the feedbackioop is broken
andthedifferencebetweentheinput andthereferenceroltagess amplifiedby the pream-
plifier. Note thattheinput offsetis cancelledoy the offsetpreviously storedin the capaci-
tors during autozeromode. The amountof this cancellationdependson the gain of the
preamplifier To find the final residualoffsetin moredetail, we canconsiderthe feedback
circuit in offset cancellation mode and write

AV 12=Vosa) = Vips (4.7)
(Paz
Vief s — 3 (paz _a
s1 (P\/m
Vin+ + # Comparator SR
> -
_ Latch Latch |4, Digital
(p\/lh A * Backend
ref —o/
Paz_a Latch Clk
(a)
Reset Mode
(autozeroing)
(paz_a _I |
Pz S

(p\/in ITrack I Comparison Mode
tachok —— [ 1L LT LT L1

Comparatorvin
B =k =5 N o)

¢ U\ N\ \ N\ \\\ \ " I j
et
(b)

Figure 4.22: (a) The autozeroing (switch-cap) comparator block diagram. (b) Timing
diagram of comparator operation.
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whereA is theopen-loopamplifiergainand V¢, is theamplifierinput offset. Therefore,
assuming Yei+=V,et., the capacitors are clygd totally by

0 4
Ve, = Vi = HA T IEV : (4.8)

Thus, the residual inputfset V', /' will be reduced byA+1 as

n 4 D _ Vosa

In additionto V"¢, theinputreferrediatch offset V¢, -,/ 4 andthe chageinjection
mismatchbetweenSg andSg (Ag ) contributeto the comparatoinput offset[4]. Thus,the
total offset will be

_ VOSA+Aq VosLcu

VOS(residuaZ) A+ 1 C A ’

(4.10)

where C = C, = C,. Generally due to chage injection mismatch,KT/C noise, and
leakageconsiderationsalargevaluefor theinput couplingcapacitorss desired However,
the loading effect of their parasiticso the previous buffer stageandthe time constantn
theresetmodemustbe takeninto account.The chosernvalueof C in this designis about
300 fF. An interdigitatinglayout structureusing metal layers 2-4 reducesthe parasitics
such that the settling time of nodes 1 and 2 meets thet tseed requirement.

4.3.1.1 Circuit Description

Fig. 4.23 shaws the circuit architectureof the comparatordesign.The corresponding
componensizesarelistedin Table4.4. Fig.4.23(a)shavsthe pre-amplifiercomprisedf
two cascadedNch-MOS differentialinput amplifiers,loadedby non-silicidedpoly resis-
tors. The preamplifierprovidesa propergain-bandwidthto reducethe effect of the offset
and the kickback noise of the faling regeneratie latch.

Thedc currentof eachpreamplifierstageis 164 pA. Usingresistve loadsratherthan
diodeconnectedoadsenhancethe speediueto lessparasiticdoad capacitanc€s.3fF for
eachloadresistor)andbetterrecovery from overdrive situation.Thetotal bandwidthof the
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two stageamplifieris 550 MHz with atotal gain of about26 dB andthe unity gain band-
width is 4.4 GHz. A usefuloptimizationtechniquefor multiple stageamplifiersaccording
to their numberof stagesandgains,canbe foundin [56]. Two major polesarecreatedat
the output of each amplifier as

1
Rcload ,

p = (4.11)

whereR isthepull-uploadresistorandC,, ,, is theloadcapacitancatthe outputof each
amplifier Whenthe autozeroingoop is closedthe C,,,;, of the secondamplifieris larger

V V V V
M7 L DD DD DD DD
Vieo+ _TH_ M5 %
_||: R1 2 R2 R3 R4
-+ MD5

Vief1+ MQJ—L' 4 I;I]"
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Figure 4.23: Comparators building blocks. (a) two-stage pre-amplifier
comparator. (b) Comparator and SR latches.
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dueto extra loading parasiticof the loop. This makesthe secondamplifier pole smaller
and helps the stability of the autozeroing feedback loop.

Table 4.4: Comparator circuits

Transistors W/L (um/pm) Element Sizes

M1-4 5x2/ 0.220 M23-24 2x1.2/0.200
M5-6 3x2/0.200 M27-28 4x1.2/0.180
M7-8 3x2/0.180 M29-30 2x1.2/0.180
M9-12 3x1/0.180 M31-32 4x2.4/0.180
M13-16 6x1/0.220 INV1-2(N,P) 2x900/0.180
M17-18 1x1/0.200 R1-4 5kQ
M19-20 2x1.2/0.200 C1-2 250 fF
M21-22 4x1.2/0.200 MD5,MD6 3/0.200

TransistoraM5 andM6 arethefeedbackswitcheswhichturnonin autozeranodeandare
Pch-MOSbecaus®f therelatively high biasvoltage(1.4V) acrosshem.Thedc common
mode of the input signalsand referencevoltagesare designedto be 450 mV. This is

differentfrom the comparatompreamplifierinput, which is aroundl1.4 V. This is possible
dueto the existing coupling capacitorsn this comparatorarchitecture.The lower input
commonmodeenableghe useof NMOS front-endswitchesand ensuregeliable switch
operatiorwithoutbootstrapclocking[42] or very large switchsizes.In theautozeranode,
the switchesM5 andM®6 turn off prior to M9-12. Therefore the chageinjectionsof M9-

12 do not affect the couplingcapacitorhages.To reducethe chage injectionandclock
feedthroughy M5-6 ontothe couplingcapacitorstheir sizesare minimizedanddummy
transistors MD5-6, with half the size of M5-6, are added to the circuit.

To attainenoughresolutionfor a relatively low input swing (600-800mV pk-pk diff.)
andlow V| gg (9 -12mV), atwo-stageamplifier providesa gain of 20. Sucha gain would
costmore power and causea speedimitation on the comparatompreamplifier However,
augmentingheinput swing, by increasinghe gain of the previous stage js moredifficult.
Thereasorfor thisis thatthelinearity performanceof the amplifiersbeforethe compara-
tors should meetthe resolutionrequirementof the ADC while this is not the casefor

preamplifierswhich only amplify the sign of the differencebetweensignalandreference
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voltages.Accordingto the simulationresultsshovn in Fig. 4.24,for the worstcasesitua-
tion whenthe input variesfrom full swing above the referenceo 3 mV belav the refer-
ence,it takes1.6 nsfor the preamplifierto provide 65 mV attheinput of theregeneratie
latch. This ensuregorrectcomparisorresultsagainstworst-caseoverdrive, anddynamic
and mismatch ddet efects.

0
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— — — s
19 \ | | | 0.37ns, *
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Output g0 b oL S [ E— J | I L
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Figure 4.24: Comparator performance, worst case for extreme overdrive to the
weakest conversion, with a clock of 500-MHz, and input changing by 250 MHz.

Theregeneratte andSRlatchesareshowvn in Fig. 4.23(b).The coreof bothof themis
a corventionalbackto backinverterarchitectureThe comparatottatch outputis resetto
the power supply throughM23-24, While the preamplifieris tracking the input signal.
Also, in thetrackingperiodM26-27 turn off; thereby no staticpower is consumedM17-
18 injects enoughdifferential currentto force the latch to go to the properstatein the
regeneratiorprocessAt the end,the SR latch preseresthe CMOS level of the compara-
tor output during the full clockycle.
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The latching time for the back-to-backanters can be approximated by [3]

2

L™ R iogic[
T O 1 4.12
Itch Veff nD AVO r ( )

where AV, is the initial input voltage difference, AV, is the final desiredlogic
differentialvoltagelevels,and L is thetransistorchannelength. Thereforeto maximize
speedthe channellength hasto be minimized. However, dueto matchingconsideration

for the comparatoidatch transistorsthe chosenchannellengthsare slightly greaterthan

the minimum, i.e. 200 um. For the SR latch, sincethe inputs are alreadycloseto logic
values, matching is not a major issue, and the transistors channel lengths are minimized.

4.3.2 Autozeroing Techniques

Allocating extra time for a resettingor autozeroingoperationis one of the disadwan-
tagesof switch capacitorcomparatorscomparedo continuous-timeones.As shown in
Fig. 4.22(b), after each autozerocycle, several comparisoncycles can be performed,
dependingon the chageleakageof the couplingcapacitorsTo estimatehe longesttoler-
able interal T',; between tw autozero ycles we can write [57]:

c(0.5V
< ( LsB)

(4.13)
Ilkg

where/,,, is the leakageonto the coupling capacitorC and 0.5V s is the permissible
errorvoltage.The current/ is mainly flowing throughthe reversebiasedPN junction
of the autozeroingswitchesand is roughly 20 pA. Therefore,for C = 300 fF and
V,.sg = 9 mV, the accurag of ADC is not affectedup to around67 ps. Experimental
resultson the prototypechip shavedthatthe ADC outputis valid up to about40 us after
each single d$et cancellation.

Corventionally an autozerocycle canbe performedat every clock cycle if the clock
periodis long enoughln someapplicationssuchasdisk-drive readchannelg59], ashort
period of time occursperiodically wherethe outputof the corverteris not used.Those
time slots can be utilized for autozeroingpurposesAnother solutionincludesusing an
interleaved autozeraechniqueg(lAZ), wherethe offsetof eachcomparatois cancelledn
the backgroundwhile the other comparatorsare in comparisonmode [57]. The clock
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controllogic in the currentwork is designedsuchthatit is ableto exploit all of the above
three modes of autozeroing technique.

I nterleaved Autozeroing (I1AZ)

As seenin Fig. 4.20, by addingan extra comparatorow anda setof multiplexers,a
single comparatorow canbe calibratedin the backgroundwhile the other comparators
arein comparisormode.Fig. 4.25demonstratethe up/dovn orderof thecomparatorgal-
ibrationsandthe alternatve usageof the neighboringreferencevoltages.Taz =8 T¢ k IS
thetotal calibrationtime interval. Thelongestinterval betweerntwo calibrationoperations
happendor the endcomparatorsThisis 126 T, i.e. 2520nsfor a 400-MHz clock fre-

queng.

A detailedtiming diagramof the control signalsfor the ADC designin Fig. 4.20is
depictedn Fig. 4.26.During theinitialization of the ADC, all comparatorgareresetto the
properreferenceroltages At the momentof transferringhe comparatofrom autozeroing
into comparisormodetheamplifieroutputis distortedby theclock feedthrougtandpossi-
bly ringing becaus®f the openingof thefeedbackswitch. Therefore asseenin Fig. 4.26,
four clock periodsareassignedor resettinghe comparatoandthe otherfour areusedfor
extra delays,beforeand after resetting.Autozeroingstartsone clock after disconnecting
Vj, from the couplingcapacitorsTheinputsignalV;j, will bereconnectedneclock after
autozeroings terminatedThen,aftertwo moreclock cycles,the outputof thecomparator

\
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Figure 4.25: Interleave up/down autozero demonstration.
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will be selectedby the multiplexer and becomesavailable for the following digital cir-
cuitry. Theseextra delaysensuretheisolationbetweerncalibrationandcomparisormodes

and the settling of the amplifier outputs after autozeroing.

Row #
(paz(1) m—.... I Vref1|
Pvin(1) [ | |
Omux(1) —L I—I Vref1/Comp1 selected
(paZ(Z) m__ . IVref1 | | Vref2|
Winl2) - — Vref1/Comp2 —
BOmuxd2) I R w Vref2/Comp2 selected
(paz(s) Vrefa e ‘ IVref2 I L W‘
in® T T

Omux(64) Vref63| .
CLK  MMAMMARARAARAA AR AR A AR ARAR AR AR AAAAANL

(H'nux(?’) I _ J "] Vref2/Comp3 selected | |
|
|
|

Figure 4.26: Timing diagram of the control signals for interleave autozero technique.

The hardware generatinghe control signalsfor IAZ and other autozeroingmnodesis
shavnin Fig. 4.27.WhenthesignalsAz_mode2_emndAz_mode2_emredisabled]AZ
controlsignalswill be generatedAs shavn in Fig. 4.27(a),anup/davn serialshift regis-
ter, clocked with one eighth of the main clock, generate$4 commandsignalsAZ ¢{i).
This determineswhich row hasto undego a calibrationprocess.The circuits shavn in
Fig. 4.27(b) producethe final control signalswith properdelays,asshowvn in Fig. 4.26.
WhenAz_mode2_ers high, while IAZ signallingis disabled the circuit in Fig. 4.27(b)
generateswo non-overlappingclocksfor the autozeroingand comparisormodeswithin
eachclock cycle. The lastmodeof operationoccurswhenAZ_model_ens high. In this
mode,usingasynchronousetandresetof the serialshift register all of the comparators
arecalibratedsimultaneouslyThis samefunctionis performedduringtheinitialization of

the circuit when theesetsignal is lav.
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4.3.3 ADC Reference Voltages

A differential reference ladder composed of two separate pieces of silicided poly resis-
tors with the value of 1.6 kQ were used to generate the reference voltages. Two separate
resistor ladders, as compared to a single ladder, provide the possibility of calibration for
PAE/ADC systematic offset error. For example, in Fig. 428 inthe case of V/, . = 650
mVand ¥, .. = 250 mV inthe singleladder, the reference voltages vary from 400 mV to
-400 mV. This demands a zero offset to cover the ADC full range. In the dual ladder, for
instance, if there exists an offset of +50 mV, then by shiftingthe V.., and V', .., by 50

mV, the reference voltages will be in the range of 450mV to -350mV. This can compensate
for the mentioned offset.

V max Vmaxp V minn

+ Vref(629'
anR=
+ Vel 613 R=25Q

[ ]
[ ]
[ ] [ ]
+ -
o oa | +Vier(1)
+ -
gﬁm&‘ ) +Vref(0)
V

Vminp maxn

(€Y (b)

Figure 4.28: Reference voltage generation. (a) Single ladder. (b) Dual ladder.
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The reference-ladder resistance is required to be low in order to accelerate the compar-
ators calibration process, in addition to reducing the coupling of the input signal onto the
reference ladder through the switch capacitor resistance. This coupling is demonstrated in
Fig. 4.29 and it should be mentioned that it becomes negligible when the comparators are
autozeroed, every several cycles. Based on the above considerations, power consumption
and layout constraints, each resistor division was chosen as 25 Q.
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Vet (i)

Figure 4.29: Input signal feedthrough to the reference ladder in a switch-
capacitor (autozeroing) comparator.

Thecommonmodevoltageof the ADC inputsignalis designedo be closeto thecom-
mon modeof thereferencevoltages,.e. 0.4 V. This assureshatcomparatoinput ampli-
fier doesnot exceedits properinput common-moddiasrangein comparisormode.This
is becausehe gateof the pre-amplifierinput transistorgV s in Fig. 4.29)is shiftedby the
value V,, -V, in comparison mode. The maximum possible shift of Vg is
Vingar =™V rer

IRy ax

. Thus,the commonmodeof V;, and V', hasto be closeenoughsuch

that the amplifier biasingpoint remainsin its properlinear rangeandthat the voltageof
the Vg does not xceed the peer supply rgarding the reliability issues.

4.3.4 Digital Back-End

Dueto the sample-and-holgrior to PAE, the ADC input at the time of the latchingis
held. Thus, mismatchbetweenlatch delaysamongthe comparatorsand different clock
cycles doesnot producesignificantdistortion or sparkleerrors[4]. However, to further
reducethe probability of sparklecodes,a columnof 4-input AND gatesthatdetect0001
transitionsis used.Furtherbit error reductiontechniquessuchasthe onespresentedn
[57][58], could be used;althoughin this PAE/ADC prototypeimplementatiornwere not
utilized. Finally, asshavn in Fig. 4.30,the AND gatesoutputcodewordsarefed to the
binary decodelROM andthe final outputsarefed into digital 1/O drivers.The schematic
of the ROM decoder is shen in Fig. 4.30.
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Figure 4.30: Thermometer to binary ROM decoder.

4.3.5 Layout

Dueto the high samplingspeedandthe compleity of thetotal circuit, the layoutwas
carefully performed,with appropriateconsideration,to minimize coupling and skew
effects. Careful separatiorof the analogand digital and I/O grounds,the use of metal
shieldsaroundsensitve signals,the separationof the chip into two digital and analog
sides,includingtheir PADs anddrivers,the buffering anddistributing of theclockin atree
shapewerepartof theseconsiderationsEvery two comparators&ndcontrol circuit gener-
atorswere placedin onerow. Thus,the distancebetweenthe first andthe last row was
reducedby a factorof two. This improved matchingandreducedclocksandsignalsskew
alongthechip. Interdigitatedcapacitoraisingmetals2-6 wereusedfor comparatorcapac-

itors. Thesecapacitorautilize lateralfringing capacitanceandshav bettercapacitorper

-,

area and matching properties comparecettical metal to metals [50].
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4.4 BiasCircuit

Fig. 4.31depictsthebiascircuit. It generatethereferencevoltagedor differentcurrent
sourcedn the circuit. The coreof this circuit is the loop madefrom M1-M8, whichis a
combinationof thewell-known constant-gneircuit with wide swing cascodeurrentmir-
rors [51][52]. If (W/L)g = 4(WI/L), to a first order approximation, it can bewhdhat

1

= . 4.14
Em1 Rbias ( )

Therefore the transistordransconductancesreindependendf power supplyvoltageas
well as processand temperaturevariations. The transconductancesf other transistors

Rb' = R2(Off-chip)
I
R1(On-chip)
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Figure 4.31: Bias circuit.

Table 4.5: Bias circuit component sizes

Transistors WI/L (um/pm) Components Sizes
M1-4 1x3/ 0.220 M15 1/5

M5-7 1x10.5/0.220 M16 3/0.220
M8 4x10.5/0.220 M17-18 1x3/ 0.220
M9-10 6x10.5/0.220 Mcp1,2 - Mcn1,2 8x20/3.5
M11 1x3/ 0.220 R2 1kQ

M12 1x10.5/0.220 R1 400 Q

M13-14 6x3/ 0.220 Rpias (R1+R2) 1.4KQ (0.4 + 1)




98

driven by the samebiascircuit arestabilizedaswell asthey aremainly dependenon the
ratio of the corresponding transistors geometries.

Consideringthe secondaryeffects such as body effect, finite output resistancesnd
mobility degradationthe equation(4.14)canslightly deviate from its stabilizedform [5].
In this design by usingthe Ry;,satthe Pchtransistorsandconnectinghe bodyandsource
of M8 togetherthebodyeffect erroris considerablyeducedIn addition,the effect of the
limited outputresistances reducedby usingwide swing cascodesThe performanceof
the biascircuit hasbeenverified at differenttemperaturesindprocesscornersat a 1.8V
supply within 10% variation.If the power supplydropsup to 10%,in aworstcasesitua-
tion of slow precesgSS)andT=100C, thereis a possibility that cascoddransistordvi10
andM13 move slightly to the edgeof the triode region. However, this doesnot harmthe
performanceof the main bias circuit as the main loop transistorsremainin the active
region. For lower power supplyvoltagesa modified versionof this biascircuit usingop-
amps can be used [60].

Onedifficulty with this biascircuit is the possibility of oscillationif thegain of thepos-
itive feedbackloop exceedsunity at higherfrequenciesdueto the pad and pin capaci-
tancesatthesourceof M8. To avoid this, partof Ry, (400Q) is placedon-chip.Thetotal
Ryias IN this circuit is 1.4 kQ andthe currentof the current-mirrorloop is about84 pA.
This currentvalue enableshe useof a reasonableinit sizefor all of the currentsource
transistorgn the circuit; thereby providing bettermatching.Anotherconsiderations the
requirementf a start-upcircuit to ensurehatthe positive feedbackoop doesnotbecome
stuckat zerocurrents.This start-upcircuit automaticallyturnsoff afterthecircuit currents
are stabilized.Finally, to further stabilizethe biasvoltagesand decouplehigh frequeng
noises,2pF MOS capacitorsare utilized. Note that the Pchbiasesare decoupledo Vcc
and the Nch biases are decoupled to the ground.

4.5 Summary

In this chaptercircuit designissuedfor the combinationof 2-tap PAE anda 6-bit 400-
MHz ADC werepresentedAll blocksonthesignalpatharefully differential. Thechosen
topologyfor PAE usestwo setsof triple interleaved sample-and-holdéS/H) followed by

two variablegain transconductors current-to-wltagecorverterandan ADC input buffer.
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A single masterclock for interleaved sample-and-holdeducedthe mismatchbetween
clock edgesThe harmonicdistortionof the S/H in the presencef up to 10% addedmis-
matchbetweerinterleavedblockswas-56 dB. Anotherchallengingpartof the PAE design
wastheanalogsubtractorcomprisedf two variablegain transconductorueto the sub-
tractionoperationgvenfor largergains,theinput canbecloseto full swing.Thetranscon-
ductorsharmonicdistortionrangewas-58 to -66 dB with a bandwidthof 850MHz to 2.9
GHz, respectrely. EachGm-Cellconsumed.9mW at 1.8V supplyto accommodatéhe
properbandwidthandsettlingtime. PAE outputTHD beforethe ADC, includingthe ADC
buffers, was 47-54 dB for 100 and 10 MHz inputs, respetyi

A 6-bit400-MHz ADC wasdesignedisinga flasharchitectureAn autozermffsetcan-
cellationwasusedfor the comparatorsTo have flexibility in the testingof the prototype
chip,threemodesof interleaved, periodicevery cycle, periodicevery severalcycle autoze-
roing were applied.Eachcomparatorconsistedf a two-stagepre-amplifierfollowed by
regeneratre and SR latches.Accordingto simulationsthe comparatorsvere capableof
resolving3-mV againsta worst caseclock speedandoverdrive situation.The 6-bit ADC
outputwas provided by a digital back-endcircuit consistingof bubble removal, a ROM
decodemndeventuallyopen-drairPAD drivers.Opendraindigital PAD driversenablethe
useof anoff-chip pull-up loadresistor dependingn thetest-equipmenbadingcapacitor
Carefullayoutof thewholecircuit, particularlythefloor planningof the ADC rows, wasa
critical part of the design implementation anasweiewed in this chapter
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CHAPTER

Experimental

Results

5

5.1 Introduction

In this chapteywe discusghe measuremenmnesultsfor the prototypechip discussedn
Chapterd. The chip wasfabricatedain standardligital 0.184um CMOS technologywith
six metal layers. The microphotograptof the chip is shavn in Fig. 5.1. The chip was
insertedin a CFP-80-pinpackageand the 80-pin IC was solderedon a CFP80-TFtest
board as shen in Fig. 5.2

The chip consistsof a partial analogequalizeranda 6-bit flash analog-to-digitalcon-
verter In additionto the overall performancecharacterizatiosuchaspower, SNDR,DNL
andINL, theperformancef thechipin a400-Mb/s240-mcoaxialcablesystenwaseval-
uatedand the advantageof having a PAE prior to ADC, (i.e 2-3 bits improvement),is
demonstratedT he other channelmodelsand lossessuchas 622-Mb/s300-m cable has
beenemulatedby an arbitrary function generatorand testedon the chip. A list of mea-
sured chip specification can be found at the end of this chapter

5.2 Test Set-up and Functional Testing

Fig. 5.3 shaws the testset-upfor testingthe chip with input tonesat differentfrequen-
cies.Thedigital outputPADs arepulledup by 100-Q resistorgo a 1-V supplysincetheir

101
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Anaog

Partial
Equalizer Anaog
(PAE) I/O Driver
(0.09 mm?)
ADC
(0.74 mm?)
Bias Circuit
Digital
1/0

Figure 5.1: Chip microphotograph consisting of the partial analog
equalizer and the 6-bit ADC in 0.18-um CMOS technology.

Figure 5.2: printed circuit board (PCB) layout (PCB-TF80).
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Figure 5.3: Test set-up for testing with sinusoid inputs at different frequencies.
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correspondingon-chip drivers are open drain type. The low pull-up resistorsprovide
appropriatetime constantconsideringthe logic analyzerprobesinput capacitance$l-2
pF).

To achieve a betteron-boardsupplynoiserejection,separatesuppliesandgroundsare
usedfor analog,digital and PAD-drivers circuits. Theseseparate/DDs and GNDs are
connectedtthe power supplyoutletsandthey areseparatenthe PCBaswell [61]. A set
of paralleldecouplingcapacitorsare usedbetweendc suppliesand groundsto decouple
thepower supplynoiseat differentfrequeng rangesMost of themeasurementsave been
basednthe ADC digital outputcodesgcapturedy the TLA714 logic analyzerLA). This
outputrepresenthe performancesf boththe ADC andthefront-endpartialanalogequal-
izer. However, to evaluatethe PAE outputdirectly, a pair of on-chipdifferentialanalogtest
switcheson the signal pathare enabledanddrive the signalto the outputPADs. Fig. 5.4
shavs the PAE outputwith a 1-MHz inputtoneanda S/H clock of 6 MHz while the PAE
factoris setasa = 0.8. In this experimentthe dc biasof the PAE outputwasverified as
well.

Tek Run: 100MS/S' Sample
T

C

1

1 Ch1
1 Bandwidth

Outputé rﬁ /_h fﬁt. ij (_/”W Full
SN N N I

100 MH2
AL AL AL AL N ae
Input ¢ I/ T N
P 3»\ 7 ¢
NI T\ A NS
tICh1 200mV<a + M 500ns| Ch3 |/ -2mv {
[Ch3 100mVABy I ]
Coupling |Bandwidth F?gosnge/le Position | Offset
DC 20 MH2 Jdiv -2.08 div oV

Figure 5.4: The PAE output captured by 100-MHz Tektronix oscilloscope for a 1-
MHz sinusoid input tone and a sample-and-hold clock of 6 MHz.
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Fig. 5.5 shows the spectrum of the PAE output for a 10-MHz input tone while S/H
blocks were running at 100 MHz. The observed THD for this measurement was 42 dB.
The measured performance at this stage was limited, due to the large loading effect of the
test equipment, the limitation of the high current analog PAD driver, and additive distor-
tion by the analog test switches on the signal path. The mentioned test circuits were
mainly designed for functional test purposes. More accurate measurements, particularly at
higher speed, were performed by sampling the PAE outputs by the existing on-chip ADC
and analyzing the ADC output codes.

Range: -20 dBm

pes BW: 17 @80 Hz  VBW: OfF Swp Time: 26B8.8 mSec
-66.BL dBm

: AUTORANGE

Bl

SINGLE
--i AUTORANGE

hog Wz CLEAR
000 000 Kz  CLEAR

Figure 5.5: The PAE output frequency response for a 10-MHz input tone and a 100-MHz
sampling frequency.

Fig. 5.6 and Fig. 5.7 show the output codes and their equivalent reconstructed wave-
form on the TLA714 logic analyzer for a 10-MHz and 85-MHz input tone at 250-MHz
clock frequency while the front-end PAE was active with the factor of a = 0.8 . Note that
for a = 0.8 (which corresponds to maximum partial equalization) the transconductors
gain were set to their maximum and as a result, the worst case situation at higher speed
inputs occurs. In Fig. 5.7, since the input frequency is large compared to sampling fre-
guency, the quality of the large swing transition by the ADC circuits, via an examination
of the beat envelope tone appearing on the reconstructed signal, can be observed [4]. In
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this measurementor a 250-MHz clock frequengy andan 85-MHz input tone,threeernve-
lope beats with 120 deee phase shifts appeared, with a frequerfic

I etk 250 MHz
Fpear = fin——at = 85Mhz 2220 = 1.6 Mhz. (5.1)

The (total harmonicdistortion) THD of thesebeatservelopes,obtainedby FFT analysis,
was 33 dB.

Among the comparatorautozeroingmodes, periodic autozeroingwas utilized for all

measurementdt was seenthatthe ADC outputwasvalid for 40 ps after eachautozero
pulse.Theinterleared autozeroingnodewasnot functioning properlyin the testedchips
dueto possiblebreakdown of somelogic gatesin the comple logic structure.Due to

limitation of the numberof availabletestchipsandboards,t waspreferableto usethem
for major characterizationand performancetests using a well-functioning periodic
autozeroing mode.
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Figure 5.6: ADC output bit streams and their equivalent magnitude at a 250-MHz
sampling clock for a 10-MHz input tone captured by a TLA714 Logic Analyzer.
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Figure 5.7: ADC output bit streams and their equivalent magnitude at 250MHz
sampling clock for a 85 MHz input tone captured by TLA714 Logic ANalyzer. A
beat of 1.66 MHz (85-250/3) with 33 dB THD is seen.

5.3 Dynamic Test and SNDR M easurement [62]

SNDR:Signal-to-noiseand distortionratio (SNDR) is a well-known parametefor ADC
dynamicperformancevaluation.For sinusoidainput signalsSNDRis definedastheratio

of rms signal to rms noise, including the harmonic distortion components or

Agionarlrms] (5.2)

SNDR = 20log
Anorse + nplrms]

where 4 ;o 4. [7ms] is thermsoutputsignallevel and 4,45 + yplrms] describeshe
rms sum of all spectral components betbe Nyquist frequeng excluding dc.

ENOB: In the case where the input signal is sinusoidal, ENOB is related to SNDR as

Enog = SN DsRo_z 1.76). (5.3)
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SFDR:Onedefinition of spurious-freelynamicrange(SFDR)is theratio of RMS ampli-
tudeof the fundamentakignalcomponento the RMS valueof thelargestdistortioncom-
ponent [62]. SFDR indicates the practical output dynamic range of an ADC.

By applyingdifferentsinusoidinput tones,andusingthe FFT of reconstructegignal
form the prototypePAE/ADC outputcodes the dynamicperformanceof both ADC and
front-endPAE wasevaluated Fig. 5.8 (a) andFig. 5.8(b)shav the FFT plots of the ADC
outputfor samplingfrequencie®f 250and400MHz with inputtonesat45and124MHz,
correspondinglyFig. 5.9 exhibits the SNDR versusdifferentinput frequeng at different
samplingfrequenciesangingfrom 100 MHz to 400 MHz. The peakSNDR at 250-MHz
clock and45 MHz input toneis about34 dB andslightly decreasesat higherinput fre-
guenciesTheequialentENOB for 34 dB SNDRaccordingto expression5.3)is 5.4 bits.
In this measuremenBAE hasbeenenabledwith a maximumpartial equalizationfactot
i.e. G(1 —az_l) =570 —0.82_1) . In this case,the high gain of the Gm-C amplifiers
causeghe worst caselinearity for the amplifier part. Due to the high passeffect of PAE,
theinput signalat high frequenciesasa low swing andthis relaxesthe S/H functioning.
The combinationof thesetwo effects makesthe variationof the SNDR versusinput fre-
gueng relatiely flat for the combinedPAE /ADC architectureBy settingthe equaliza-
tion factor a to zero,the PAE part of the circuit actsasa sample-and-holdtagewith a
close-to-unitygain amplifier, i.e. G(1 —az_l) = 1.2(1 _02—1)_ In this case,while the
gain andinput full scaleis fixed at differentinput frequenciesSNDR dropsevenly from
35 dB to 31.5 dB.
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Figure 5.8: FFT plot of the PAE / 6-bit ADC output. (a) 250-MHz sampling clock
and 45-MHz input tone, SNDR=34 dB, SFDR=45 dB. (b) 400-MHz sampling clock
and 124-MHz input tone, SNDR=30dB, SFDR=37 dB.
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ADC+S/H+AGC performance with maximum decorrelation
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Figure 5.9: Measured SNDR vs. analog input frequency for different sampling clocks at
100 MHz, 250 MHz and 400 MHz.

5.4 Code Density Measurement and INL/DNL

Codedensitytestis acommonapproactfor the characterizatiof ADCs’ non-lineari-
ties. The outputcodedensityor histogramis the numberof timesevery individual code
hasoccurred[63]. Differential non-linearity (DNL) for an outputcodeis relatedto the
deviation of its correspondingnput rangefrom the averagedstandardbin width. There-
fore, the numberof output codesoccurrencess relatedto its correspondinddNL. For
example,for anideal ADC with a full scalerampinput andrandomsampling,anequal
numberof outputcodesis expected.In practice,sincegeneratinganideal linearrampis
difficult, a sinewave signalsources exploited.In this casefor anideal ADC, thenumber
of outputcodesis proportionalto the probability of the sampleoccurrencan the related
input range (bin).
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The DNL corresponding to thigh bin in an LSB unit can be defined as [63]

C./N
DNL, = ’T’O‘“’—l, (5.4)

i

where C; is the numberof countsin the ith bin, ~, ,,; is the total numberof output

tota
samplesand P; is theidealbin width or theideal probability of sampleoccurrencen the
i th amplitude range.

The probability density functiop (/") for a function of the formd sin(wt) is

p(V) = S — (5.5)

TWA2 — V2

Thus, the probability of input samples occurring in the rande’of, ;. |) is

ndEy EV"D} (5.6)

17 . .
p(V; Vi) = 1—_[[as1nD Y %— asin e

Fig. 5.10showvstheideal probabilitydensityfunctionfrom (5.6) andthe measuredelative
codedensityfor eachoutputcodeamong8000sampledor the combinationof PAE/ADC,
runningat 250-MHz clock frequeng with a 124-MHzinputtone.The offsetof the output
codeswas removed by adjustmentof the differential referencevoltages.It should be
mentionedhat124MHz inputtonegeneratesa 1-MHz low frequeng beatenvelop.Thus,
large numberof samplescover the full amplituderange.In this way, the worst casehigh
frequeng input andlarge swing transitionsareincludedin the DNL test. The measured
DNL or eachoutputcodeaccordingto (5.4)is depictedn Fig. 5.11. TheworstcaseDNL
is less than a 0.5 LSB.

Integral nonlinearity(INL) is the maximumdeviation of the input/outputcharacteristic
from a straightline. INL canbe obtaineddirectly from DNL accumulationaccordingto

the following expression [4]

j-1
INL; =y DNL,. (5.7)
k=0
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Fig. 5.12 exhibits the integral nonlinearity (INL) performance of the combined PAE/ADC.
It should be mentioned that the nonlinearity of the PAE block was included in this
measurement as well. Therefore, the INL and DNL less than 0.5 L SB shows a satisfactory
result and good layout matching among ADC rows.
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Figure 5.10: Experimental and theoretical relative output code density for 250-MHz
clock frequency and 124-MHz input tone (1-MHz envelope beat).
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Figure 5.12: Integral nonlinearity (INL) obtained from code density measurement.
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5.5 Experiment in a 400-M b/s 240-m Coaxial Cable System

5.5.1 Test Set-up

In this experiment the prototype chip was tested in the data transmission system shown
in Fig. 5.13. Two streams of binary data were generated by a pattern/data generator. By

setting the amplitude of one channel to one half of that of the other, and combining them

4-level PAM
DFG2030 [x1
Data/Pattern CAT T Zero Degree | ¥ | 50Q/75Q
Generator CH2 x_1/'2_> Combiner Converter
Clock

(Adjusted Delay)
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Figure 5.13: Test set-up for 4-level PAM data transmission over 240-m Belden Coaxial
cable.
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througha zero-dgreepower combiner a4-level PAM datawith areasonableye opening
was produced.The eye diagramof the combineroutputis shovn in Fig. 5.14. This eye
openingsufficesfor this experiment,althoughdueto thejitter andfrequeng responsef
thedatageneratoandthe combinerit is relatvely degraded Generally usingline drivers
[64] anda high-speedi-level PAM generatof65] couldimprove the quality of the chan-
nel input.

A 75-Q 240-mBeldencoaxialcablewasusedasthe transmissiorchannel The losses
of this channeht frequencie®f 50 MHz, 100MHz and150MHz are-15dB, -21dBand-
25 dB correspondinglyAt both channelendsanimpedanceorverter to corvertfrom 50
Q to 75 Q andback, was employed for impedancematching.Fig. 5.13 shawvs a simple
resistve impedanceorverterdesignedor this purposelt shouldbe mentionedhatcom-
mercial types of this carerter are @ailable as well.

As showvn in Fig. 5.13,a lowpassfilter with a bandwidthof about0.75timesthe baud
raterejectsout-of-bandnoiseafterthechannelln theend,a 180-dgyreepower splitterand
two bias-Tsprovide differentialinputswith properbias (450 mV) to the chip input. The
prototypechip sampleghe channeloutputandafter partial equalizatiorand/ordecorrela-
tion, they arefed to the ADC. The chip outputcodeswere capturedby a logic analyzer
TheTLA714 logic analyzeiis ableto useanexternalclock up to 200 MHz. However, due
to its moderateexternal clock precision,the useof its internalclock was preferred.The
TLA714 internalclock samplingmaximumis 500 MHz plusanextra optionof 2 GS/sfor
ashortperiodof time (i.e. 1 ps). The latter wasemployed for off-chip clock recovery of
thesystemTheclock sourceof theoriginal patterngeneratowasusedasthe clock source
of the testchip. The phasedelay of the transmitteddatarelative to the clock sourcewas
manually adjustedfor best clock matching. This was performedby transmitting an
impulse patternand the bestclock phasematchingthat which producedthe strongest
channelimpulseresponseeak.Also, a specificdatapatternwas placedat the beginning
of the bit streamssothatthe bit locationscould berecognizedThe codewords,captured
by the logic analyzeyweretransferredo the computerin orderto performthe restof the
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signal processing. This consisted of an adaptive linear equalization and symbol detection
asshowninFig. 5.16.
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Figure 5.14: Four-level eye diagram produced at the input of the channel (Fs=200 MHz).
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Figure 5.15: A 50Q / 75Q resistive impedance converter.
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Figure 5.16: Off-chip signal processing block diagram for rest of equalization and
final symbol detection.

55.1.1 Measurement Results

Fig. 5.17depictsthe measuremenesultsfor the systemin Fig. 5.13at200-MHzbaud
ratein two casef PAE, onandoff. All the signalamplitudesverenormalizedsuchthat
they hada varianceof o = ./5/3, the varianceof an NRZ 4-level PAM with a maxi-
mum amplitudeof one.Fig. 5.17 (i) shawvs the channeloutputwaveform. Fig. 5.17 (ii)
shaws the 64-level reconstructedvaveform correspondingo 6-bit codewords captured
from the chip output. WhenPAE is off, the chipis equivalentto an ADC with afront-end
S/H andamplifier Thereforeasseenin Fig. 5.17 (i) (b), the chip outputis the quantized
versionof thechannebutput.WhenPAE is on, the chip outputis the quantizedversionof
thepartially equalizecchannebutput.Compatiblewith the simulationresultspresentedn
Chapter3, it is seernthatthe ADC outputhasa moreuniform distribution anda lower crest
factor Thepart(iii) of thefigure shaws the restoreddataafterthe off-chip adaptve linear
equalizer This equalizerin case(a) whenPAE is on, consistsof a 7-tap 6-bit coeficient

feedforward equalizer(FFE).In case(b), the equalizerorderwaschosenso thatit would
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notto limit thequality of theeye opening As seenn Fig. 5.17(b)(iii), whenPAE is actve,
the transmitteddata can be restoredwith a significantly better error performance(i.e.
RMSE =0.08 versusRMSE = 0.18). Thisimprovements equialentto theadwvantageof
usingan8-bit ADC without PAE. It shouldbe mentionedhat,althoughPAE andthe ADC
weretestedup to 400 MS/s, whenplacingthe PAE/ADC in the testsystemof Fig. 5.13,
the maximum sampling rateas 200 MS/s, due to clock re@wy test limitations.
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Figure 5.17: Measured signals in the system with 4-level NRZ PAM transmitted at
200-MHz baud-rate over a 240-m coaxial cable. (a) PAE is on. (B.) PAE is off. (i)
channel output. (ii) ADC output. (iii) Restored data from ADC output after digital
equalizer. (a) (iii) Eye is opened using 7-tap 6-bit-coefficient FFE (RRMSE=0.08).
(a)(iii) Best possible eye opening (RRMSE[D.18). Here, the order of the digital FFE
was chosen such that not to limit the performance.



Chapter 5Experimental Results 119

5.5.2 Special Considerations

Baseline wander effect: Since the transmittedsignal is ac-coupledby several blocks,
suchassplitterandbias-Ts,during the transmissiorpath,the dc componenbf the signal
wasdiscardedThis causeda low frequeng drift on the signalamplitudeknown asbase-
line wandereffect. Variousanaloganddigital techniquesanbe employedto remove this
low frequeng drift [5][66]. In the currentexperimentthis effect wasremoved by anextra
simple digital feedbackfilter asshovn in Fig. 5.16. This filter is a lowpassfilter of the
form G(z) = K=/ (1 —z_l) that extractsthe dc drift of the error signaland subtractst
from the input. Note thatthis filter is differentfrom an errorfeedback-equalizéfilter [7]
which cancompensatéor high frequeng loss. The outputof the baselineremoval filter
could be subtractedrom the FFE outputaswell. This would give a slightly betterresult
for asimple G(z) . However, in this case extra compleity for the adaptatioralgorithmof
the digital FFE equalizeris neededecausehe adaptatiorstateshave to be modifiedto
includethe cascadingeffect of the baselin€filter onthe signalpath.The effect of baseline
wanderremoval is shovn in Fig. 5.18. This figure shaws the restoreddatain the experi-
mentalsystemof Fig. 5.13 with 100 MHz baud-ratewith and without baselinewander
removal.
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Figure 5.18: 100MHz 240m system output. (a) baseline wander exists.
(b) baseline wander removed.
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Decision feedback equalizer: As mentionedn Chapter3, usinga DFE /FFE for thedigi-
tal equalizereducegjuantizatiorerrorenhancemery the FFE aswell. Thereforewhen
PAE is off, we canobtaina bettereye openingcomparedo an FFE-onlysystemHowever,
anFFEis requiredbecausef the precursoiSI andthelimited orderof thefeedbacKilter
dueto errorpropagtionanddigital clock recovery difficulties. Experimentatesultsshov
thatusingPAE in anFFE/DFEsystemss alsobeneficialdueto crestfactorreductionatthe
ADC input andreductionof the quantizationenhancementy the FFE part. This adwvan-
tage is more obous at a laver number of ADC bits.

To evaluatethe PAE/ADC systemwith alower numberof bits, the leastsignificantbits
of the ADC output can be discarded.In this way, 5-bit and 4-bit code-words were
obtained Figures5.19,5.20and5.21 shav the measuremeniesultsfor the restoreddata
andtheir RRMSEfor differentnumberof bits for FFE-onlyand FFE/DFEsystemsThe
DFE and FFE filters are 5-tapand 7-tap FIR filters. As seenin Fig. 5.19,using PAE is
more adwantageousin the FFE-only system. However, considerableimprovementis
achievedin the FFE/DFEsystemaswell. For example,the PAE/4-bit ADC front-endper-
formances equvalentto a 6-bit-ADC-only systemn a FFE/DFErecever andalmosta 7-
bit ADC-only systemin an FFE-onlydigital recever. Thus,regardingthe resultsin Fig.
5.19,addingthe PAE reduceshe ADC resolutionrequiremento 5-6 bits insteadof 7-9
bits.
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Figure 5.19: Restored data relative root mean square error (RRMSE) of the
restored data in the 400-Mb/s 240-m coaxial cable system with an off-chip digital
FFE or an FFE/ DFE for different number of ADC bits and cases of PAE on and off.
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Figure 5.20: Restored data points for a 400-Mb/s 240-m coaxial cable system with off-chip
digital FFE/DFE for different number of ADC bits and the cases of PAE on and off.
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. PAE and 6-bit ADC with off-chip FFE
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Figure 5.21: Restored data points for a 400-Mb/s 240-m coaxial cable system with off-chip
digital FFE for different number of ADC bits and cases of PAE on and off.
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5.6 Channel Emulator Using Arbitrary Waveform Gener ator

To evaluatethe performanceof the chip for differentchannelmodelsandlosses,an
arbitrary waveform generato AWG) was usedto emulatethe channeloutputwaveform
directly. Thetestbenchfor this measuremens shavn in Fig. 5.22. Theadwantage®f this
experimentincludethe ability to testdifferentchannelmodels, thatthe transmitters non-
idealitiesare preventedandthe channelosscanbe normalizedto alower frequeng. This
latter one,resultsin lessclock recovery difficulties andability to performbetterfunction-

ality analysis for a lger channel loss.

Figure 5.22: Test set-up for 4-level PAM data transmission over 240-m Belden coaxial

cable.
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Sincethe previous cabletest wasboundedto 240-mcableandup to 400 Mb/s, the
maximumtestedchannelosswas-21dB.In 622-Mb/s300-mCoaxialcablesystem 32dB
lossat Fs/2exists, whereFsis the baudratefrequeng. To investigatethe functionality of
the PAE/ADC in the above system,the channeloutputwas emulatedoy the AWG with
100-MHzsamplingratewhile the baud-ratevasnormalizedto 20 MHz. The 10-MHz ref-
erenceclock of the AWG andthe clock generatomwere sharedfor clock matching.Since
the chip input is constantduring 50 ns periods, the off-chip clock recovery is more
relaxed. An specificdatapatternwasplacedat the beginning of the bit streamssothatwe
could recognize the bit locations and measure the bits correctness.

Fig. 5.23 exhibits the measureddatawaveformsat the chip input, chip output (6-bit
codes)andaftertheoff-chip linearequalizeiin bothcasesf PAE onandoff. As seendue
to larger channel loss the effect of PAE is significant; i.,e. RRMSE=0.07 versus
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Figure 5.23: Measured signals in the system of Fig. 5.22, where the channel output of
622-Mb/s 300-m coaxial cable is emulated by an AWG.(a) PAE is on. (B.) PAE is off. (i)
channel output. (ii) ADC output. (iii) Restored data from ADC output after digital
equalizer. (a) (iii) eye is opened using 7-tap 7-bit-coefficient FFE (RRMSE=0.07). (B.) (iii)
best possible eye opening (RRMSE[D.27). Here, the order of the digital FFE was chosen
such that not to limit the performance.
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RRMSE=0.27.The RMSE=0.07is closeto the performanceof a 9-bit ADC front-end

which indicates an impr@ment of about 3 bits.

5.7 Summary

Thefabricatedchip consistingof a partialanalogequalizeranda 6-bit ADC, waschar-
acterizedandits performancen therecever front-endof a 400-Mb/s240-mcoaxialcable
channekystemwasmeasuredTable5.1 shavs a summaryof the measuredC character-
istics alongwith someotherrecentstate-of-the-arADCs. To demonstratehe impact of
the ADC effective resolution,usingsimulationson a 622-Mb/ssystemwith a 20-tap-FFE
recever anda symbol-erroratebelov 1077, the maximumachievablecoaxialcablelength
for the correspondingADC effective resolutionswere obtainedand are shovn in this
table.While thechangesn technologiess to benotedin Table5.1,it is seernthatthecom-
binationof PAE and6-bit ADC is anefficientapproachThisis trueaccordingto thearea
andpower consumptionwhencomparedo asingle8-bit ADC for usein wired communi-
cation applications.

Table 5.1: Measured IC characteristics and comparisons

Specification, Unit Thiswork  [67] [57] [53]
CMOS Technology (um) 0.18 0.35 0.35 0.6
Sampling Frequeryg(MS/s) 400 200 400 150
Pawer Supply (V) 1.8 3 3 3.3
ADC resolution, (bits) 6 8 6 8
Equivalent bit resolution >8 6.8 5.5 6.5

for long cable applications, (bits)

Maximum coaxial cable_length for 622 Mb/s 300 225 140 200
application for SER <10according to the gen efective
resolution, assuming ADC runs gtf 311MHz, (m)

Total Active Area, (mrf) 0.83 3.3 1.2 1.2
PAE / ADC Area (mnf /mn?) 0.74/0.09 -- - -
Power (RAE + ADC), (mW) 84+22 655 190 395
SFDR / SNDR @250 MHz clk, 45 MHz input, (dB) 45/34  59/42 -- 50 / 40
@Fs @Fs
SFDR / SNDR @400 MHz clk, 124 MHz input, (dB) 37/30.2 -- 37/31 --
ADC INL /DNL, (LSB) <05 0.8 <05 1.2/0.6

Input Swing, (V) 0.6 1.3 1 1.6
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CHAPTER

Summary and

6

Future Research

6.1 Summary and Conclusions

In this thesis,the ADCs bit requirementgor wired communicatiorapplicationswere
investicgated and an efficient partial analogequalization(PAE) approachto improve the
performanceof the front-endADC was presentedThe motivation for this work wasthat
high-speedigh-resolutionanalog-to-digitalconverters(ADC) is one of the major chal-
lengesin thedesignof digital communicatiorsystemsThis is dueto the high-speedigh-
resolutionADCs power andareaconsumptiorandthe feasibility of theirimplementation
in low-voltagestandardCMOS technology The contributions of this thesisincludedtwo
major componentsFirst, throughan analyticalstudythe benefitof partial equalizationn
termsof ADC bit requirementsvas elaborated Second,an implementationof a high
speedPAE / ADC combinedonasinglel1.8-V CMOSchipwasdemonstratedndtheben-

efit of 2-3 bits imprgement vas \erified, eperimentally

By studyingthe ADC input characteristicandthe effect of the quantizatiomoiseon a
digital communicationsystem,a formula for the requiredresolutionfor a given system
errorratewasproposedDifferentapproacheso reducethe ADC resolutionrequirements
wereinvesticated.A 2-tapPAE wasselectedasan efficient choicefor analogpreprocess-
ing in orderto reducethe ADC bit requirementslt wasshowvn thatthe similarity between
the 2-tapPAE andafirst-orderfeedforwarddecorrelatocouldbe utilized to determinethe
singlezeroof the PAE. Replacingthe ADC with ananalogdecorrelatoandits inverse,as
adigital postfilter, beforeandafterthe ADC in a digital communicatiorsystemenabled

theuseof alowerresolutionADC with thesameerrorperformanceTheanalogdecorrela-
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tor, or 2-tap PAE, reduceshe ADC input crestfactorandthe PAE inversecorvertsthe
guantizationnoiseto a lowpassshape.Thus, the quantizationnoiseis not enhancedy
digital equalization.The combinationof thesetwo effects reducesthe ADC resolution
requirementonsiderablyTheefficiengy of the proposedpproactdependontheamount
of channellossor inter-symbolinterferencgISI). The greaterthe ISI, the moreadwanta-
geous this approachowld be.

A combinatiorof a 2-tapPAE anda 6-bit 400-MHz ADC wasimplementedn standard
digital 0.18um CMOS technology The PAE consistedof two setsof triple-interleaed
sample-and-hold&S/H), two variablegain transconductors current-to-wltagecorverter
and an ADC input buffer. The circuit designcontritutions and the relevant simulation
resultswere reviewed within the thesis.A flash architecturewas utilized for the high-
speed6-bit ADC. Differentautozeroingor offset cancellationsand test modesenabled
testingandcharacterizinghe prototypechip experimentally Apart from the mainblocks’
design,the peripheraldesigntechniquesontributionsincludeda non-overlaptriple clock
generatqgr using master clock for interleaved S/H, adaptve lead compensationsn
transconductorsefficient interdigitatedcapacitorslayout, careful floor planningof the
ADC rows and symmetric clock distrikion.

The functionality and performanceof the chip wastestedandpresentedn Chapter6.
An SNDRof 34 dB wasachieredfor a250-MHzsamplingfrequeng. In addition,thechip
wasplacedin an experimental400-Mb/s240-m coaxial cablecommunicatiorsystem.In
thisway, theadvantageof having the PAE wasdemonstratedJsingthe proposed?AE, the
ADC performancevasshavn to beimproved by morethan2 bits at a costof only 12%
extra area and 17%x&a paver.

6.2 Suggestionsfor Future Work

Thereare several directionsto focuson for continuationof this work. Extendingthe
applicationof this researchio complex modulationreceversandfull-duplex transcerers
aretwo areagthat canbe studied.Moreover, for the currentapplication,advancedcircuit
designtechniguesanbe appliedto extendthe speedandefficiency of the designin both
PAE and the ADC blocks.
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AppendixC shows the preliminary simulationresultsfor using partial equalizationto
reducethe resolutionandsamplingspeedequirement®f the front-endADC in a system
with carrierlessamplitudeanda phasemodulationschemgCAP). CAP is a modulation
scheme[23][68] usedin digital communicationsystemsand can be consideredo be a
bandpas®£AM (PulseAmplitude Modulation)[7], in which the carrierfrequeng is near
basebandOntheotherhand,it canalsobeviewedasa variationof Quadraturédmplitude
Modulation (QAM) without explicit modulation/demodulatiomlocks. CAP is usedin
wired applicationsbecaus®f its simplicity, bandwidthefficiency andzerodc component.
Cornventional CAP recevers consistof a relatively high-speecdigh-resolutionfront-end
ADC along with two parallel fractionally-spacedtapped-delay-lindilters for channel
equalizationandl/Q separationBy usinga low orderpartialanalogequalizer/demodula-
tor the ADC requirementanbereducedo two ADC with onethird of the speedand1-2
bit lessresolutionfor a 16-CAP 1.2 Gb/sover 200-mcoaxialcable.The implementation
issuef suchanew mixedtopologyandtherelatedcircuit designtradeoffs couldbecon-

sidered as a future research topic.

As mentionedn Chapter3, a 2-tapPAE canbeconsideredo befeedforwarddecorrela-
tor. Anothervariationis afeedbaclkdecorrelatarUnderthis method,eachADC inputsam-
ple is predictedfrom the previous quantizedsampleratherthana non-quantizecanalog
sample(seeFig. 3.20). The advantagewould be a further reductionin quantizationnoise
(or reducingthe ADC resolutionrequirement)Thedifficulty in this methodis speedimi-
tationdueto thedelayof the feedbackoop thatconsistsof the ADC, an a multiplier and
subtractar Investigating different circuit techniquesto copewith this loop delay is an

interesting research topic tavk on.

It was obsenred that the signal amplitudedistribution after the PAE had somelocal
peaks.Using a non-uniform quantizationtechnique,the quantizationintervals can be
adjustedsuchthat at thosepeakslessquantizationerror is added.In this way, a further
reductionof averagequantizationnoisecanbe achiered, which is equivalentto a lower
numberof bits requirementHowever, a specificnon-uniformquantizationfor an ADC

may not be desirable in some applications.

To improve the speedand performanceof the currentdesign,seseral other circuit
designtechniguescould be investigated.Using multiple gain stagesn a PAE is a candi-
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date for achieving a higher bandwidth. Using coding schemes, such as gray coding in the
ROM part, is recommended for further ADC error rate reduction. For ADC speed
enhancement, a continuous time comparator with digital calibration could be used. Thisis
a good approach for low resolution, high speed applications such as back-plane chip to
chip applications [69].
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Transconductor

A

Circuit Analysis

A.1 Transconductor feedback loop analysisand lead
compensation

The linearity of the transconductor blocksin the partial analog equalizer isimproved by
placing afeedback loop around the input transistors. To verify the stability performance of
the transconductors, shown in Fig. A.1, the feedback loop is broken at the gate of transis-
tors M3 and M4, and thus, the loop gain transfer function v, /v; can be evaluated. Note
that the parasitic capacitors Cp, and Cp," include the loading effect of the gates of M3
and M4 in addition to the total parasitic capacitance at M1 and M2 drains or node 2.
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Figure A.1: Opening the feedback-loop to characterize the open loop circuit and
stability analysis.

A

131



132

To calculatetheloop gaintransferfunction v, /v, , thehalf circuit shovnin Fig. A.2 (a)
andits smallsignalequivalentin Fig. A.2 (b) areutilized. As afirst step,the cascoddran-
sistorsM3 and M5 are replacedby a Norton equivalent circuit consistingof a current
sourcewith the value of Kv;and an outputresistancer s, asshavn in Fig. A.3. The
capacitorC ,, representthetotal parasiticcapacitancatnode3. To find Kv, in Fig. A.3,
node 1 is made short circuit to ground and its current is calculated as

Tog = —3(&ms * Zays) » A1)
wherev, is the wltage at node 3 and can be calculated by KCL at node 3 as

— v.
vy = Em3Vi , (A.2)
i3t 8uss t &8s T Cpss

By replacingv; from (A.2) into (A.1) and considering, ;, g5 € &,,5 » W& can write:

- _ 0 Zm3(&ms +gdsS) 1 0, 1 [lv
g = Ky, 0 A.3)
“ - Heys*gast ng)‘:Dl —s/ p3 g’"ml —s/pH7
where
gds3+gd55+gm5 —Ems
p3 = O . (A.4)
’ Cps Cps

It can also be shvn that the impedance seen from node 3 in Fig. A.3 is equal to [70]:

1 —s/z4 | —s/z4
Tos = (rds3(1 + gm5rds5) a'ss)D S/ EmngFdﬁrdSSEﬂ S/p E’ (A5)
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Figure A.2: (a) The open loop half circuit of the linearized transconductor. (b) The
small signal equivalent.
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Figure A.3: Replacement of the cascode transistors by the Norton equivalent circuit.
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where

-1
Py = ) (A.6)
rds3cp3

and

ra’s3(1 +gm5rd35) + rdss D_gms

z, = . (A.7T)
Tass"as3Cp3 Cps

As a secondstepin Fig. A.2 (b), consideringr ., 7,5, 7;; «1/gm1, thevoltagesv1
can be approximated as
Kv;

_ i _ A8
1T e+ Cps+ /R, A-8)

To find therelationshipbetweenv, andv, we canwrit the KCL atnode2 canbewritten

as
V(g + Cpys + Y )+ (v, =v)&€us1 —&mV1 = 0. (A.9)
A rearrangement of (A.9) ges:

V_o — gml+gdsl 0 Emi1 (A 10)
vi 8t CpstY +g,q CpstY . +g,y

where Y . is the compensatiometwork admittanceaddedto node2. A Combinationof
(A.3), (A.8) and (A.10) results in

- gmlgm_’)vi
(gt Cps+1I/R)(Cpys+Y + g, )1 +(Cps3/g,5)s)

v (A.11)
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A.1.1 No Compensation

In caseswherethereis no compensatiortircuit, i.e. Y, = 0, the open-looptransfer

function becomes:

Vo _ o & m 1 g4 1 m 1 g
V; gmﬂd“%ml +1/R —s/pIDEEﬂ —s/ p,HH —s/ p,1 (A.12)
where
8ds1 -1
D, = = , (A.13)
: Cpy ’”dslcpz
+1/R
Py = —g—mlc -, (A.14)
P2
ng
Py = ——. (A.15)
: Cps

Notethat p, is thedominantpole of theloop transferfunctionbecausez ;.| « g,,1, &5 -
To find the unity gin frequeng w, , by assumingp,| «w, «|p,|,|p;| we can write:

Vo

_ o & o 1 _
=g =1, (A.16)
m3|:gml + 1/RS|ICP2(‘OM

i

and thus:

_ 0 &m1 Ol
= — . A1l

Therefore,in the design,it is importantto ensurethat the other polesare far enough
from w, in (A.17) in orderto have a properphasemamin. Since Cp; is muchsmaller
thanC,, in Fig.A.1, p, couldrepresenthesecondpole.Accordingto (A.14), for larger
R,, p, fallsata lower frequeng. This could affect the phasemaigin when a lower

transconductancea is chosen (by increasim,).
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A.1.2 Lead Compensation

In this designwhenthegainis setto its lowestvalue(i.e R, is setto its largestvalue)a
leadcompensatiomircuit, asshavn in Fig. A.1 is activatedto improve the phasemargin
of theloop transferfunction. Consideringhe equivalentvalueof Y. from the compensa-
tion network, the second term in the denominator of (A.11) can be written as

1 _ 1 _ 1

Y, Cps+Y +gu 1 1
Cpys + —
PR TR FT/(Cs) 7

_ rgq(1+R.C.s)

- 2
(RcccrdslcPZ)S + (RCCC + rdSICPZ + ra’slcc)s +1

(A.18)
If we write (A.18) in the form of

(1 =5/
o Tan(1-s72) (A.19)
(1=s/p )1 =s/pp)

andassumingts polesarefar from eachother (i.e. p,, » p,,), thenthe polesandzeros
can be estimated as
1

Pig = , (A.20)
¢ RcCc+rds1CP2+rds1Cc

1 1 1 0

- _0
P - + + : (A.21)
th D/‘a’lePZ rdslcc RCCCD
and
1
z, = — . (A.22)
: RCCC
1%
Therefore,v—O in (A.12) can be naritten as
i
Yo 0 Smi [ ] (A.23)

= 7 .
l_ Em3 il +1/RU1—s/p, )1 =s/pyp)(1+5/py)(1 =5/ ps)

<
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By comparingp,,, and p, in (A.20) and(A.13), we canseethatthe dominantpoleis
shiftedto slightly lower frequenciesMeanwhile,althougha nev non-dominanpole p,,
is introducedat muchhigherfrequenciesthe zero z; compensatefor the phasemagin
reduction due to the non-dominant poles. From (A.23) and by assuming

|P14| « 0, «|zy|, |Pa|s |P3|s |P14] - theopen-loopunity gain frequeng canbe estimatedy

vl o 8n o 1 _
o _ -1 A.24
- gmwﬂ%’ml + 1/RSEK001/P1a) ( |
Then,w, is found as

n Emi 0 I

W =
! Em3lds |:«bml + I/RSDRCCC + rdslcP2 + rdslcc

0 Emslas1
RCCC + rdSICPZ + ra’slcc

(A.25)

As expected, w, hasmoved to lower frequenciescomparedto w, in (A.17) before
compensationThis further improves the phasemagin at the cost of lower bandwidth.
However, notethatcompensatiois neededvhenwe choosdower transconductanagains
orlarger R, . In this casethebandwidthis alreadyincreasedecaus®f thelower gainand
larger R, (see(A.17)). Thus,reducingthe bandwidthby compensatioshouldbetolerable
as it might be still higher than when thaiigis maximum ana, is minimum.

In the end,a testcircuit architecturesimilar to Fig. A.1 hasbeensimulatedto evaluate
the effect of the compensatiometwork. Fig. A.2 shavs the magnitudeandphaseaesponse
of the transconductoloop gain, with andwithout compensatiortircuits. As we cansee,

while w, is reducedafter compensationthe addedzero cancelssomeof the phaselag
caused by the non-dominant poles.
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Figure A.4: Frequency response of the loop gain of the transconductor amplifiers with
and without lead compensation. (a) Magnitude Response. (b) Phase response (Phase
margin improvement: 74 to 101 degree).
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A.2 Transconductance Gain Expression and the Effect of the
Feedback L oop

Fig. A.5(a) shaws the half circuit andits small signalequvalentof the transconductor
amplifiershovn in Fig. A.1. Hereanexpressiorfor transconductanogain i,/ v;, consid-
eringtheeffect of thefeedbacKoop aroundinputtransistoris derived.In thesmallsignal
equvalentshavn in Fig. A.5(b), thecascoddransistorsvi3 andM5 arereplacedy a sim-
plified equvalent model, shen in Fig. A.3.

¢|1'|2'i0 @
Vi . iO
M5 jl—vcn ?I o—’\lﬂl Vcn-| M5 RS
M3 E_': @ M3 =
2 Cp3
y
. (a)
%rll vi @D
2R
Vi 1/9m s | 2
2 1 Imiva )
1> 9maV2
@VZ Tos ng3rd55rds3
‘frlz 1/gng
(b)

Figure A.5: (a) The half circuit of the linearized transconductor. (b) The small
signal equivalent.
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The KCL at node 1 ges:

ol 4

1,10 Vi -
Vl[ﬁ r_05+ITSD+ gml%l_jm-l_ 8as1(Vi=v) + 8p3v, = 0,

or

Nl 1 1 0 _ Vi
Vl[m + s + R, t&m t &gt Va(&m3 —&us1) = gml'il'

(A.26)

(A.27)

Using the approximatiog ., « g,,; and FL VL 51 <&, We can simplify (A.27) as

I1 "o5
Nl 0 _ g
ViFe T &€t v2(&m3) = g
IEE mi[]" V2\&m3 m1h0O

Also, the KCL at node 2 gés:

Zas1(va=vy) +gml%l ‘;E =0
or
8as1V2 = Vi&as1 t &m1) —&mi1(vi/2).
Using the approximatiog ., « g, (A.30) can be simplified as

Zis1V2 = V1&m1 —&m(vi/2).

Now, by combining (A.28) and (A.31) and cancelling, we can write:

0l 0, ., 18mi—&m(v/2) _
VIDR_S-'-gmlm-'-gm?)D ——— 0= &mvi/2),

8ds1

(A.28)

(A.29)

(A.30)

(A.31)

(A.32)
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and it can be simplified as

+ Em18m3
v ml gd )
/1 5 = S , (A.33)
%
i 1 + - + gmlgm3
Rs 8is1
or
Vi 1
= A.34
v,/ 2 1+ 1 ’ ( )
ngml(A +1)
gm3 . iO .
where4 = . To find = we can write
8is1 Vi
[, 12 1 i,
_ = — X =X —= A.35
v, v/2 2 v’ ( )
I
in which 2 = Rl (seeFig. A.5). Therefore,the final transconductancegalue can be
Vi
written as ’

~.
Q
p—

= . (A.36)

2
2R+ ———
s gm1(1+A)

-

As seenin (A.36), comparedto a corventional transconductorthe effect of g, , is

Em3

reducedby a factorof 1+ 4 whered = . Note that 2Rs is the total degeneration

. 8ds1 . . .
resistanceébetweenthe sourcenodesof the |ﬁput transistorsand it determineghe total

gain.
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APPENDIX

Global Gradient
Search for PAE

Optimization

B

In this appendixthe algorithmfor searchinghe optimumfilter coeficientsby Gradi-
ent Search method in a communicationsystemwith a partial analogequalizer(PAE) is
presented. This communication system isashm Fig. B.1.

For the coeficient of filter G(z) in Fig. B.1, usingsteepestiescengradientsearchwe

can write [26]:
2

8k+1 — gk—llégc7 B.1)

whereg, , | istheupdatedvalueof g, for thenext timeinstantandp is thegain constant
that regulatesthe speedandthe stability of the adaptationThe parametere is the error
between the delayed input signal and the finalwvexeal output signal as

A

e(n) = xd(n) —X(n) . (B2)
Therefore we can write:

0c” _ ,,0¢ _ ,, 0% (B.3)

‘Tgk - agk 6gk
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R bit
Channel Quantizer
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2 2

Oy “k Ox 8k Y(n) hy

)
Delay o

Figure B.1: A communication system with a PAE and a DLE in the receiver.

Thus, (B.1) can be vgitten as

= +2 —aAk (B.4)
He . .
8 +1 gk 3 )

In Fig. B.1, we can write the filtering operations as
X, = [(xxctn)xgxh],) +(q*h), (B.5)

where * is the corvolution operator qn) is the addedquantizationmoisecausedy the
ADC and can be written as

_ ypeak
q(n) ~ —Zanorm(n)’ (B.6)

where g,,,,,, 1S a uniformly distributed white noise normalizedwithin the interval

[-1,1]. From (3.9)ypeak is approximated as
ypeak = xpeakZ|(c*g)i| (B7)

where

((cxg)| = ‘Zci—k [gk" (B.8)
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Defining thesgn[ ] as the sign operatddsing the equation

LW < snpran 8, py =0

(sgn[ ] is a sign operator), and (B.8), we can write:

[(cxg)| _

0 =c. ,[ken((c*g).).
3 = Cimi en((er )

Using the abee expression, we canweite (B.7) as

0y
peak _
o xpeachi—k [sgn((c * g);)

B.9)

(B.10)

(B.11)

The combinationof the above expressionand (B.6) canbe usedto obtainthe gradientof

the second term in (B.5pvsus the RE coeficients g, .

For the gradientof thefirst termin (B.5), we mustconsiderthe effect of cascadingof

the DLE with the PAE. The gradientof cascadedilters werereviewedin Chapter2. The

gradient of the first term in (B.5pwsusg, can be written as
O fxxcrm)eguhly = o Fllrrern)ehl (g
0gy (")~ og, Z k)

= [(x*c+n)*h], _p
Using (B.6) and (B.12) for the gradient of (B.®¥rsus tog, we can write:

0 . aypeak norm [
— % = + +
agkx” [(x%c+n) *h](n_k) * h[J

9% 02 4,

0
where—2%% can be obtained from (B.11).

agk

The gradient of the outpuewsush,, is the delayedersion of H(z) input as:

J .
an, 'k = [[(x*ctn)xgl+ql,_p

(B.12)

(B.13)

(B.14)
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Figure B.2: The Global Gradient Search algorithm implementation for PAE and
DLE coefficients optimization

Fig. B.2 demonstratethe simulationblock diagramfor implementingthe Global Gra-
dientSearchalgorithmusing(B.11)and(B.14).Althoughthis algorithmis relatvely com-
plex to implementin hardware, it is usefulfor system-lgel designandverificationof the

filter coeficients obtained from other suboptimait lpractically-eficient methods.



APPENDIX

Reduction of ADC
Requirements in
CAP/QAM

Receivers

C

C.1 Introduction

Carrierlesamplitudeandphasemodulation(CAP) is amodulationschemd23] in dig-
ital communicatiornsystemsand can be considereda form of bandpasgulseamplitude
modulation(PAM) [7], in whichthecarrierfrequeng is nearbasebandOntheotherhand,
it canalsobeviewedasavariationof quadraturemplitudemodulation(QAM) with com-
binedin-phas€l) andquadratur¢Q) componentdut without explicit modulation/demod-
ulation blocks. In contrastto uncodedPAM, CAP has zero dc power. This spectral
characteristienakesit well suitedto ac-couplecthannelslt alsoallows the possibility of
leaving a frequenyg band,neardc, which canbe usedfor othersignals(suchasstandard

telephone signals).

Most CAP systemsaredesignecandimplementedn the digital domainby applyinga
relatively high-rate high-resolutionanalog-to-digitalcorverter (ADC); thereby taking
adwantageof digital signalprocessingThroughouthis thesisthe advantageof usingpar-
tial equalizationn a PAM systemwaselaboratedAs we shall see,usinga partialanalog
equalizer/demodulatan CAP systemsallows the useof less-costlyADC andlessdigital
filtering compleities for a desirederror performanceAs mentionedpreviously, partial
analogequalizationcomparedo full-analogequalization hasthe advantageof a consid-
erablylower orderandfeasibleanalogadaptve filtering. At the sametime, the flexibility
andreliability of a digital recever is maintainedat a lower costcomparedo corventional
fully digital recevers.
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The mainapproachn the presentedopologyinvolvessplitting the | andQ equalizers
into two low-order fractionally-space@nalogand baud-ratedigital cascadeaqualizers.
In addition,a low-ordercomplex decisionfeedbackequalizer(DFE) contributesto a fur-
therreductionin theremaininginter-symbol(ISI) andl-Q interferenceerrors.To shawv the
efficiencgy of this technique,simulationresultsfor a target applicationof 1.2Gb/sdata
transmissiorover 200-mcoaxialcableusing 16-CAPfor serialdigital video applications
[71] is presentedit is shavn thattwo 6-bit 300-MHz ADC, with two low orderanalog
FIR equalizerandsomelow-orderdigital processinggive the sameerror performances
a system with an 8-bit 900-MHz ADC with ewarge order I-Q filters.

C.2 CAP/IQAM Modulation

Fig. C.1(a) shavs asimpleQAM systemwhereg(f) and f(¢) arelowpassshapingfil-
terssuchasrootraisedcosinepulseq7][72]. In nearbasebandavired applicationsf’, rep-
resenta carrierfrequeny whichis equalto or slightly greaterthanthe bandwidthof g(7),
i.e. f.2 f,/2 wherefgis thesymbolratefrequeng. Notethat,the carriersignalsin both
the transmitter and rec@r must be in phase.

L A
Equalizer k

&

Symbol
Detector

sin(wct) sin(wct)
(a)
A
Equalizer Tk
&

Symbol

Detector
- Bk

(b)

Figure C.1: (a) QAM modulation scheme: transmitter and receiver. (b) CAP
Modulation scheme: transmitter and receiver.
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Fig. C.1(b) showvs an alternatve passbandnodulationschemecalledcarrierlessAM/
PM or CAP. This schemeconsistsof only | andQ filters. Theséfilters, in contrastto low-
passfilters in QAM systems are passbandilters centeredat /. andthey form Hilbert
pairswhere f'_ is largerthanthe largestfrequeng of the baseban@rvelopepulsesg(¢)
and 1(¢) (seeFig. C.1)[73][74]. It canbe shavn thatby addingcomple rotatorsof the
form exp(jwch) and exp(—jooch) to the input and output of a CAP transcerer a
QAM transcerer, is obtained[73]. Therefore,it is possibleto usea CAP recever for a
QAM transmitter It shouldbe notedthata CAP systemis practicalwhenthe carrierfre-

gueny is neatbaseband, so that it can be realized by reasonable order of I-Q filters.

C.3 Conventional CAP Recelver

Fig. C.2shavs acorventionalCAP receverin whichdigital filters L, (z) andL o(z) per-
form both the passbanaequalizationand I-Q signalsseparatior{73][74][23]. The above
taskrequiresa front-endADC with a samplingrate considerablylarger thanthe symbol
ratein orderto preventaliasing.The ADC ratedepend®n the symbolrate,excessband-
width, carrierfrequeng andthe order of the filters. Using raisedcosineshapingfilters
with 20% excessbandwidthanda nearbasebandarrierfrequeng, around0.6f, the prac-
tical valuefor the ADC samplingrateis about3 timesthesymbolrateor 3fs. Accordingto
system-lgel simulationresultsfor ourtargetapplicationj.e. 1.2 Gb/s16-CAPover 200-m
coaxialcablewith 300-MHzbaudrate,for asymbolerrorrateof aboutlO 8 theminimum

Error |
Error | -
7 Slicer I out
_»|  FFE, > 3* -

7
Li(2)
—» AD |m| (5tap Digital FIR @3

Input 3fg

. | Error Q
signal P
Slicer Qout

> FFEq [ 3y -

Lo(2) =
(15-tap Digital FIR @3} Error Q

- - >

Analog front-end Digital post processing

Figure C.2: Conventional hardware-efficient CAP receiver with passband
equalization.
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hardwarerequirementgor a corventionalrecever arean 8-bit 900-MHz front-endADC
alongwith apair of 15-tapadaptve FIR digital filters. As a result,the corventionaltopol-
ogy is more appropriate for medium speed applications.

C.3.1 Front-end ADC Requirements

Theequwalentl-Q pathof acomplex CAP systemis shavn in Fig. C.3.To maintainan
acceptablesystembit errorrate,the ADC hasto meetcertainresolutionandspeedequire-
ments.To determinethe resolutionrequirementsimilar to (3.11) for PAM systemsin
Chapter3, we considerthe varianceof the total remainingerror beforethe slicerin Fig.
C.3, as
O-irr(l, o) ~ [(Gflz + oi)K?TFE] + O-?SI—[Q (C.1)
Whereozz is thequantizatiomoisevarianceintroducedby the ADC, oi is thevarianceof
the additve channel noise, K;FE is the error enhancemenfactor causedby the
feedforward equalizer(FFE), and ofS,_,Q is the remaininginter-symbol (ISI) and I-Q
interference errorariance.

2 o
+ 3a. 0n qz

J_v]_l]_rl_Li f’aa Channel Quantizer
3a C(z) Noise No||se A
X (k) Channel _>g->—-/~é . X o)
>\ & Filtering FFE
ADC

\
I_|

X o) —
R 0=,
2

Figure C.3: The equivalent I-Q path of a complex 16-CAP system.

Similar to (3.15),it canbe shavn thatthe requirednumberof bits R for the front-end
ADC can be obtained from

2 2 2
R > (Liyg) — K prras) — €gan)” 6:02. (C.2)
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/ox)z.

L isrelatedto the desiredsymbolerrorrate (SER)aswell asthe participationratio of the

whereef] is proportionalto the crestfactorof the ADC inputasef] = (1/3)(x

max

enhancedquantizationnoise U'f]z to the total error oﬁr as mentionedin (3.14). For

-
example,for SER = 1077 and assuming33% participationof quantizationnoiseto the
total error, L?dB) = —32 dB. Accordingto (C.2), the main approachto reducingthe bit
requirementr is to reducethefactorsafl (the crestfactorof the ADC input signal)and

K%FE (the amount of noise enhancement by the digital equalizer).

Sincesg depend®ntheequialentchanneresponséeforethe ADC andKf,FE depends
on the existing ISI and I-Q interferencesafter the ADC, by transferring part of
equalizatiorandl-Q separatiorirom digital to theanalogside,the valuesof sf[ and KIZVFE
canbereducedsimultaneouslyAs aresult,therequiredADC resolutionR canbereduced
as well.

C.4 The Proposed Architecture

Fig. C.4depictsthe proposednixedanalogCAP recever architectureln this architec-
ture, partsof thedigital I andQ passban@qualizersaretransferredo the analogside.In
this topology anapproximatiorof the fractionally-spaced andQ filters aresplit into two
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» Gi(2 [ AD[»{ H /(2 - >

-+
Knalog |{| ital R
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I Ho(2) |
Input All 3-tap Digital
signal
Error Q Error Q
/ Errér Q Q out
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»| Ho(@ BAD | Ho(@ > >

> _,_ >
Analog fS Digital
(3-5)-tap FIR@3f; (3-5)-tap FIR@f : g’)- <
GQ(Z) HQ(Z) Error Q

Analog front-end Digital post processing

< » - »
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Figure C.4: The purposed mixed CAP receiver architecture.
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Figure C.5: (a) Conventional CAP receiver I-Q path. (b) Splitting of approximated L (z)
into two cascaded filters. (c) The proposed receiver I-Q path with two low-order analog
and digital filter and low-rate low-resolution ADC. (d) Simulation results for I-Q path
filters impulses and their 17-tap equivalent filters.

fractionally spacedand baud-ratefilters with lower orders,as demonstrateah Fig. C.5.
For example,a 4-tapanalogFIR filter [6][17] runningat 3f followed by a down-sampler
anda5-tapFIR filter runningatfgis equivalentto a 16-tap((3x(5-1)+4)FIR filter running
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at 3fs. In this way, afteradaptatiorof the cascadedilters, severaladvantagesrerealized.
First, the secondanydigital | and Q filters will be low orderwhile they run at 1/3 of the
speedSecondly, the ADCs beforedigital filters will runatsymbolratef, ratherthanat 3f;
in corventionaltopology Thirdly, partialequalizatiorandl-Q separatiorby analodfilters,
simultaneouslyeducethe crestfactorof the ADC input signalandthe quantizatiomoise
enhancemerafter the ADC. This reduceghe bit requiremenof the ADC by about1-2
bits.

Althoughin this architecturehereis a needfor two ADCs, the speedof eachis about
one third and their resolutionsare 1-2 bits lower. Thus, regarding the power, areaand
designfeasibility of justthe ADC partof the hardware[2][30], this architecturevould be
a preferredchoiceat high speedslt shouldbe notedthat sincethe outputof the analog
FIR filters are downsampledby 3, a polyphaseimplementationof them can be utilized
[75]. In this way, each tap multiplication is performed with one third of the speed.

To furtherrelaxthe complity of analoganddigital I/Q feedforwardfilters, cross-cou-
pledlow orderdecisionfeedbackequalizer§ DFE) areemployed aswell. They partially
assisthe post-cursoequalizatiorand|-Q separatiorwithout noiseenhancemeri?]. The
DFEsarechosento be low order (3-tap)to reducepropagtion error effect andimprove
the cowergence speed of the adaptation algorithm, particularly during initialization.

C.5 Simulation Results

The proposedCAP recever, depictedin Fig. C.4,andthe corventionalone,shavn in
Fig. C.2, were simulatedfor performancecomparisonsThe generalcriteria usedin this
work is therelative root meansquareerror(RRMSE).This is definedasthe maximuml-Q
residualRMS error, beforethe slicers,relative to the distancebetweenCAP constellation
points.Accordingto the simulationresults,RRMSE = 0.08 resultsin a symbolerrorrate
of about 1 for our taget application.

To achie’e RRMSE=0.08thefilters L o(z) in corventionaltopology (Fig. C.2) are15
tapsandthefilters G o(z) andH(2) in the proposedneare5 taps.All DFE filters are
only 3 taps.Thefilters areadaptedusingleastmeansquarealgorithm (LMS) [26] using
the error signalbetweerthe input andoutputof the slicers.However, a training sequence
atthe begginningaccelerateghe initialization. The total numberof digital filter tapsin the
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proposedarchitecturdas 22 (=5x2 + 4x3), while in the corventionalone,it is 30 (=15x 2)
for anequivalentperformanceNotethattheinputsignalof the DFE filters are2-bit digital
outputof theslicers.Therefore they requiremuchsimplermultipliers comparedo those
in FFEs.

In Fig. C.5(c)the impulsesof the 5-tap G,(z) andH,(z) andtheir equivalent17-tap
filters with the form of

Ly Q(z) =G, Q(z) DH[’ Q(z3) (C.3)

areshowvn. TableC.1 showvs thereductionof the ADC input crestfactorandthereduction
of quantizationnoise enhancemenby the digital equalizersaccordingto the obtained
impulse responsesand expressions(3.10) and (3.16). In total, a potential 12.5 dB
reductionin ADC resolutionrequirements achieved andthis is equialentto 2 bits. This
resolutionenhancemerns crediblewhentheremainingtotal erroris not saturatedy other
errorssuchasremaininglSI or enhanceathannelnoise.With the choserfilter ordersthis
is not the caseand thus, the effect of ADCs resolutionsis evidentin the resultingerror
performance, as is sia in Fig. C.6.

Table C.1: Comparison of conventional and the proposed 16-CAP topologies simulation results

Conventional Proposed I mprovemen
Architecture Architecture t
Crest Factor change before  12.8 dB 6.4 dB 6.4 dB
ADC or Asf]
Quantization noise 5.5dB -0.6 dB 6.1dB
enhancement AK?«"FF
Required ADC bits: R 8.1 bits 6 bits 2.1 bits
(for SER=10", see(C.2))
RRMSE, 5-bit ADC 0.18 0.09 6 dB
RRMSE, 6-bit ADC 0.11 0.07 3.9dB
RRMSE, 7-bit ADC 0.08 0.07 1.2dB

RRMSE, 8-bit ADC 0.07 0.07 0dB
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Fig. C.7 shows the recovered constellations before the slicers for both the conventional
and the proposed topology. As we can see, the proposed system with two 300-MHz 6-bit
ADCs gives the same performance as the conventional system with a 900-MHz 8-bit
ADC.

0.2 . , —
—=— Proposed Mixed
0.18f -o- Conventional
Q
0.161 :

Relative RMSE
o
P
N

7
Number of ADC bits

Figure C.6: RRMSE of the recovered 16-CAP data for different ADC resolutions
for (a) conventional architecture, and (b) proposed mixed architecture.
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Figure C.7: Recovered 16-CAP data constellation before the slicer for different front-
end ADC resolution in: (a) conventional architecture with a 900-MHz ADC, and (b)
proposed architecture with two 300-MHz ADCs.
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C.6 Summary

Theapproaclof partialequalizatiorandI-Q separatiorior anearbaseband-Q system
(CAP) recever in wired applicationsvasinvestigated.Accordingto simulationresults,it
was shawn that for an applicationof 1.2 Gb/s over 200-m coaxial cable,the proposed
topology with two 300-MHz 6-bit ADCs along with two 3-to-5-tapanalogFIR partial
equalizerfilters givesthe sameerror performanceas a corventionalsystemwith a 900-
MHz 8-bit front-end ADC. Moreover, the digital filtering complexity, accordingto the
total numberof tapsand multiplicationsaswell asclock rate,wasconsiderablyreduced.
Theimplementatiorand circuit designissuesof the purposedarchitecturds a suggested

topic for future research.
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