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ABSTRACT

In this work, we presentthe analysisof a built-in self-test
(BIST) schemefor mixed-signalcircuits that is intendedto
provide on-chip stimulus generationand responseanalysis.
Basedon the sigma-deltamodulationprinciple, the proposed
schemecanproducehigh-qualitystimuli andobtainaccurate
measurementswithout the needof preciseanalogcircuitry.
Numericalsimulationsareconductedto validateour ideaand
theresultsshow thattheschemeis apromisingBIST approach
for mixed-signalcircuits.

I . INTRODUCTION

Testingof analogcircuitshasbeena costlyprocessbecause
of the limited accessto the analogpartsand expensive au-
tomatic testequipment(ATE) requiredto performfunctional
testing.Thesituationhasbecomeworsedueto thetrendof in-
tegratingvariousdigital andanalogcoresontoasinglesystem-
on-chip(SOC),in which testingtheanalogpartsbecomesthe
bottleneckof productiontesting.

To resolve theproblem,variousdesignfor testability(DfT)
andBIST approachesfor mixedsignalsystemshavebeenpro-
posed. They either increasethe controllability and observ-
ability of the circuit under test (CUT) [1, 2] or provide the
capability of on-chip stimulus generationand signal analy-
sis [3, 4, 5, 6, 7, 8]. In [3], the authorspresenta BIST
schemefor a signal-to-noiseratio (SNR), gain tracking,and
frequency responsetestof asigma-deltaanalog-to-digitalcon-
verter(ADC); however, theon-chipdigital-to-analogconverter
(DAC) for sine-wavegeneration,andthedigital signalprocess-
ing unit able to perform the desiredanalysisare not always
available. Implicit functionaltesting[4] usestherandompat-
ternsfrom LFSR (usuallyappearsaspart of the digital BIST
structure)as the test stimuli; however, the on-chip or exter-
nal DAC andADC areneededfor D/A andA/D conversions.
TheoscillationBIST schemein [5] convertsthecircuit under
testto a circuit thatoscillates.However, theBIST circuitry in
generalcannotbesharedamongdifferentCUT’s. Thesigma-
deltamodulatedoscillatorin [7] providesa digital solutionto
high quality on-chipsinusoidalstimuli. The main disadvan-
tageis theareaoverheadof theoscillator. Theon-chipsignal
measurementapproachesin [6, 8] rely on accuratereference
voltagesand may suffer from processvariations. The pro-
posedBIST schemein this paperemploys the oversampling���

modulationprinciplefor bothstimulusgenerationandre-

sponseanalysis,and,aswill beclearlatter, canachieve high-
quality stimuli andmeasurementswithout stringenthardware
requirement.Theobjectiveof thispaperis to providethetheo-
reticalanalysisfoundationof theBIST schemeandto validate
theideawith numericalsimulations.

For stimulusgeneration,therehave beensomeworks [3, 7,
9, 10] that utilize the

���
modulationtechnique.Among the

works, the ideaof periodicapplicationof software generated
singleor multi-bit

���
modulateddigital bit streams[9, 10] to

a low-resolutionsingleor multi-bit DAC followedby a high-
toleranceanalogfilter is of particularinterest.Theadvantages
of this approachinclude:� The requiredBIST circuitry, i.e., the DAC andthe filter,

thatconvertsthedigital bit streamsto analogsignalsdoes
not have to bevery accurateandcanusesimpleandrela-
tively high-toleranceanalogcomponents.� Variousband-limitedanalogsignalscanbegeneratedby
applyingdifferentdigital streamsandthuswithout hard-
waremodification.

To achievehigherstimulusquality, multi-bit digital streamsare
preferableto single-bitones(eachadditionalbit in theDAC in-
creasestheSNRbyapproximately6dB); however, theneedfor
measuringthetransferfunctionof themulti-bit DAC to ensure
the stimulusquality [11] makes it difficult for BIST applica-
tion. Our contribution in this work is to provide a calibration
methodthatutilizeson-chipresourcesto measurethe transfer
functionof the multi-bit DAC. With the transferfunction, the
softwaremulti-bit

���
encodercancompensatefor the DAC

imperfection,e.g.,theoffsetvoltageerror, thedifferentialand
integral nonlinearity, andgain error. The resultingdigital bit
streams,afterpassingtheDAC andtheanalogfilter, will pro-
ducehighqualityanalogsignal.Thus,highquality teststimuli
canbegeneratedwithout stringentrequirementon theon-chip
DAC.

For on-chipresponseanalysis,previousworksin [6, 8] rely
onaccurateanalogreferencevoltages,which is eitherfrom ex-
ternalsourcesor on-chipcircuitry, to compareagainstthesig-
nal to be analyzed.Although on-chip referencevoltagesare
preferredas a BIST solution, they are vulnerableto process
variation,andtheir inaccuracieshavedirectimpactonthemea-
surementquality. We resolve this problemby first converting
theanalogsignalsinto one-bitdigital streamsby aone-bit

���
encoder, andthenemploysdigital signalprocessingtechniques



digital
bit

streams

DAC LPF

an
al

og
 s

w
itc

h

CUT comb

multiply
& add

data for
DC analysis

data for
AC analysis

BIST control logic

CUT an
al

og
 s

w
itc

h

1-bit 
encoder

Sig

Ref

pass

sig_sel

cut_sel
Ref

from "digital
bit streams"

comb_ctrl
dsp_ctrl

to "multiply & add"

Fig. 1. TheBIST architecture

to extractthedesiredinformation.Themainadvantagesof this
approachinclude� The proposedschemeis more immunefrom analogim-

perfectionbecausetheoversamplingone-bit
���

encoder
relaxestheneedfor preciseanalogcircuit byusingamuch
higher samplingfrequency than the Nyquist frequency,
and,in its simplestform, theencodercanbeconstructed
with anintegratorandacomparator.� Sophisticateddigital processingtechniques,if allowed,
canbeusedto furtherincreasethemeasurementquality.

For digital signal processing,we focus on (1) the measure-
mentof DC signalvalue,and(2) thediscreteFouriertransform
for AC analysis(theoutputsof the discreteFourier transform
allow oneto derive AC information like frequency response,
SNR,gain,etc.) We usethe combfilter, which is simpleand
widely employedin signalprocessing,for DC measurements,
andanalyzethe requiredtestingtime to arrive at the desired
accuracy. We also proposea DfT approachthat can further
reducethe testingtime. For AC measurement,we investigate
the tradeoff amonghardware,testingtime, andmeasurement
errors for discreteFourier transform. A seriesof numerical
simulation is conductedto validateour idea—thefrequency
spectrumof amulti-tonesignalis computedandtheamplitude
errorsrangefrom 0.02to 0.06dB.

This paperis organizedasfollows. We will first show the
overall BIST architecturein SectionII. Then,techniquesand
issuesof stimulusgenerationand responseanalysisare dis-
cussedin SectionIII andIV, respectively. Finally, weconclude
thework in SectionV.

I I . THE BIST ARCHITECTURE

Fig. 1 depictstheproposedBIST architecture.Therequired
BIST circuitry includesstimulus generator(the left shaded
box), the BIST control logic, the signalprocessingunit (the
right shadedbox), and the analogswitchessurroundingthe
CUT’s.

digital bit streams The source that provides digital bit
streamsfor stimulusgeneration( ����� ) andresponseanal-
ysis ( 	�
� ). In practice,this canbe implementedby on-
chip storage,digital signalprocessingunit, or is simply

the interfaceto externaldigital streamsources. ����� ��
�
selectsthedesiredbit streamsdependingon the applica-
tion andwill bediscussedlatter.

DAC A low-resolutionDAC that convertsdigital bit streams
to discrete,continuousanalogsignals. It canbe shared
with anon-chipDAC (usingonly a few of its outputlev-
els) or could be dedicatedBIST circuitry if no on-chip
DAC is available.

LPF An analoglow passfilter that removesthe modulation
noisein the DAC outputandthusrestoresthe teststim-
uli. WhentestingtheBIST structure,������ maybesetto
active to bypassthefilter.

1-bit
���

encoder An A/D converter that encodesits input
analogsignal into a one-bit digital bit stream. The en-
coder, often usedin modernADC’s, canbe from an on-
chip ADC or is implementedasdedicatedBIST circuitry
if not available.

comb A digital comb filter that realizesthe integrate-and-
dump function. When suppliedwith input sequence���
at samplingrate ��� , the outputsequence��� of the comb
filter occurringat ���! "���$#�% is definedby

�&�' (% �)�+*-,.�0/1��23�+*4,65 ��� (1)

where % is the decimationfactor of the comb filter.
Its control signals 7�89;: 7=<?>�� include (1) the decima-
tion factor % , (2) 7$89@: >�
���
+< which initializes its in-
ternal storageelementsto zero, (3) 7$89;: A4
�� which,
when activated,inverts its input bit stream,and (4) the7$89@: 
+A4��:=�B
 signal.

multiply & add Consistingof digital circuits that realizethe
multiply-and-addfunctionfor discreteFouriertransform.
The CD�E� 7=<?>�� control signal consistsof (1) CD�E� >�
��+
�<
which resetsits internal storage,and (2) CD�F� 
+A4�D:$�B

which enablestheunit. The”multiply & add” block can
beimplementedin softwareusingon-chipprocessorcore.

The necessaryareaoverheadof the proposedschemeis the
BIST control logic andtheanalogswitchesthatselectthecir-
cuit to be tested.Most of the otherBIST resourcesarecom-
monly foundin modernmixed-signaldesigns.



I I I . STIMULUS GENERATION AND TESTING THE BIST
STRUCTURE

A discussionon the generationof
���

modulatedsingleor
multi-bit streamsfor band-limitedsignalscanbefoundin [10].
Thebasicideais asfollows: First, thedesiredanalogsignalis
appliedto asoftware

���
encoderandaselectedportionof the

encoder’soutputis stored.Then,to restoretheoriginal signal,
thestoredportionis appliedperiodicallyto aDAC followedby
a low-passfilter to remove the modulationnoise. Depending
on theavailableon-chipDAC, thesoftwareencodergenerates
eithersingleor multi-bit digital streams.Although multi-bit
streamsarefavoredfor their higherin-bandSNR,that theen-
codershouldbe configuredto usethe DAC’s real (insteadof
the ideal) transferfunctionto ensurethequalityof therestored
signalmakesit difficult for BIST applicationbecausethe on-
chip responseanalyzercannotbe validatedwithout a reliable
signalsource!

AssumethattheDAC cangenerateat leasttwo reliableout-
put levels.Thecombinedprocedurefor measuringthetransfer
functionof thelow-resolutionDACandtestingtheanalogparts
of theBIST structure(digital partscanbetestedwith standard
digital testingapproaches)consistsof thefollowing steps:

Pre-processing The software encoderis configuredto use
only two outputlevelsof the DAC andgeneratesthe re-
quiredwaveformsfor testingtheon-chipone-bit

���
en-

coder.
Testing the 1-bit

���
modulator First, ������ and 7=G�< �+
� are

set suchthat the DAC output is directedto the
���

en-
coderwithout passingLPF andany CUT. Then,onecan
applythedesiredteststimuli to validatetheencoder. Note
thatLPFcanbeby-passedheredueto thelow-passnature
of theencoder.

Testing the LPF The digital bit streamsfor testingthe LPF
areselectedandbypasstheCUT’s. Theoutputsarethen
analyzedto validatetheLPF.

Characterizing the DAC Eachtime,a fixeddigital patternis
appliedto theDAC andthecorrespondingoutputlevel is
measured.

Stimulus generation Thetransferfunctionof theDACis then
incorporatedinto thesoftwareencoderto generatethede-
siredmulti-bit

���
encodedstreamsfor testingtheCUT’s.

IV. RESPONSE ANALYSIS

In this section,we will discusshow to usea first-orderone-
bit
���

encoderto convert analogsignalsinto digital single-
bit streamsandhow to extract from thesestreamsvariousDC
andAC characteristics.Higher orderencodersin generalex-
hibit betterperformanceatthepriceof reduceddynamicrange.
Fig. 2(a)showstheblockdiagramof afirst-order

���
encoder,

and Fig. 2(b) is its correspondingdiscrete-timemodel. Our
analysisis basedon thediscrete-timemodelwhich canbede-
scribedby thedifferenceequationsG �  
 �H*4,JI G �B*-,
 �  � �1KML!N G �PO

Z-1 Q
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Fig. 2. Thesingle-loopQ-R encoder

where � � is the discretetime sampleof the encoderinput at
samplingrate � � , G � is thestateof theencoderandthebinary
quantizeris definedby

LSN G ��O  UT I :VWG �YX[ZK :VWG �Y\[Z
Note that thequantizeroutputs I : and K : correspondto the

encoderoutputs1 and0, respectively.
To extract either DC or AC information of the original

signal, a digital comb (or integrate-and-dump)filter is em-
ployedto attenuatethemodulationnoisein thesingle-bitdig-
ital streamfrom the encoder. The combfilter is describedby
Eq. 1 andis consideredherebecauseof its simplicity (canbe
implementedwith an up/down counteranda register.) Note
that the decimationfactor % must satisfy the requirement���^]_�a` ( ���b c���$#�% and �a` is the Nyquist frequency of
theinput data.)

A. DC measurements

Whentheencoderis suppliedwith ananalogDC signal dfeg K :V I :ih andtheencoder’s initial stateG�j lies in
g d K :VEd I :ih

(the index 0 correspondsto whenthe combfilter is enabled,)
theDC valuedecodedby thecombfilter iskdl (% ��*-,. �0/ j L!N G�� O V
andtheerroris boundedby ([12])m kd K d mDnUo :% (2)

Since � `  Z for DC signal, thereis no upperlimit on % ;
therefore,the desiredmeasurementaccuracy, representedby
themaximallyallowederror p , canbeachievedby choosing%
suchthat % XUq o :�#�pFr (3)

Note that Eq. 3 is valid whenboth dse g K :V I :ih and G j eg d K :VEd I :ih aresatisfied. Although the former canalways
be achieved by limiting the input range,one in generalhas
no control over the latter. In the following, we show how to
determinewhetherG j e g d K :VFd I :ih is trueby observingthe
digital outputsequenceof theencoder.

Let’s first summarizetheoperationof the
���

encoderwith
DC input d :

G��1 T G �B*-,YI d K :VtG �H*4,uXvZG �B*-,YI d I :VtG �H*4,u\vZ
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Fig. 3. Numericalresultsfor DC measurements

OnceG lies in
g d K :VFd I :ih , all thesucceedingG � ’s will lie ing d K :VFd I :ih , too ([12]). Furthermore,it canbeshown that

Lemma 1 If L!N Gw� O and L!N G��3xy, O havedifferent signs, thenG{z�e g d K :�VFd I :ih&|�} X � I ( .
proof: When Gw� \vZ and Gw�0xy, X!Z , onehasZ n G��3xy,~ �G�� IsN d I : O�\ d I :
andwhen Gw� XvZ and Gw�0xy, \!Z , onehasZ ][G��3xy,~ �G�� IsN d K : O�X d K :
In eithercase,theclaim is true.

Basedon Lemma1, the accuracy shown in Eq. 2 can be
achieved if one enablesthe comb filter after a sign change
(from 1 to 0 or 0 to 1) of theencoderoutputis observed. This
canbecontrolledby theBIST controllogic and 7$89;: 7=<?>�� sig-
nal (Fig. 1).

Theabovemethodassumesnocontrolovertheinternalstate
of the1-bit

���
encoder. In fact,a betterperformancecanbe

achievedif theencoderhastheDfT featurethatallows oneto
set its stateto desiredvalues.A moredetaileddescriptionof
themodulationerroris ([12])

d K kdl o :% NF���uI %f�y� KM�&O
where �  N G j I : K d O # o : , �� N : I d O # o : , and � >�� denotes> mod

(
, that is, thefractionalpartof > . By choosingG j  �d ,

onehas�  ( # o and m d K kd mDn :�#�% (4)

which, comparedto Eq. 2, standsfor half theerror, or equiv-
alently, half the testingtime for a given p . Theblock diagram
of the encoder(Fig. 2(a)) indicatesthat this is equivalent to
settingthe stateof the integrator to be the sameasthe input
value.Notethat in this case,onedoesnot have to wait for the
encoder’soutputchangeto enablethecombfilter.

A.1 TheDC measurementprocedure

The procedurefor measuringa DC value d consistsof the
following steps:

1. Compute% accordingto Eq. 2 or Eq. 4 dependingon if
onecancontrolthevalueof theencoder’s internalstate.

2. Set ����� �+
� to selectthedigital bit streamfor thedesired
teststimulus.

3. Set 7=G�< �+
� to selecttheCUT.
4. Resetthecombfilter’s storageto zero.
5. Enablethecombfilter uponthedetectionof thefirst sign

changeof theencoderoutputor afteronesetstheinternal
stateof theencoderto d .

6. Theestimationof d is at theoutputof thecombfilter after% cycles.

To measurethedifferencebetweentwo DC values,say d�, andd�� , which is usuallyusedin statictestsfor DAC’s, the above
procedureis executedtwice. Notethat,in thesecondrunwhend�� is applied,we skip the fourth stepandset the 7�89;: A4
��
controlsignalto invert thefilter’s inputandthusobtain d ,1K d��
afteranother% cycles.

A.2 Numericalsimulation

In Fig. 3, we show the numericalresultsfor DC measure-
mentswith thesettings:� (

and p� Z{� Z�Z ( for different d ’s
(
m d m \ ( ). Thehorizontalandverticalaxesrepresenttheinput

value d andthemeasurementerror
kd K d , respectively, andthe

two horizontaldashedlines correspondto �'p . The solid line
correspondsto ”wait” for thesignchange( %� o :�#�p� o ZaZ�Z ),
andthedottedline correspondsto ”preset” thestateof the in-
tegratorto d ( %� ":�#�p� ( ZaZaZ ). In the”wait” experiment,the
encoder’s initial stateis a randomvariablebetweenK o : andI o : . It canbeseenthatbothmethodsaccomplishthedesired
accuracy; however, the ”preset” techniquerequiresonly half
thetestingtime.

B. AC measurements

For AC signalmeasurements,we focuson theefficient im-
plementationof thediscreteFouriertransform.Thefrequency
spectrumof the AC signalcanbe built with multiple runsof
discreteFourier transform,andonecanderive otherAC char-
acteristicse.g.,gainandSNR,from theknowledgeof thefre-
quency spectrum. In the following analysis,we assumethat
theprincipleof coherentsampling[13] is followed.

Let d � , 7 � , � � ( �~ Z V ( V ����� VE� K ( ) bethesignalto beana-
lyzed,thereferencesineandcosinesignals(atfrequency � and
unity amplitude),respectively. ( d�� , 7�� , ��� aresampledat the
samerate ��� .) Thenthesignalamplitudeof d at �� ��{��� (de-
notedby d N � O ), where�+�� s�a�$#=� and �S Z V ( V ����� VE�f# o K ( ,
canbeobtainedwith two runsof crosscorrelation:

da�?`i�� o�W� *4,. �3/ j d���7$� (5)

d �6�0�  o� � *4,. �3/ j d � � � (6)

followedby d N � O  �� d ��?`E� I d ��?�3� (7)

In our BIST scheme,d�� correspondsto the output of the
combfilter, while 7$� and �+� arestoredin “digital bit streams”.



TABLE I
FIND THE BEST DECIMATION FACTOR����F�

1 2 4 8 16 32 64�$�&�B  -0.0015 -0.0052 -0.0010 -0.0002 -0.0001 -0.0001 -0.0005�$�&��� -0.0126 -0.0184 -0.0060 -0.0014 -0.0006 -0.0008 -0.0025�$�&�B¡ 0.0053 -0.0247 -0.0003 -0.0029 -0.0016 -0.0030 -0.0093�$�a¢ 0.0643 -0.0032 -0.0066 -0.0011 -0.0036 -0.0096 -0.0360�$�a£ 0.0492 0.0289 0.0115 0.0035 -0.0055 -0.0364 -0.1217
average 0.0266 0.0161 0.0051 0.0018 0.0023 0.0100 0.0340

When % is setto one,thecombfilter is not functioning(or
bypassed.)Eq. 5–6canbe realizedwith an adder(the output
bit streamof the

���
modulatorhasonly two levels.)However,

sincetheun-filteredbit streamstill carriesout-of-bandmodu-
lationnoise,theamplituderesolutionof 7$� and �+� mustbehigh
enough,e.g.,12-bit or floatingpoint precision,to ensurehigh
quality measurement(shown later.)

When % is other than one, the comb filter will attenuate
theout-of-bandmodulationnoiseandthusrelaxestheaccuracy
requirementon 7$� and �+� . However, caremustbe takenwhen
selecting% . Thespectraldensityof themodulationnoiseof a���

encoderoutputmaybeexpressedby� N � O  o 
¤E¥~�=¦ o�§ ���PA NB¨ � § O
where 
 �¤i¥��  ©: � #�ª and §  ( #�� � . Thetransferfunctionof a
combfilter with decimationfactor % is« N � O  ���PA47 N¬¨ �w% § O���PA47 NH¨ � § O (8)

Thus,the total noisepower at the outputof the combfilter is
then  � � � �j m � N � O « N � O m � C?�; ¯® : �ª�% � (9)

Eq. 9 statesthat thenoisepower decreaseswith increased% ;
however, larger % also increasesthe unwantedsideeffect of
attenuatingthein-bandsignal.

The bestdecimationfactor can be obtainedvia numerical
simulation:For example,let �° ® Za±�² , :u (

, andthesignal
bandbe from DC to ���$# o ¤ ( >³ µ´ in this exampleand ��� is
thesamplingfrequency.) We useEq. 5–7 to computetheam-
plitudeerrorof sinusoidalsinewaveswith amplitudeZ¶�¸· : for
different % ’s ( %� ( correspondsto nofiltering atall) andthe
resultsareshown in TableI. The first row is the decimation
factorup to o�¹ (larger % ’swill attenuatethein-bandsignaltoo
muchto be acceptable.)The first columncorrespondsto the
signal frequencies.Becausethe comb filter tendsto attenu-
atehigh-frequency signalsmorethanlow-frequency ones,the
lowestfrequency weuseis ���$# o ¤$*�º . Thebottomrow is theav-
erageof theabsoluteamplitudeerror for each% , andwe find
thatin average%� s´ is thebestchoice.

B.1 TheAC measurementprocedure

The procedurefor applyingdiscreteFourier transformto a
sampledsequenced�� ( �Y Z V ( V ����� VE� K ( ) to obtainits signal
amplitudeat � is:

1. Set % to one or usethe above methodto find the best
choiceof % .

2. Set 7=G�< �+
� to selecttheCUT.
3. Set”sig sel” suchthat ����� is thedesireddigital bit stream

for theteststimulus,and 	�
�� thedigital bit streamof the
referencecosinewaveat frequency � .

4. Resetthecontentsof ”multiply & add” to zero.
5. Enable”multiply & add”andexecuteEq.5.
6. Sameas3, exceptthat 	�
�� is thereferencesinewave.
7. Enable”multiply & add”andexecuteEq.6.
8. ExecuteEq.7.

Since � , thelengthof thesequenceto beanalyzed,is known,
onecanreduceEq.5 and6 to sumof productwhichcanbeper-
formedby ”multiply & add”(the o #=� factorinsteadappearsin
theacceptablerange.)Also, in mostapplicationswheresignal
power is of interest,the squareroot operationin Eq. 7 is not
needed.

To computethegainof theCUT, onerunof discreteFourier
transformat thesignalfrequency is sufficient. For gaintrack-
ing, thesignalpowerwithin thesignalbandof interestis com-
putedwith multiple runs of discreteFourier transform. For
SNRcalculation,sumof thenoisepower in thesignalbandis
obtainedwith multiple runsof discreteFouriertransform(note
thatthe”multiply & add” is resetonly at thefirst run.)

B.2 Numericalsimulation

Using the samesetupas the previous example, we con-
duct the following simulationsto validatethe responseanal-
ysisscheme.Thetestsignalweusecontainsthreetones—»�� � ,(a( � � , and

( ª&� � , where � �  ¼� � # ® Z�±a² .
In Fig. 4, we comparethe the spectracorrespondingto the

“original” signaland
���

modulatedsignal(denotedby“limit”
becausethis is the bestonecanobtain.) The horizontalaxis
is the frequency normalizedby � � , andtheverticalaxis is the
signal amplitudein dB. One can seethat after the signal is
modulatedby the

���
modulator, the noisefloor rises. The

noisefloor canbeloweredby increasingthesamplingrate ��� .
In Fig. 5, thespectraobtainedusingdifferentcombinations

of % and 7 � , � � areshown. Thesetup“limit” is thesameasthat
in Fig. 4), andis shown herefor comparisonpurpose.For all
theotherconfigurations,thesetupis asfollows:� Thesignalto beanalyzedis modulatedby the

���
modu-

lator into 1-bit stream.� In the “D=8” experiment,the sineandcosinereference
signalsare modulatedby the software

���
modulator.

Combfilters with decimationfactor %� "´ areemployed
to remove theout-of-bandmodulationnoisefor all three
modulatedsignals.� In theexperiments“8-bit”, “12-bit”, “16-bit”, and“float”,
the combfilter is bypassed(by setting %^ (

), andthe
referencesignalsarestoredas8, 12, 16 bit integersor as
floating point numbers(without beingmodulatedby the���

modulator.)



For all the configurations,the amplitudeerrorsfor the three
signaltones(thethreespikesin thespectrum)aresmallwith a
maximumof 0.062dB.However, the “D=8” configurationre-
sultsin thehighestnoisefloor.

In termsof the requiredhardware, the configurations“8-
bit”–”float” canberealizedwith anadderableto performthe
addition/subtractionat the speed� � , and o � samplesof the
referencesignalsarerequired,which correspondsto

( ² � bits
for the “8-bit” configuration. On the otherhand,the “D=8”
configurationneedsa 4-bit multiplier andanadderrunningat
a lower speed���$#�´ . o �S#�% samplesof the referencesignals
mustbestored,which correspondsto �f# ® bits. Thechoiceof
configurationdependson theavailablehardwareresource,the
allowedareaoverhead,andtherequiredtestaccuracy.
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Fig. 4. Frequency spectraof theoriginalandmodulatedsignals.
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Fig. 5. Numericalresultsfor AC measurements

V. CONCLUSION

We proposea
���

modulation basedBIST schemefor
mixed-signalSOC’s. For stimulusgeneration,anon-chipself-
calibrationmethodis presented.For DC valuemeasurement,
we provide methodsto achieve any desiredlevel of measure-
mentaccuracy, andfor AC analysis,we analyzetheaccuracy
correspondingto differentfrequencies,anddecimationratios.
The resultsare validatedby numericalsimulation. We will
further investigateon improving theperformanceof our tech-
niques,andvalidateour ideaswith hardwareimplementation.
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