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COVPENSATI NG FOR HARMONI C DI STORTI ON I N AN | NSTRUVENT
CHANNEL TECHNI CAL FI ELD This patent application

W0 200a0gR6general |y to conpensating for harnoni BCT/US2007/089031

distortion in test and neasurenent instrunentation,
such as automatic test equi pnment (ATE). BACKGROUND
Aut omatic test equi pnent (ATE) refers to an automated,
usual |y conputer-driven, systemfor testing devices,
such as sem conductors, electronic circuits, and
printed circuit board assenblies. A device tested by
ATE i s ref &OMBENSALING KR HARMONC REBJIORTION INATE
typically includes ANIORPRUMENYSTRANNEY a testing
device or a single device having correspondi ng
functionality. ATE is capable of providing signals to
a DUT via its source channels. Capture channels

receive signals from thgddh@qdrfkeprard t hose signal s
for processing to determ ne whether the DUT neets

testi nﬂu%dt fa;i);ﬁi@‘ét'io@\r}l?late AR Go %nﬁ}eggagké’ﬂ)r haxmomc distortion

signific mts the dynanfc ra current

9RNES: Qﬁd B&S&Eﬁehﬂﬁ &H{EEQP&; 's@Jl]x asa A\&'tg}ngmc %stqﬁ?xpment éATEQ/ o

conmruni cat 1 ons, W reless systens are a
to harnonic dlstortlon as is manifest in stringent
total harnonic distortion (THD) spurious free dynam c
range (SFDR), and adjac %gﬂﬁquomer rati o (ACPR)
speci fications on devices ose markets. Across

the f rxguqome?tccytesﬁ %El%;tngg rP(A"I'IE) rg}ersqo an automated, usually computer-driven,
system for testing devices, such as semiconductors, electronic circuits, and printed circuit
board assemblies. A device tested by ATE is referred to as a device under test (DUT).
ATE typically includes a computer system and a testing device or a single device
having corresponding functionality. ATE is capable of providing signals to a DUT via its
source channels. Capture channels receive signals from the DUT and forward those
signals for processing to determine whether the DUT meets testing qualifications.
Harmonic distortion significantly limits the dynamic range of current generation
ATE instrumentation. Audio, video, communications, and wireless systems are all
sensitive to harmonic distortion, as is manifest in stringent total harmonic distortion
(THD), spurious free dynamic range (SFDR), and adjacent channel power ratio (ACPR)
specifications on devices for those markets. Across the frequency spectrum, from audio
to very high frequency (VHF), instrument harmonic levels are typically more than 10
decibels (dB) higher than non-harmonic spurious signals. ATE users often determine that
production tests of device AC (alternating current) linearity are limited by capabilities of

their ATE instrumentation, particularly the harmonic distortion.
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to very high frequency (VHF), instrunment harnonic
| evels are typically nore than 10 deci bels (dB) higher

W@ b@s/og2e9 har noni ¢ spurious signals. ATE user sPOf/US2007/089031

determ ne that production tests of device AC
(alternating current) linearity are limted by
capabilities of their ATE instrunentation,

particularly the harnonic distortion. SUWARY Thi s

pat ent application describes nethods and apparat us,

i ncl udi ng conputer program products, for reducing
harnmoni ¢ distortion in an instrunment channel of a
device, including, but not limted to, ATE. In

general , this patent applidaHMARYescri bes an
apparatus conprised of circuitry configured to pass a
si gnal Thinpaewthapiveliorodestrites mpthadadndsppands, irehwling computer
configured to store a first |look-up table (LUT) and a
semgrith productsT fte rédut B hhtbnicsdigaridn gLandasttutmept diunm@bota device,
first correction value based on a first version of the
Sirf@Rdling, Whabeihiel thjABE. correction value is for use in
correcting static non-linearity associated with the

channein.geddifl, BCARA dgglicdtdn @eRbib&nPpdrAuPEMPrel & circuitry
second correctlon val ue based on a second version of

t BEnfBLBA pasVh SiRal iDL IRBRARIHE AP pBRh], AR MEhHS cbﬁﬁgu%d to store

use I n correctlng dynanlc non- Ilnearlty associ at ed

W Gt aR-uphadgluT) Bh@h t@bndL O rhPHAEESS 'lﬁ&nhg’&b& tol ptovide a
configured to use’'the first correction val ue,

Sﬁ&@%e@%ﬂ \%@\Ie' HabkedVe C?Lﬁst \%ﬁgo Jf %‘le%ll Al lwhlex@ i I‘iertr coI'r ctlon value

conpensate har noni ¢ stortion fro t Ae chan

Q?J\QE Heed Xtu%j s%a(?lc %Bm%éa‘?l‘?y K8&idld Wi Ge Qﬁanﬁ‘xge The second LUT

foll ow ng
is configured to provide a second correction value based on a second version of the

signal, where the second correction value is for use in correcting dynamic non-linearity
| associated with the channel. Digital signal processing logic is configured to use the first
correction value, the second correction value, and the signal in order to compensate
harmonic distortion from the channel. The apparatus may also comprise one or more of
the following features.

The apparatus may include a phase shift circuit for shifting a phase of the signal to
produce the second version of the signal. The phase shift circuit may comprise a Hilbert
filter, and shifting may comprise shifting a phase of the signal by about 90°. The
circuitry, the memory, and the logic may comprise parts of a capture channel of automatic
test equipment (ATE). The capture channel may be for receiving signals from a device
under test (DUT). The circuitry, the memory, and the logic may comprise parts of a

source channel of the ATE. The source channel may be for providing signals to the DUT.
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The apparatus may include a phase shift circuit for
shifting a phase of the signal to produce the second

wa erogiogazeof the signal. The phase shift circui BCHH§2007/089031

conprise a Hubert filter, and shifting may conprise
shifting a phase of the signal by about 90. The
circuitry, the nenory, and the |ogic nay conprise
parts of a capture channel of automatic test equi prment
(ATE). The capture channel may be for receiving
signals froma device under test (DUT). The circuitry,
t he nefbe yirst &b ndyeonpgscplnml/ fisormprettsa vphies, svhath age for use in
source channel of the ATE. The source channel may be

f aorrprtmy ifoh anfgsiSi aradosics causduebyDbH stdtivenointlimsadrity. UThanglyral first
conprise plural first correction values, which are for
userredtioa etlnes Hix)gmbpeonsprise:r st N har noni cs caused by
the static non-linearity. The plural first correction
val ues, di(x), may conprise: N =2 where Hn is a
nagnltude of an nth harnonic, gqnis a phase of the n
harnmonic, x is V. Of s 'y t he
channel, and f |Q§?ng§gﬂag%¥§T g)faﬁdgﬁgata "si gnal
that produces harnonics. The plural first correction
val ues may be configured for correcting aliased

hayHIRIH.CiS a nﬂi@ﬁﬁd@i@ PR £ haifbdic/ BF. i a pHASoHid B HdRfonic, x is a
n

where f mins =nf nod- , with o corresponding to an
NisBnBle V16E o' RGN inGhe SalndTSand ¢ is the phase of a fundamental signal that

produces harmonics. The plural first correction values may be configured for correcting

aliased harmonics. Furthermore,

Hn = ‘H(fna/ias) L]
9:1 = ZH(—f;mlia.s)

Fs . . . .
where f, . = nf, mod—z— , with nfy corresponding to an n™ direct harmonic, and Fs

corresponding to the sampling clock frequency of the channel. Alternatively,

H = ’H(fnalia:)
6, =-LH(f,

alms

Fs

Fs . . . .
where f, . = 5 nf, mod~2£ , with nfy corresponding to an n™ direct harmonic, and Fs

alias

corresponding to the sampling clock frequency of the channel.
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corresponding to the sanpling clock frequency of the
channel. Alternatively, gn= H(fnmhas ) where f nhas =

WmmRooBHsaté9 , with nfo corresponding to an nlh dp€BUTS2007/089031

har moni ¢, and Fs corresponding to the sanpling clock
frequency of the channel.The second LUT may conprise

pl ural second correction values, which are for use in
correcting for a first N harnonics caused by the

dynam c non-linearity. The plural second correction
values, d (x), may conprise: Nd Qc - Hn -s ( - nf)

- Si n{ n The bexohK)LYT magzdmphierpurhinse¢ sd@oregioh valdes, @hichare for use
n'h harnonic, gqn is a phase of the n harnonic, x is a

Safpbeecynd fv@ a Gikst Al Itingoidts dalisell b tehBAaRIc nodNidledrity. STHeural
phase of a fundanental signal that produces harnonics.

Thecanacometibh tatesC@JXE Ml ompkues may be confi gured
for correcting aliased harnonics. Furthernore, where f
mh s =nf Onpd- , with nfo corresponding to an nth
direct harnonic, and Fs

dy(x)= ~i H, -sin(8, — ng)-sin(n-sin”"' (x)),

where H, is a magnitude of an n'® harmonic, 8, is a phase of the n® harmonic, X is a
sample value of a signal in the channel, and ¢ is the phase of a fundamental signal that
produces harmonics. The second first correction values may be configured for correcting

aliased harmonics. Furthermore,

Hn = IH(fnaliaJ),
O, = LH(fratos)
FS . . th ¢ .
where f, . . =nf, modT , with nfy corresponding to ann™ direct harmonic, and Fs

corresponding to the sampling clock frequency of the channel. Alternatively,

H, =|H(fy,)]
871 = ‘AH(fnah‘ns)

F. Fs . . . .
where f, . = 7s - nf, mod—2i , with nf, corresponding to an n™ direct harmonic, and Fs

corresponding to the sampling clock frequency of the channel.
The apparatus may comprise a switchable filter bank in the channel. The

switchable filter bank may comprise one or more filters that are switchable into, or out of,
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corresponding to the sanpling clock frequency of the
channel. Alternatively, gn=-ZH(frmhas ) Fs Fs where f

Wmm20v8981269 Onod- , with nfo correspondi ng to anP@il/US2007/089031

direct harnonic, and Fs corresponding to the sanpling
cl ock frequency of the channel. The apparatus may
conprise a swtchable filter bank in the channel. The
switchable filter bank nay conprise one or nore
filters that are switchable into, or out of,the
channel . The one or nore filters may be configured to
C erpansal eTheohe b6 il ©rsthStharcbhfiurddre odhpersa6 &t hedmonic
The logic nmay conprise circuitry to conbine the first
C @fsfoRedni f¥in M@ lchindiN Arhe My i SAgPEEnERE EiRfilthOD cYRbiae tHeGirst
produce a sum and to subtract the sumfromthe

St&nRlion $4MeS BB Ynd REVHAIOBediBE vRIaE Pbduceh St dhll @subkhl® the
apparatus may be one of automatic test equi pnent

( Mk romahdatal, GRAME b Rling iChbinhoni@ dRioBRA! THE BSJafnR may be one
and a spectrum analyzer. I n general, this patent

agpzluit&@dttiic Qdd¢ uﬁn&?ﬁ&fﬂ)?@&at&%v%er RS, a siﬂlag I§ener tor, and a

machi ne-readabl'e medi a conprising instruc s that

ag ?%ﬁﬁ&h | e to generate correction values that are
u§§ﬁ eto %%npensate for harnmonic distortion in a

h ' . ' : ' .
o A T WISHRASKL R 20 e
' for i.n_correctin

first correct.ion val u st at i
e R st eI eRmi o pgtes hacare
re ion.val ues

iQ§§e¥nqpte L9 gt th .é&.gt.co rec{0 n. Hﬂea

£ PPl Ryt B Mmp R FtarioAshgpiet of 3 instument
instructions are for causing one or more processing devices to generate first correction
values for use in correcting static non-linearity associated with the channel of the
instrument, to store the first correction values in a first look-up table (LUT) in memory, to
generate second correction values for use in correcting dynamic non-linearity associated
with the channel of the instrument, and to store the second correction values in a second
LUT in memory. The machine-readable medium/media may also comprise one or more
of the foregoing, or the following, features.

The first correction values may be for use in correcting for a first N harmonics

caused by the static non-linearity. The first correction values, di(x), may comprise:

d,(x)= if{n -cos(8, — ng) - cos(n - cos™' (x)),

n=2

where H, is a magnitude of an n"™ harmonic, 8, is a phase of the n™ harmonic, x is a

sample value of a signal in the channel, and ¢ is a phase of a fundamental signal that
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generate second correction values for use in
correcting dynamc non-linearity associated with the

W@ b@angd26of the instrument, and to store the SPCDE82007/089031
correction values in a second LUT in nenory. The
machi ne-r eadabl e nmedi uni nedi a may al so conpri se one or
nore of the foregoing, or the follow ng, features. The
first correction values may be for use in correcting
for a first N harnonics caused by the static
non-linearity. The first correction values, di(x), may
¢ pnpluc sdtarmlonidsx )Whenahsise, ¢, offthe fhaddnencd Sigl4l 4y Jerq, the first
where Hn is a magnitude of an nth harnonic, nis a
plagectoh vilbes, 8,(hanapeonprisk 1S a sanpl e value of a
signal in the channel, and f is a phase of a
fundanent al signal thatproduces harnonics. Wen the
phase, f, of the fundanental signal is zero, the first
correction val ues { ( _ ) S -qgj (x) = Hn
Cos( ) cos(/ cos-dé?& Qfﬁqﬁéw???§¥h€%?r g%ion val ues
may be configured for correcting aliased harnonics. |If
a direct harnonic occurs in an odd Nyqui st zone of a

sanmpl i MHe filsP&rectiddORN A bE cdHfBlred fotcoRedg aliasedhdrfhonics. If
nfo corresponding to an nth direct harnonic, and Fs

C QI8 MAMHNRTockGrs n AYSHINYquist SAE SIS Yanfbing Elotk, 8KkaM t h

the signal. If the direct harnmonic occursS in an even
Nyqui st zone of the sanpling clock, then , Fs , Fs
where f mlws =- - nf O nody . The second correction

val ues may be for use in gor ing for a first N
har noni cs ]9 ‘Tﬁ(cfmﬂ“
9" = éH(fnalia:)

where f,

alias

Fs . . : .
= nf, mod—z— , with nf, corresponding to an n™ direct harmonic, and Fs

corresponding to a Nyquist frequency associated with the signal. If the direct harmonic

occurs in an even Nyquist zone of the sampling clock, then

H, =|H(/ uis)
9" = _.AH(fnaliaJ)

Fs

where f, . = —F—zi - nf, mod—z— .

lias

The second correction values may be for use in correcting for a first N harmonics

caused by the dynamic non-linearity. The second correction values, dg(x), may comprise:

dy(x) ==Y H, -sin(@, - ng)-sin(n - sin™(x)),
n=2
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caused by the dynam c non-linearity. The second
correction values, OQ X), may conprise: d Qc ) = n

W@ eg08/083269 -sin(n -sin i(x)) , n=2where Hn is BCT/US2007/089031

magni tude of an n! harnonic, gn is a phase of the n
harnmonic, x is a sanple value of a signal in the
channel, and f is a phase of a fundanental signal that
produces harnoni cs. Wen a phase, f, of the
fundanmental signal is zero, the second correction

val ues, d<}(x), may conprl se: The second correct| on
v&l*@@éinrmy nhenitdnbi gur Bhrhoric,do rvagdaseny tad n Usmedonic, x is a
harmonics. If a direct harnonic occurs in an odd
Nyquple valzooia sddnabinsbagilanimd aold @dka plidseof Hunteteatal signal fhat
mhas = nf O nod - , with nfo corresponding to an n
diprodates hamronivs C Whand phsse o ol ehs foridinegrall sogral dyerd] e second
frequency associated with the signal. If a direct
hasmaabiC vaes Ud®x)l Maptoreptes: Nyqui st zone of the
sanmpling clock, then , r Fs Fs where f nabm =g nf
Onobdy . The details of one or nore exanples are set
forth in the acconpanyi ng drawi ngs and the description
bel ow. Further f re S di;advant ages wi | |
become appar ent ?I%& Tﬁ;ﬁ gg@ét |"?(q ° tfjl};r aw ngs,

and the cl ai ms. DESCRI PTI ON OF THE DRAWNGS

The second correction values may be configured for correcting aliased harmonics.

If a direct harmonic occurs in an odd Nyquist zone of a sampling clock, then

= lH(fnah'as )I
9 ZH(f Im.r

where f,

nalias

Fs . . . .
=nf, mod—z—- , with nf; corresponding to an n" direct harmonic, and Fs

corresponding to a Nyquist frequency associated with the signal. If a direct harmonic

occurs in an even Nyquist zone of the sampling clock, then

Hn = lH(fnalia:)
Bn = —ZH(fnalia.r)

where f, . —I; - nf, mo dfzf-

The details of one or more examples are set forth in the accompanying drawings
and the description below. Further features, aspects, and advantages will become

apparent from the description, the drawings, and the claims.

-7-
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Fig. 1 is a block diagramof ATE for testing devices.
Fig. 2 is a block diagramof a tester used in the ATE

wo-@s/08269 s a bl ock di agram of a source channePCDUS100E089031

ATE. Fig. 3b is a block diagram of a capture channe

of the ATE. Fig. 4 is a block diagram of | ook-up
tabl es (LUTs) and associated circuitry used to
conpensate for harnonic distortion in the source and
capture channels of Figs. 3a and 3b, respectively.

Fig. 5a is a graph show ng a signal wth harnonic
distortion. Fig. 5b is a graph showng a reduction in
the harnmonic distortion follow ng correction using the
LUTs of Fig. 4. DBESCREDIONSURTAEIIMMWeNesring to Fig.
1, a system 10 for testing a device-under-test (DUT)

18, SUGH 185 a BloSR TaGRRMIOTIH fodl R¥iigdevicBC| udes a tester
12, such as automatic test equi pment (ATE) or other

si m | gfig agh bPk dRYIaGEOf a It AdNRkhet £ T 12, system
10 includes a conputer system 14 that interfaces with

t est erpid 3, QVLBloék NAEEWOE 8 sQRONGGAHePBr ROATHYPI Cal |y,
comput er system 14 sends conmands to tester 12 that

i ni tighig shhe, GRacHhiaR fh it RfR-AtthJAvictions for
testing DUT 18. Such executing test routines may

I nitighe ihgLRe T 1Rt lﬂgss(ﬂ. 58) 428 a¥ochd Lircyitry used to
si gnal sgtc; t Re %%Ql%lén an%mccs)l Fect r esjponses %r om t“ht(gy
Dcttj;lx_l‘lpf:nsate for harmonic distortion in the source and capture channels of Figs. 3a and 3b,
respectively.
Fig. 5a is a graph showing a signal with harmonic distortion.

Fig. 5b is a graph showing a reduction in the harmonic distortion following

correction using the LUTs of Fig. 4.

DETAILED DESCRIPTION

Referring to Fig. 1, a system 10 for testing a device-under-test (DUT) 18, such as
a semiconductor device, includes a tester 12, such as automatic test equipment (ATE) or
other similar testing device. To control tester 12, system 10 includes a computer system
14 that interfaces with tester 12 over a hardwire connection 16. Typically, computer
system 14 sends commands to tester 12 that initiate the execution of routines and
functions for testing DUT 18. Such executing test routines may initiate the generation
and transmission of test signals to the DUT 18 and collect responses from the DUT.
Various types of DUTs may be tested by system 10. For example, DUTs may be
semiconductor devices such as an integrated circuit (IC) chip (e.g., memory chip,

microprocessor, analog-to-digital converter, digital-to-analog converter, etc.).

-8-
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Various types of DUTs may be tested by system 10. For
exanpl e, DUTs may be sem conductor devices such as an

w0 paosgsreed circuit (1C chip (e.g., nmenory chP@I/US2007/089031

m croprocessor, anal og-to-digital converter,

digital -to-anal og converter, etc.).To provide test
signals and col |l ect responses fromthe DUT, tester 12
is connected to one or nore connector pins that
provide an interface for the internal circuitry of DUT
18 To test sone DUTs, e g , as many as sixty-four or

one humnel peelide \WBnsiyna® @b tolt@nRENINGs f{dBthé DIUTYRSR) | MBYonnected
be interfaced to tester 12 For illustrative purposes,

| o §il¥i o8 nR¥SETh&torPRI¥i tha? PEHVEde QR ilE¥icE EorltRsihRinal dirduiry of DUT
connected to one connector pin of DUT 18 via a

hag dy (8t CRIRMACEY 8. A MG -fodP ol Ehe BundrEBiN eBiy-diSht
connected to pm 22 and is used to deliver test signals

( Bortheetor Ykt (of fHore hADBL frterfBBed @3Ested19NBOSIuBhEve pdrSbstd) & this

internal” circuitry of DUT 18 Conductor 20 al so senses
S 'e%?dlé s@rﬁic@ddﬁct_%?dév%ert@s%?‘?@?Sec_oh%cwa% B@eséonﬁécgﬂ?%nsof DUT 18 via

provi ded by sem conductor device tester 12 For

e @g}ah@re cGnnéQidn Q\eco%htgé?cﬂj 20% . ggc ) rise{b'im&it&r{? bin%yang & used to

a
sensed at pm 2°in response a test signal a sent

ggggvefgggg%%gge, %%1@4@ tEs‘??ig]r?{l%% te SigfdlE 'ﬁ)é;f)it% Ith?i&t@m&%'cﬁitry of

1'so be p r me
R B oS AB hPL Pl
BT SOl B BTGRPl e
B BB HRESORE L Rl BB pcr 201
UL e oIS el Popanos, o el o gnal,
diin%iutd?c} inVDall,T’f"I ?S.OPOI%(JJID]DIC, tester 12 may provide test signals to other pins and
collect associated signals reflected back over conductors (that deliver the provided
signals). By collecting the reflected signals, the input impedance of the pins may be
characterized along with other single port testing quantities. In other test scenarios, a
digital signal may be sent over conductor 20 to pin 22 for storing a digital value on DUT
18. Once stored, DUT 18 may be accessed to retrieve and send the stored digital value
over conductor 20 to tester 12. The retrieved digital value may then be identified to
determine if the proper value was stored on DUT 18.
Along with performing one-port measurements, a two-port test may also be
performed by semiconductor device tester 12. For example, a test signal may be injected
over conductor 20 into pin 22 and a response signal may be collected from one or more

other pins of DUT 18. This response signal is provided to semiconductor device tester 12

to determine quantities, such as gain response, phase response, and other throughput

-9-
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18 Once stored, DUT 18 may be accessed to retrieve and
send the stored digital value over conductor 20 to

W@ e®B08324®2 The retrieved digital value may thePCDES2007/089031

identified to determne if the proper val ue was stored

on DUT 18 Along with perform ng one-port neasurenents,

a two-port test nay al so be perforned by sem conduct or
device tester 12 For exanple, a test signal nmay be

i njected over conductor 20 into pm 22 and a response
signal may be collected fromone or nore other pins of
Duicagi8eri¢nt quangisponse signal is provided to

sem conductor device tester 12 to determ ne

quant i Refesingsiloho 8. gab seridesp osiket tepgRpads frospouisgle camdctor
ot her throughput neasurenent quantities. Referring al so

t @idsiofla DRIT doomsRipt: DUTs)ca@hlientiudi@sdevist go@lt 52 htdas an interface
mul ti pl e connector pins of a DUT (or multiple DUTs),

S @#iid Q@ nighy CArdontheuticat: Wistshekerdud pirkC IFHSSmPIE, infdrRtd @6®24 may
card 24 that can communi cate wi th nunerous pins. For
eXxangmitestisithek taeg., 6ardl, &1 28e¥nstah@BSIEc corRSfonding Rdpshses.
to, e.g., 32, 64, or 128 pins and coll ect

C BaéEoRMMHiIA8R BRPRNSAS s tAGNy CABRRINDL 688 LRAnIRE by QréViding
pinis typically referred to as a channel and, by

PERVdigHaldo b Esthe MInSHRALSchafnels, le@tﬁ%@{lﬁ‘é"ﬁ?&ﬁcég sirfcl ?tﬂﬁ]tgjéétests may

testing tinme Is reduced since nmultiple tests may

P8t hQtdmREd SnfTHAdeBREP URloHg whth 95@%%%55& {}ﬁgﬂléﬂ%r{%p%{tlerg?cg card, by

channel s on an interface card, I nc ng nu

i mcﬁlrdfn?%lﬁﬂg grcter.fzﬁe Ea?ﬁg iﬁrt%s)il/eg ?Z,tt fO\%}la?]r Hb.ep J gx{sx}elgghécreases,

channel’s I ncreases, ere urther reducin

Rty S LA TG G2
i Mﬁg HE &o%ﬁ&' dedlEhéerhi@ I&,% x%‘xﬁip‘eelgttereigcelc%r'ds may populate tester 12.
Each interface card includes a dedicated integrated circuit (IC) chip (e.g., an
application specific integrated circuit (ASIC)) for performing particular test functions.
For example, interface card 24 includes IC chip 30 for performing parametric
measurement unit (PMU) tests and pin electronics (PE) tests. IC chip 30 has a PMU
stage 32 that includes circuitry for performing PMU tests and a PE stage 34 that includes
circuitry for performing PE tests. Additionally, interface cards 26 and 28 respectively
include IC chips 36 and 38 that include PMU and PE circuitry. Typically PMU testing
involves providing a DC voltage or current signal to the DUT to determine such
quantities as input and output impedance, current leakage, and other types of DC
performance characterizations. PE testing involves sending AC test signals, or
waveforms, to a DUT (e.g., DUT 18) and collecting responses to further characterize the
performance of the DUT. For example, IC chip 30 may transmit (to the DUT) AC test

signals that represent a vector of binary values for storage on the DUT. Once these

-10-
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Each interface card includes a dedicated integrated
circuit (1C chip (e.g., an application specific

WO paosgsreed circuit (ASIC)) for perform ng pare¢CTUBZN7/089031

test functions. For exanple, interface card 24

includes IC chip 30 for performng paranetric

nmeasurenent unit (PMJ) tests and pin electronics (PE)
tests. I1C chip 30 has a PMJ stage 32 that includes
circuitry for performng PMJ tests and a PE stage 34

that includes circuitry for performng PE tests.

Aditatyi vanas have bedd st clee DET Gy 26 addeeked By KB8&PET {0l dékdtine if the
include 1 C chips 36 and 38 that include PMJ and PE

Chbredet bihdry vAMBY 1@k bdenRNebd edde aigitaNy la%a$pi BB AdbdRGibAIpt

DC voltage or current signal to the DUT to determ ne

SUGkL B HARE idnb, 8Re @R ultARHPEARGe IMEPIL cHip PEESURESS at § WIARREy high
| eakage, and ot her types of DC performance

C%@@%&H&%&Q@%cﬁ&it 1M stfp¥ebves sending AC test
signals, or waveforns, to a DUT (e.g., DUT 18) and

col | ect] S, ; i t
porf or s BERRASRGG Ref bl Hont AR Gl 2P0 0T 18,0

aé@{&g«gﬂn ftr(a 46 &%R‘t{r i Ay 3E0 lan ThHRRL S %%nrw Plsdf:i%tgll@ws

I nary values Tor storage on t

h bi ; )
| BERELLAR R B VRS A PR R R s
al ues

55 BRSBTS P o
L e 5805 A SR BRI 81t
PR P oo i DA s P PR NERRIrT 570 - APLBR 22 of
48UTd n?Ct S a%hérgenioarg i(x)ltea acei é]etv?crefmaac e Bge%rtg cgn%gpteo%g 8rr more
4DV, T pqmg prangentients, y
conductors from tester 12 to the DUT. For example, the DUT (e.g., DUT 18) may be
mounted onto a device interface board (DIB) for providing access to each DUT pin. In
such an arrangement, conductor 20 may be connected to the DIB for placing test signals
on the appropriate pin(s) (e.g., pin 22) of the DUT.
In this example, only conducting trace 40 and conductor 44 respectively connect
IC chip 30 and interface board 24 for delivering and collecting signals. However, IC chip
30 (along with IC chips 36 and 38) typically has multiple pins (e.g., eight, sixteen, etc.)
that are respectively connected with multiple conducting traces and corresponding
conductors for providing and collecting signals from the DUT (via a DIB). Additionally,
in some arrangements, tester 12 may connect to two or more DIB’s for interfacing the
channels provided by interface cards 24, 26, and 28 to one or multiple devices under test.

To initiate and control the testing performed by interface cards 24, 26, and 28,

tester 12 includes PMU control circuitry 48 and PE control circuitry 50 that provide test
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signals to be passed on and off interface board 24.
Interface board connector 42 is also connected to a

weovdneRer 44 that i s connected to an i nterfackCT/US2007/089031

connector 46, which allows signals to be passed to and
fromtester 12. In this exanple, conductor 20 is
connected to interface connector 46 for bi-directiona
signal passage between tester 12 and pin 22 of DUT 18.

In sone arrangenments, an interface device may be used

to connect one or nore conductors fromtester 12 to

t berablettrs (EQ, «QKAFMR oltabh R vEMEst(sRngl currBTevkB HigalyvaliRs, etc.) for

nount ed onto a device |nterface board (DI B) for

PHRELSh D B sAEERES Nl Ond B@nseJ NTHEEYBHU @bhtrol circuitry and PE
arrangenent conduct or O nay e connected to the DB

f @bntR) Bedugy xtn§y$5e ﬁﬁ&ﬁén@ed%m& RRe AR5 dec@sﬁ]g@'eﬂeé) Examples

(e.qg., pin22) the DUT. In this exanp e, only
c I
. gﬂgﬂgg%skﬁ%d% 1%% ?ncﬁﬁg el Iax%?ngfrjl]tﬁg;éégf tg g’aa mlc ?%P&%gsby Qn¥icrocontroller,

(EIGHBRIS PREER, ) SO SA Bute MU Gior i By
pltlféf'eo? eT‘%tﬁ'r 1% 'agg' Enclu%leg( <.eo uteﬂrﬁéf‘r}acf: gﬂhaﬁgﬁ)ws compwfter sgstem 14

resp ective connect e € conductin

22(% C?r{){ e g%era loRPexe lli]tdéj 8¥ estgr[{ﬁa (ip[sg dl n%taa @% test parameters,

na S Trom

A t

BT o) BRORs T AP PR omf Rt Sty e

h terf d d 28 t
oncor e e B ) R ek 8

trol t est f f ds. 24

2B baref e HGER W D AN G e NP OIS U o e provides
48 and PE control circuitry 50 that praqvide
t &é&‘b‘éﬂ‘aﬁé?‘éf sCranigy 55 P@%&‘ ok} gApEHTe GRgmpelgincedisegeivep gt

signal current |evel qltal val ues, etc ) r
“captures”) data from the DUT, which has been generated in response to the test data.

Source channel circuitry 54 includes a source memory 56, which stores digital
data that is used to generate test signals to output to DUT 57. A memory sequencer 59
outputs the digital data. Correction data from look-up tables (LUTSs) 60 is then applied to
the digital data. LUTs 60 include one or more LUTs stored in memory, and also include
associated circuitry, as described below with respect to Fig. 4. The correction data is used
to compensate for harmonic distortion in the digital data before that distortion is
introduced (e.g., by the DAC described below). In this implementation, the correction
data is added to the digital data; however, other implementations may use a different way
to combine the correction data and the digital data. The corrected digital data is applied
to digital-to-analog controller (DAC) 61, which generates analog signals that correspond
to the corrected digital data. A driver 62 (e.g., an amplifier) outputs the resulting analog

signals to an optional filter bank 64. In this implementation, the filter bank may be a
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produci ng test signals and anal yzi ng DUT responses The
PMJ control circuitry and PE control circuitry nmay be

WO pBesErt ed usi ng one or nore processi ng devi BEEUS2007/089031

Exanpl es of processing devices include, but are not
limted to, a mcroprocessor, a mcrocontroller
progranmable logic (e g, a field-programmable gate
array), and/or conbmation(s) thereof Tester 12 al so

i ncludes a conputer interface 52 that allows conputer
system 14 to control the operations executed by tester

12 iRRDIOHBR bR, OMR sAatabeil@r bank @y iRMRBRAE 6F SorePErs (e.g.,
responses etc ) to pass between tester 12 and

PR b&Y m3Yat ?\mtcl'ﬂblg'lrgé o5 ButdtAhSbhaa R VRd WARMESEVelbhiYSired
curtry 54 and 55 Gircuitry 54 and 55 may be part o

E%ttgﬁfit%ta andﬁu%d% Ecﬁﬁﬂeﬁgeﬁfe {‘_34 éx‘ﬁlo% rdﬁst&flodafroctg WeChannel.

anne Sln I't provides test ata
L
Qt s lya( ?éltéhﬁb@?izt%re @Lé g?ag PE %e rﬁSPﬁMQL circii V\ﬁpﬁkl has

been ner acth%d ell cxrngxir%P%’]r%ce \;eg a{'ngi is fﬂ)% ﬁU%OSnggI% applies

channel®PEFF Care ticl ud

et B SRR &g&%% ?%&aﬂg@& oS Rg%%&téh%bggntgé@ans o g ype
clanfHfed ptcipcaghsy el Rifin B s €85 R ol P Swatg?a%'?e filer
BB 5L 08 8L B0 B0 B
OGRS SIEGa<gRvosT T dAOP  FaerH %‘F@@ﬁ%ﬁo il

before that distortion is introduced t he DAC
dlate Stoargetnm dstd) fram LU 60 jstbanappligdde .ﬂwﬁhgl(%héa% othegempesien

data is used to compensate for harmonic distortion in the digital data after that distortion
is introduced (e.g., by the ADC), as described below. A description of LUTs 60, and their
contents, is provided below with respect to Fig. 4. In this implementation, the correction
data is added to the digital data; however, other implementations may use a different way
to combine the correction data and the digital data. The corrected digital data is applied
to capture memory 69, from which is may be retrieved by a controller 70 analysis.

A description of the sources of possible sources of harmonic distortion is set forth
below, followed by a description of processes for determining the correction data that is
to be stored in LUTs 60 for use in correcting harmonic distortion.

Harmonic distortion, resulting from non-linearity, can be generated anywhere in
an AC channel signal path. Examples of sources of harmonic distortion include, but are
not limited to, the following: data converter (e.g., DAC or ADC) integral non-linearity
(INL) errors; data converter differential non-linearity (DNL) errors; passive component

non-linearity in the filters or analog signal path of the channel, e.g., voltage-dependent
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data is added to the digital data, however, other
i npl ementati ons may use a different way to conbi ne the

w@orsegs2son data and the digital data The corrBCI/E82007/089031

digital data is applied to digital-to-anal og

controll er (DAC) 61, which generates anal og signals

that correspond to the corrected digital data A driver

62 (e g, an anplifier) outputs the resulting anal og
signals to an optional filter bank 64 In this

i mpl ementation, the filter bank may be asw tchabl e

f tdph&ifanbaOky ) Vifttagriidpe il Rsifithhde® (VI ARK clifint dépehdbdein@it@ance

or nore filters (e g, capacitors) that are sw tchable

I L9 sleraRUImiBfof alPBfi&H ANASEhanAN ok LopBRInD&pacitance in active
configured to attenuate anal og signals and to

corRansahe cﬁaﬂﬁelh@EWﬂuﬁstﬁkﬁbﬂ&%h QRra th OSFFREn ﬁ&@ﬁﬂ%iné t
is noted that switchable filter bank 64 need not be

i 5‘&1}1&&? %pbﬁg&g;rtﬁﬁihé EXoroth r%ﬂtdégsedawﬁ{;@{er Qljcﬁi?édhfrés{su\gﬁ as

recei ves anal og signals fromDUT 57, and applies them

P PERLET Bre A OTIN fR T ARG BBt BcBion erors
TN AL RO S S S 5 R e e
eL1 U025 Rr el oo PR e PSRRI 3! M0aRaen
SRS bt D BRER SR RTA BpoElhdbn S T
SRS R B T e SRTBR LRy Pl T
AR e T RSP el
RSP A e 2 A RABEPPbTE NG] F DRAG R that depend

however, other inplenpentatjons nmay use a different way
only on the current sample. It is noted that individial resistors in this case can be linear

relative to voltage or current and still generate non-linear errors, given the switched
architecture of the data converter

Dynamic non-linearity produces errors that depend on both a current sample value
of the channel and the past history of sample values for the channel. One such error
occurs in slew-rate limiting amplifiers. In slew-rate limiting amplifiers, an amplifier’s
output error 1s a function of the slope of the signal input to the amplifier, which can only
be calculated with knowledge of the past history of the amplifier’s input signal.
Compensating for errors introduced by components with non-linear C(V) or L(I)
characteristics also requires knowledge of past history, since error(s) introduced by such
components may include a phase shift of the output signal.

Harmonic distortion produced by, e.g., the non-linearities described above, is

periodic relative to a fundamental calibration test signal (e.g. a signal used to generate
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to conbine the correction data and the digital data
The corrected digital data is applied to capture

worews/0§3268, from which is may be retrieved by BCT/US2007/089031

controller 70 analysis A descp ption of the sources of
possi bl e sources of harnonic distortion is set forth
bel ow, foll owed by a descpption of processes for
determining the correction data that is to be stored
in LUTs 60 for use in correcting harnonic distortion
Harmoni ¢ distortion, resulting fromnon-hneanty, can

b& %F:g&%ﬁ%r@&%@& dif LATs 80, ahpp0&lcess BR@ nupdeN(N) of

Exanpl es of sources of harnoni¢ distortion include,

bﬁatrméﬁlssDJbgLe A hmégr r bPthe tsyneeﬁ ohhmrmm@ Al AW Bhehe

i ntegral non-hneanty (INL) errors,
d%%&red% iz n‘&%ﬁergll ﬁoLSE fibAlx tp%%n%?amg (DNL) errors,
passive C onent non neanty in the filters or analog
signal path of the channel, e g ,
vol t age- dependent capaci tance C(V), voltage-dependent
resi stance R(V), and currgnt dependent inductance
L(1); slewrate |imgg) anﬂp&ds(ri @r3+|m) t he channel ; (1)
vol t age- dependent capaci tance in active circuits of
the channel, such as substrate junction varactor
effects in non-inverting anplifier topologies; timng
errors in multi-pass data converter architectures,

SWhdte Affddd RaInkd) 8k Vhers WD MW, NGe ABGBgniuae afld ﬂia&@d)f ann™
si gnal processor (DSP) sign extension errors whi ch

r@%m e gsu x%gasprlﬁe Esq %5 Vrj;]ezil Qfo?rﬁ (lt‘fhﬁh) %/51 f §§arh E@arﬁi

anne our ces eari
3 can | X q&@ted into two |ndependent

n‘b"c?ggze §ets ?‘?9: 2 %’ ﬁé Static non | i nearr ty

depends only, on th current zbate

t he cHIR ], g‘ff& aﬁ t) gﬁqaatlﬁp 1 Ed Egategl rgtto 6111 o}'tlcl)?gonal

| e val .
sup rposrt\xlon ol'i” an even function and an odd function, as follows:

x(t) = x:(8) + x,(8),

where x, (1) = %-[x(t) + x(-t)] and x, () = % - [x(2) - x(-1)]
The Fourier transform of this resulting test signal, x(), can be written using the

following superposition
X ()= X () + ) X, (0)

where X, (w)and X,(w) are the real and imaginary parts of X(w). A useful property of

real-valued signals, exploited in the linearity correction process described herein, is
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Consequently, static non-linearity is referred to as
"menory-|less”. For exanple, resistor value errors in

W@ b@sig2¢y ence of a data converter generate | NeCHOS20DMS9031

errors that depend only on the current sanple. It is
noted that individual resistors in this case can be
linear relative to voltage or current and stil
generate non-linear errors, given the swtched
architecture of the data converter Dynamc
non-linearity produces errors that depend on both a

C WelRifibn SRS, Vel we 0f(oh bt gh ﬁﬂ%& equd1dnh® tR@Bdurier Transform
hlstory of sanple val ues for e channel. One such

eLF B 05 @Aféamhél)@agﬁnp Lkl qleh] @Dl [ ers. i

sPewrat rmting rers lifier's output

f
A R “ya‘“gé’di@ﬁ%ﬁ‘:‘sgﬂga‘ag"’“%ﬁﬁ‘“C
know. edge_ of hi ; : t
O T B AR SR A BB ™

conponents with non-linear C(V) or L(I)
characteristics al so requires know edge of past
hi story, since error(s) i ntroduced by such conponents

may i ncl udey@ t e Hal t na|l
Har noni ¢ dl% Egﬁgﬁdgﬁoig)neg&gy) ﬁhﬁ #.0] )
non- Ilnearltles descrlbed above, is perlodlc relative
to a fundanental calibration test signal (e.g. a

signal used to generateerror correction val ues for

stor agﬁnwwa%sniﬁgéam}aﬁedmmm ﬁxalade?bxﬂl dry SHHRE Sdirrdnb))

of harnoni cs above a noise floor of the system This

h@lwmmec%%l SARPIE VARe) e the f&ﬁﬁnkﬁmr@qsﬂaﬁ&h éiéia!‘ Gt I%llows that the

general Fourier Series expansion as foll /(1)

C@%dr/flinction pibdliced bl Mis non-linearity must have the same symmetry as the
fundamental calibration signal. Choosing an even function for the fundamental
calibration signal, such as a zero phase cosine, ensures that static nonlinearity produces
distortion that is reflected completely in the real part of the FFT. In this case, with purely

static non-linearity and no dynamic component, the distorted signal is an even function,

the FFT is completely real-valued, and equation (2) reduces to

d(t)=iHn cos(8,)-cos(n-w-t) 3)

n=2

where 8, =0,7 foralln.

If the fundamental calibration signal is even, any energy in the imaginary part of
the FFT will be the result of an odd component in the harmonic distortion. Because this

odd component to the harmonic has orthogonal symmetry to the fundamental calibration
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where / refers to tinme, and where Hn and gn are the
magni t ude and phase of an nth harnonic as neasured by

WO-288/083200 i er Transform (FFT) processi ng of a BERpEmd7/089031

and quanti zed test signal used for calibration. Any
signal, such as d(t) in equation (1), can be separated
into an orthogonal superposition of an even function
and an odd function, as follows: x(t) =xE(t) +x0 (t),
where cE( 1-[x(t) + x(- ] and xO (O-[*(0 - *(~0 J
The Fourier transformof this resulting test signal,

X )
S% x)earl 6}6683(?%'31'%%&)6\(5&(& I\}xv)ﬁﬁ heed &%ix}al&_% )gf&ll %&W\;\kx’(]bgrrltg w)étth??,{/)norgfl r(11de

);n%}ﬂ% DnQide iy . e?husaMahmnnﬁ{eXntg’ BfddscRh c&nﬁ&@ent ofAhe error

et propert redl -val ued sighals, exploited in
t e
sxg_igll m&ﬁg‘%{ﬁé élstgﬂrolimf&'Ith Bﬁh(%()f?aﬁ @?xﬁmg@%%ztg)ﬁxg%%@é;ﬁii ??,E;)bratlon
are equiy
el 48 @gdamﬁ af?a%%gasg%%%@cas SmPLhS ever

5; Pﬁgd%té}?cgagﬁ ;éat n%g o nea clgrélgnge%aﬁ Cf?%{]ﬁﬂxg?sgﬁg utjcfehgﬁiently
RN aasxmaagfgﬁ%?@g SR e
b B A s BB S
Qr%duced by an arbitrary waveform generator (AWG) source, then the calibrator can
exploit the symmetry properties of the Fourier Transform to determine a distortion
compensation function. In this case, the captured calibration test signal, y(t), has the form

of a zero phase cosine with additive harmonic distortion d(t), such that:
y(t) =cos(w-t) +d(¢).

The error signal (d(t)) produced by a combination of static and dynamic non-
linearity can be generated digitally using an orthogonal basis of sine and cosine functions.
One implementation that uses a Hilbert Filter to generate the quadrature component of
this basis in conjunction with look-up table (LUT) memories is shown in Figure 4.

More specifically, because the harmonic distortion signal is periodic and real
valued, the harmonic distortion signal can be represented by a general Fourier Series with
an orthogonal basis of sine and cosine functions using equation (2). Thus, it is possible to
digitally reconstruct the harmonic distortion signal using two look-up tables: an “I-LUT”
addressed with fundamental signal and a parallel “Q-LUT” addressed by quadrature

signal generated with a 90° phase shift Hilbert filter. The reconstructed harmonic
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error function produced by this non-linearity nust
have the sanme symetry as the fundanental calibration

W3 e@Rag326LChoosi ng an even function for the funPErEs10a7/089031

calibration signal, such as a zero phase cosi ne,
ensures that static nonlinearity produces distortion
that is reflected conpletely in the real part of the
FFT. In this case, with purely static non-linearity
and no dynam c conponent, the distorted signal is an
even function, the FFT is conpletely real -val ued, and
e . . < — - . | -
i gﬁgo%&%@%méfgggég&g ,to ;ﬁpiensatewx@cnh.aﬁlﬁ Q?rh E%eaﬁ%sl{)/

or al
f - ) . ! L .
¢ RESRIE s (B RR A4 O S BRR L B BAG I SARGBhahid) or
g%gm%g%%%gveerr]%io I cnon%eEtZo ho%ramlﬂ(,c o ILﬁt(f%E % hagﬂure %a S%/&ZTeTEt hi's

onen 0 ar noni C S "or gona try
to the.fundanept a l'i brati onsi gnal the o w: ”
oo BHETRR Pt stB hal- AR Pftens Afusiiidn o phase” fook-

menor [ dynam c non-linearity).. Thus,. dynam c
noR el 1 Y Bl S PempB R ko A< iod YPCEp G potely
(harnoni ¢ distortion), with ortho symmetry to the
£ BhadwE s cali B gt brpEpmeefeal DyrBie fan-Hasasty s
fundanmental calibration signal is a cosjne sign.
SEANPESHFHMSIRBRGAMOIREAR P P}“‘t‘sﬁ S‘&@nwglé &éﬁgﬁ’fg@&y Sgtant
measur ed i ndependent|y using a conbination of”si%pa
ppwégagqaﬁgfregh@@y {ADER olfopyed ﬁy)géxﬁqngqrﬁ-}féqs quadrature” look-up table (Q-
sinchronization. If a calibrator uses a pattern to
t Ligged Amshevm ie Ejg drthe errescpiiersian dafe oytppe gkl-bPTH1 and Q-LUT
si nusoi d
74 are combined using an adder 73 to produce the error, d(t), which is then subtracted
from the input signal. The configuration of Fig. 4 can be used for LUTs 60 in the capture
channel shown in Fig. 3b, and for LUTs 60 in the source channel shown in Fig. 3a

Each individual LUT (I-LUT 71 and Q-LUT 74) implements a polynomial

function, fiyr, of its address, which is defined as follows:
N

Jror(x) = Zan -x"
n=2

This polynomial describes a memory-less non-linearity. The n'" term of this non-linearity
produces an n” harmonic in response to a sinusoidal input, x(t).

Using a zero phase cosine signal for the fundamental calibration signal, correction
data for storage in the I-LUT can be determined from the real part of the calibration signal
FFT, and similarly correction data for storage in the Q-LUT can be determined from the

imaginary part of the calibration signal FFT. Determining the I-LUT correction data
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produced by an arbitrary waveform generator (AW
source, then the calibrator can exploit the symetry

w@e@posies of the Fourier Transformto deter nPEEUS2007/089031

di stortion conpensation function. In this case, the
captured calibration test signal, y(t), has the form
of a zero phase cosine with additive harnonic
di stortion d(t), such that: y(t) cos(w-t) +d(t) . The
error signal (d(t)) produced by a conbination of
static and dynam c nonlinearity can be generated
dinglivt @l thappingitimghaamowe tihogomdionba§instiaf ofsinrego afighetios bhe
functions. One inplenentation that uses a Hubert
Farhplawdet givgetherthe ELUMes gldadscdtbyracuoemnpangintvaloé (dnfpilisude). The
basis in conjunction with | ook-up table (LUT) nenories
| Bpethows HLUTHs Ghtt Rindhry ddvb Etﬁeaﬁi{,ﬁ%nnyCi:’(H YeosREC AUS BotYarticular
harnnnlc di stortion signal is perlodlc and rea
Ch [ [

R cr 45 AP i B Bt RSNyl s given by

&tpqggn% basis of sine and cosine functions using

equa n=(2). Thus, it is possible to digitally
reconstruct the harnonic distortion signal using two
| ook-up tables: an "I-LUT" addressed wi th fundanent al

signal and a parallel "Q LUI" addressed by quadrature
signal generated with a 'g0Pphese(¥hift Hubert filter.
The reconstructed harnoni cdistortion signal may then
be used to conpensate the channel non-linearity by
predistorting the input to a digital-to-anal og

convershgdin{tp@) ! (BT (H. R WeSRriIanahlatidh (wawve results in the
post conver si on correctlon of an ADC output (for a

ture ch nne Referriing to )
SRR EARRG nen el o Brrh o §%%--
Iookup

d,(x)= iH" -c08(8,) - cos(n - cos™ (x)) 4)

n=2

The Q-LUT is addressed by a quadrature (approximately 90°) phase shifted

version of x(t), namely:
x,(£) = cos(w, -t — %) =sin(w, - 1) .

The time associated with a particular sample value at the input of the Q-LUT is defined

by the following equation:
t=w, -sin"'(x).
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table (I1-LUT) 7 1 to inplenent a nenory-1|ess
correction function that depends solely on a current

wa 2008083269 x(t) (the signal being corrected). RCEIB07/089031

non-linearity is conpensated using a conbination of a
90 phase shift, which is substantially constant over a
broad frequency range, followed by a nenory-I|ess
"quadrature” |ook-up table (Q.UT) 74. As shown in Fig.
4, the error correction data outputs of I-LUT 7 1 and
Q LUT 74 are conbi ned using an adder 73 to produce the
error, d(t), which is then subtracted fromthe input
signal . The configuration of Fig. 4 can be used for

LUTs 6 a r
For LSRR GRS SRR R g o
Each, i ndi vi d (1-LUT. 7 1 and Q LUT 74)
“%ﬁ@ﬂngégbbﬂbkgﬁ?ﬁF”@Uﬁ%%|on fujT, of its
address, which is defined as follows: N This

pol ynom al describes a nenory-less non-linearity. The
nth termof this non- Ilnearlty produces an n* harnonic

in response to a sin al< put é? Usj a zero
phase cosine signal %2&5 aheﬁt Oi%ﬂr@ﬁ%tron ®)
signal, correction data for storage in the I-LUT can

be determined fromthe real part of the calibration
signal FFT, and simlarly correction data for storage

int hecha‘ah&l;E @%d*{?) [gg\tigff Hb%?%@;‘%’ﬂ&oﬁ? fo'r Ha?r!ﬁxngl?lg Ergﬁerchon

of the calrbratron Si termnin

C@xth Bt c?ﬁ&%'n euﬁ}?ﬁ\l BP@?Pr%Hl?ceE %% non- Cetanglnm gp ATE

di stortion fr om unct I on

am nﬁrliéhq Qhang%lv g{}éf)&@; Fm}lmgr Salbf'e.reﬂ qies ?osf %I BX agdress LUT

current sanple

quantizes x € [-1,1] in 2 values and determines corresponding error correction data
using equations (4) and (5). It is noted that equations (4) and (5) are only valid if the
harmonic amplitudes and phases result from FFT processing on a zero phase cosine
fundamental calibration signal. Although patterned-controlled ATE signals can
approximate a zero phase cosine fundamental calibration signal, in practice this can be
time-consuming to achieve, and a residual phase error resulting from variability in delay
through the instrument’s analog signal path can limit signal correction. Allowing a non-
zero phase for the fundamental calibration signal means that the calibration signal used to

measure the harmonic amplitudes and phases has the form
x(t) = cos(w, -t + @) 6)

where ¢ is the arbitrary non-zero phase of the fundamental calibration signal. This more

general approach is consistent with ATE capabilities and end-applications, where exact
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input to the I-LUT is the primary data stream gi ven by
x(t) = COs( O0) . For a particular anplitude of x ,

w0 b@sHsze at whi ch the sanple occur red (wi t hi nPET/152081/089031
cycle) is given by the following: t =ft) "' -COS'
(x). Substituting wo ' cos " (Xx). for the variable t
in equation (3) above results in the follow ng
equation, which is used to determne the |-LUT
correction data : d, ( f) =T Hn cos(# p) cos(/2 cos
1(JO)) (4) n=2 The QLUT is addressed by a quadrature
(fﬂﬂg&fégi k1R @Je)éclﬂ@\)ed hasBersivyfahe épwal Bi Dmeshrexiehi are indifferent
nanely: X1(/) =cos( >0/ - f ) =sin(<y0t) . The

tbﬂﬁf@%ﬁQﬁh@i%@,{#ﬁ@:& partlcular sanpl e value at the
I nput of L is defined by the follow ng

equat 'IPQ is hon=ze¥ the fﬁﬁd&men&a?@ahbx%ﬂ%§1§1§a‘l‘¥:¢d’ﬂzﬁn@btl@alﬁév@n and odd
(x) for"t in equation ( results in the follow ng

2)
(cg,%%&e%{‘m{qogon‘égqtug,gty gotggtﬁgm anc%r?'%ﬁlc) %Bﬁfgsgaqggag?c}egﬁé@oq

(4) and (5 de cl osed-f
S emeity ARlSCBT Ve B Hatas Pord eI ORbr PREETHE A R

first N harnonics produced by non- Ilnearlay in an ATE
look-up tables, it is necessary to create an orthogonal basis aroun the harmonic phase

residual resulting from the dynamic linearity, i.e. 6,, with the contribution from ¢

removed. Recognizing that the n™ term of the polynomial describing the memory-less,

non-linear system produces an n™ harmonic in response to x(¢) , and rotates the phase of

10 x(f) by n- ¢, the harmonic distortion in an instrument channel can be modeled as

d(t)=iHn-cos(n~w0-t+n-¢+6n-n-¢).

n=2

Expanding the above equation onto an orthogonal basis of sine and cosine

15 functions results in the following:
N
d(ty=Y H, - [cos(8, —n-§)-cos(n- @, -t +n- @) ~sin(6, ~n-@)-sin(n- o, t+n-g)]
n=2

If the channel non-linearity is purely static, then 8, —ng¢ = 0,7 and the sine

20 component above is zero. Thus, each cosine term of the above expression is “in-phase”
with the fundamental signal, i.e., each harmonic term angle is rotated by n, which is the

expected response due the n'™ order component to static non-linearity in the channel. In
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instrunment channel. A process for determ ning table
entries for an Mbit address LUT quantizes x e [- |,I]

WO poo3ERbues and determ nes correspondi ng err oPCT/US2007/089031

correction data usng equations (4) and (5). It is

noted that equations (4) and (5) are only valid if the
har noni ¢ anplitudes and phases result from FFT
processing on a zero phase cosi ne fundanent al
calibration signal. Al though patterned-controlled ATE
signal s can approximate a zero phase cosine

foRARTRRY shhe 6/ IIRERES Kt BARAIby nlald PLAGEAEER (1) PpoRtately
be tinme-consum ng to achieve, and a residual phase

&J0P Phhalesdiit FrbMGhd fuldnylal &Rhdii ty in delay through the
instrunment’'s anal og signal path can limt signa

corr e%{lé? the ﬂlb’?%&%ﬁe&%ﬁ d%ﬁ{i?dé?g}ﬂ)%dffggn I%‘IE gl-phase distortion

fundamental calibration signal means that

S 505, TR R AT B BRI G 1 7

fand where f is the arbitrary non-zero phase of the
fundanental calibration signal. This nore genera
approach is consistent with ATE capabilities and

end- appl i cati ons, where exactfrequency ratios are
achi eved for coherency and, typical FFT neasurenents
are indifferent to the!fhddf®ntat?signal phase. |If f
i s non-zero, the fundanental calibration signa
contai ns both an even and odd conponent and,
consequently, both static and dynam c non-linearity

Bubdiaamg X q@sy MR YorQid MYt s-phhst” ArfiSbr 4O prSRddsithedBowing
gn to correctly load correction data in the | ook-up

tcﬁ)@écﬁ%h{l héuai%:érrl ﬁ%ﬁl?%ﬁ%%%gtet@e Igfﬁ'?ter(arorac%rrgét}ol?l%gt%n al basis

aroun

d,(x)= i H, -cos(8, —ng)-cos(n-cos™ (x)) 7
n=2

The relationship between a sample value and the time at which the sample

occurred (in a first cycle) at the input to the Q-LUT is given by
t=w;" - (sin” x—-¢)

1

Substituting ;" - (sin”' x ~ @) for t in the “quadrature” term for d(t) above results the

following closed-form solution for determining the Q-LUT error correction data.

dy(x)=-Y H, -sin(8, - ng)-sin(n-sin™ (x)) (8)
n=2
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residual resulting fromthe dynamc linearity, i.e. gn
, Wth the contribution fromf renpbved. Recogni zi ng

W@ b@s/os2ed n term of the pol ynom al descri bi ng BEEUS2007/089031

menory-| ess, non-linear system produces an nth

harnmonic in response to x{t) , and rotates the phase

of x{t) by nf , the harnonic distortion in an

i nstrument channel can be nodel ed as Af d(t) = Hn

-cos(n -w -t +n -f +gqn - n -f) . =2 Expanding the

above equation onto an orthogonal basis of sine and
cosine functions results in the followng: d{t) =T

Hn [cos(6* - n -f) -COSCAW t + nf) - n(gn - n -f)

- si n( " Aswestribedrabee) the procss|fér debeemoiivagrimtde emdes-foi arelebit address
Is purely static, then On - nf =, p and the sine
coupaepeitizeabeye,i]jsn 28K sluesHhddete @AGE (BOSIMRE P ebr dof@ction
above expression is "in-phase" with the fundanental

S iR ing daquStionsAGRA 18" MPRInGrel: %{a%qa,gg&g ('K)Zangg@a%@gg ?cyequations

n, which is the ‘expected response due t

¢ @%QJ]??,trestQctﬁfg@t, Wfied R0 Pﬂxds@ gﬁ{eit,f?% isSi Nt he channel.

I ncontrast, t sine tetrminvol oth rotation by n

d : [ £ ' 9 h hi ft
ond . BUTHALAE B SEPRATRS e il ARG, U

fromthe

PRI 5 Rpl A DHTEH LAl RIS

di n om
aéB%!:i'ﬁ%H@%ﬁ’o"r'&?hs%, f%te A0k dor ecl'gontvgluteshgr lh_e II-lI]IJT & the Q-LUT are

determined for a range of signals that pass through the source and capture channels of the
ATE. These error correction values are then stored in the I-LUT and Q-LUT, and are
used to correct subsequent signals passing through the source and capture channels. The
following is used to determine the range of signals (codes of a data converter) over which
to determine the error correction values that are to be stored in the I-LUT and Q-LUT.

If a continuous sine wave is randomly sampled with uniform probability over the

range [0,27], the probability that the sinusoid obtains the value x is given by

1
p(x) = ——eerer,
xoNAT = x?

where A is the amplitude of the sine wave. This distribution has the familiar “bathtub”

curve shape with a minimum at mid-scale x =0 of (7- 4)™'.

In one example, the probability that a code i is produced by a data converter that

uniformly samples a sine wave on the interval [0,27] and quantizes to N bits is given by
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follows: t = w-(cos 1 x - f). Substituting co " (cos
1 x - f) for t inthe "in-phase" termfor d(t)
Wpewssksd t he fol |l ow ng cl osed-form equati on fRET/US2007/089031

determining the I-LUT error correction data. d,(x) =f
Hn cos(gn - nf) -COs(H -COS-1Cc)) (7) 2 The

rel ati onship between a sanple value and the tine at
whi ch the sanmple occurred (in a first cycle) at the
input to the QLUT is given by t w-(sin x - f)
Substituting co (sin' x - f) for t in the

" uepsatag ticeibot ©Exprdssion eek )heabBPUdE RHUE ts cbdia, 0k 1HRWIVing
cl osed-form solution for determ ning the Q LUT error

cedstilection data. b (x) = ~Hn sin(OL - nf) - n{n sin
1(*)) (8)As described above, the process for
determning table entries for an Mbit address LUT
quantizes x e [- |,lI] in 2Mval ues and determ nes the

correspondi ng ergor correcti,oR data, usi ng equations
(7) and (8-t iS&—IfM}q%tngéég‘ézi 1and){B)
reduce to equatijons\(4)4adl (5), respectively, én
the phase offset, f, is zero. The follow ng descri bes
how I -LUT and Q LUT error correction values are

determined for all sanples of a data converter used in

EXRIPFER Ys thd Bipo PR RE Fdfr%% Sf?th!é X\iapﬁﬁﬁgg% éq% Pﬁ% ?1&3&%?&

error correction val ues
A fplitude. If the sine wave amplitude is matched to the full-scale range of the quantizer,

with zero DC (Direct Current) offset, the least probable output code i occurs at mid-scale
i = 2" with a probability of 1/(-2"™"). Thus, the probability of occurrence of a mid-
scale code decreases with the number of quantizer levels.

In order to provide a robust calibration, it is desirable to have the measurement
process exercise every code of the converter. The expected number of code hits E(i) in a

capture containing a number “Nsamples” of samples is given by
E(i) = P(i) - Nsamples .
Ensuring that the least probable mid-scale code is hit at least once implies that
Nsamples > -2V,

Thus, calibration of a 16-bit converter using a fast radix-2 FFT process requires capture

of at least 131,072 samples. While this constraint may be necessary to ensure that all
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determ ned for a range of signals that pass through
the source and capture channels of the ATE. These

W@R008/08267 r ecti on val ues are then stored in theCT/US1007/089031

and Q LUT, and are used to correct subsequent signals
passi ng through the source and capture channels. The
followng is used to determ ne the range of signals
(codes of a data converter) over which to determ ne
the error correction values that are to be stored in
the I-LUT and Q LUT. If a continuous sine wave is

r AR ¥okaaRRe|nedic Wal Rotbish@iciond kA Bial tht Yanipli@g pkdeess can
range [0,2;r] , the probability that the sinusoid

&_tn@ria{ésthé Qﬁ)e\éﬂﬁs‘é{é‘of)&o?é oHieVED cBMe B the test Wavefors. 'In VRRF ©

0
A'1s the anplitude of the sine wave. This distribution

h L " hat " . e
a?l%trlrl% I&_?aé E:}gﬁnaedei %:t o Qg’f tHet{ %'R: gwnyo%r SNEPRs ¥ hded WHVBIORHTA a

In oné exanple, the

géagR?ebi Inaby nxap%g Rﬁl{%?g_?ri&e i“ﬁthngsggm@ﬂsm&. dat a

onverter tha y sanples a sine wave on the

i nt erval 0,2 and L i i i
byt ot et £l Sk @AUAT AT bt QLo o f Gnlified o corect

PRSI 5l b L6 L Ol
GRS S AL s
o P AL L S 8 L B o
Tgcl)'ln?ﬁentsaqgg Q}Eege? z?l?ais&lacf. ftrgauggcy %gr%g&{egt@ 8 t?]fe pgtexmaij %Cifanlp?ove the
ATE’s dynamic range when sourcing or capturing high frequency signals.
For an N order correction, it may be necessary to predict where, in the capture

spectrum, each of the N harmonics will appear. Thus, for each harmonic nf, (where fy is

the fundamental frequency), the following process is used to determine the frequency
(FFT bin number) where an N™ harmonic occurs, and the associated amplitude and phase
to use in the LUT error correction data computations.

If the harmonic occurs in an odd Nyquist zone of the sampling clock defined as

Fs . Fs
2 3

nf, e{(m—l)-——,m 5

where m is odd and Fs is the sample clock frequency, then the aliased harmonic is a direct

image of the original harmonic. In this case, the frequency of the aliased harmonic is

given by
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code decreases with the nunber of quantizer levels. In
order to provide a robust calibration, it is desirable

WO 2008A8364 he measur enent process exerci se everRCTHUSMOT89031

the converter. The expected nunber of code hits E(i)
in a capture containing a nunber "Nsanpl es" of sanples
is given by E(i) =P(i) Nsanples . Ensuring that the

| east probable md-scale code is hit at | east once
inmplies that Nsanples p -2N Thus, calibration of a
16-bit converter using a fast radi x-2 FFT process
requi res capture of at | asgjégng_§§2 sanples. Wile
this constraint may be re¢ess y({g ensure that

all converter codes are hit, it may not be sufficient,
gi ven that the sanpling process can generate the sane
subset of codes on every cycle of the test waveform

I : : [

o A ae KPR VS TR ol s e of B complex
captu wi ndow may be nutually prine with respect to
N8 %4 ﬁ%queﬁﬁéréogw%ﬁm’ dgignate %ﬁﬂm@} 45 1559 fheauptiquerf ) e (8) (or
Q LUT may be configured to correct for reflected, or
al4) aséd)) thdetwomine the icorr¢ctien fatat Thatesnfor edpatioms! (7) and (8) (or (4) and
Compensating for aliased frequency conponents includes
cthrecting an aliased harnonic resulting from m xi ng
of an n conponent of a non-linearity with the clock
used for sanpling anal og data. Conpensating these

al i ased frequency conponents has the potential to

i nprove the ATE s dynanygzggq emwhen sourci ng or

capturing high frequency si na}?
Hn = ZH( na;ias) ‘

If the harmonic occurs in an even Nyquist zone of the sampling clock, then the
aliased harmonic is a mirror image of the original harmonic and the frequency of the

aliased harmonic is defined as follows:

Fs Fs
fnalias = —E— - nf;) mOd? N

Given that the image of the even Nyquist zone is mirrored, the phase is conjugate and the
harmonic amplitude and phase components of equations (7) and (8) (or (4) and (5)) are

defined by

Hn = ]H(fnalias)
gn = _-AH(—/;mhas ) .

226-



10

15

20

For an Nth order correction, it may be necessary to
predi ct where, in the capture spectrum each of the N

wh 20081088265 Wi | | appear. Thus, for each harnoni BCHUSI07/089031

(where fo is the fundanental frequency), the follow ng
process is used to determ ne the frequency (FFT bin
nunber) where an N harnonic occurs, and the associ ated
anpl i tude and phase to use in the LUT error correction
data conputations. |If the harnonic occurs in an odd
Nyqui st zone of the sanpling clock defined as where m

| heQEghtiRB Bhdss of the hiBeSREqUR ydoBPkndnt By tRYaust e hainimic
aliased harnmonic is a direct imge of the origina

hﬁ{x[}@mlﬁx thd EloJlJB@ddé@sS@eonNéﬁtefph@ﬁléﬁ@ﬁé’t tRf chah@:1 bri-Rscaslty.
harnoni c i s given bywhere xnody is the renai nder of

Xt hsequditfy, RUBALLHHEARTaIRD 8RS pRise ilised %%ﬂ&le@(th@}nhﬁﬁge&fect.

frequency conmponent, designated H(f nahas ), is used

i n eqyali:QRs Srzgeﬁﬂged(t@m\( RF rddfin@RAmbRiLd inliRe ﬂ?ti%ﬁzfﬂn@l@

the correction I's, for equations (7) and

u%?né Qb c(o@ect%?xcha(a%\w &J%UTM r{j?laéehénﬂeﬁ ab har noni ¢

an even i st zon e sanp ing clock,

then ch S5 alyl SHoQR %rq e)t(]a ngP ?%acsx#\ﬁoﬁal%srt G %ﬁ?l '»\nﬁgaﬁd Bhe &rnﬁe noise

or|g|n armoni ¢ a requency-o I ased
harnonic is defined as follows: Gven that the inage
of the even Nyquist zone is mrrored, the phase is

conj ugate and the har mpl it u and ase
conmponent s of eﬁﬁ% 7®fg ksfSQl 6@5 and (5))
are

which is passed through a non-linear system with transfer function
y(8) = x(£) + 0.001 |x(£)] +0.001- x(¢) - |x(¢)] .

In this example, the sample rate is 300 Msps (million samples-per-second). The non-
linearity generates both even and odd high-order harmonics given the absolute value
discontinuity and its inherent symmetry. The correction process described above, which
uses the I-LUT and Q-LUT error correction data, reduces both direct and reflected
harmonics as shown in Fig. 5b. That is, Fig. 5b shows the FFT of a resulting
compensated output, with its dynamic range improved by 30 dB.

The process described above for determining, storing and/or using harmonic error
correction data, and its various modifications and related processes described herein
(hereinafter “the processes”™), are not limited to the hardware and software described

above. All or part of the processes can be implemented, at least in part, via a computer
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defined by gn - H(f whas ) The negative phase of the
al i ased frequency conponent is used because the

Wh2008088269 M Xi ng with the clock produces a conPCmES07/089031

phase and not the channel non-linearity. Consequently,
the conjugate of the alias spur phase is used to

address the mxing effect. Test results are descri bed
bel ow for reducing harnonics in the ATE channel s using
error correction data in the I-LUT and Q LUT descri bed
above. Fig. 5a shows an exanple of a sinusoidal test
sprggrain pradubt, acldi ¢dmpatanpiogennongiblyefrbpdied gowyipformatpagagrier,
+/ )+0.001 randif) , which is passed through a

nmch hd one ar meyesthaimngireddable ardiagr afpropegatestsigngt, forex¢qufion by, or
+0.001 |JC(/)| + 0.001 x(t) \x(t)\ . In this exanple,

t beoma e pe@tien 6850300 rdspdatd piotdssiog apparatus, e.g., a programmable
sanpl es- per-second). The nonlinearity generates both

eptedesnd cofiguiel, gl tipldammfuaryand/ asprograamablh o gibdohutie
val ue discontinuity and its inherent symmetry. The

corr et éodipult ERESn cixervrhed indgverm vfpredranises highage,
| -LUT and Q LUT error correction data, reduces both

diné18Gihg hile@ ok Bftdridtcd FnERIYES; Andf cahiesdepiofedinguny Bdam,
That is, Fig. 5b shows the FFT of a resulting

CRAMENS &L £arfili e progthrh Br dstaSmEiNe BbSBpdnRAQ Subrd1i0ine)\ve dthbyunit
30 dB.gThe procesé)dﬁgcribed above f%r det er m ni ng,

2 : 251519 £br AR QlcokPhiel dAMTSHRENE @E&Qﬁutfr%cfg%ﬁ t&bedRpRyed to be

Its various nodifications and related processes
d&%&rtécp&dox}g%[n%bﬁ]ter or on multiple computers at one site or distributed across

multiple sites and interconnected by a network.

Actions associated with implementing all or part of the processes can be
performed by one or more programmable processors executing one or more computer
programs to perform the functions of the calibration process. All or part of the processes
can be implemented as, special purpose logic circuitry, e.g., an FPGA (field
programmable gate array) and/or an ASIC (application-specific integrated circuit).

Processors suitable for the execution of a computer program include, by way of
example, both general and special purpose microprocessors, and any one or more
processors of any kind of digital computer. Generally, a processor will receive
instructions and data from a read-only memory or a random access memory or both.
Elements of a computer include a processor for executing instructions and one or more
memory devices for storing instructions and data.

The processes described herein are explained in the context of ATE
instrumentation for use in production test of semiconductor circuits. However, the

processes are not limited to this context. Rather, they are also applicable to other

8-
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(hereinafter "the processes"), are not limted to the
hardwar e and software descri bed above. Al or part of

W@ b@spseesses can be i nplemented, at | east i NPEEDS2007/089031

via a conputerprogram product, i.e., a conmputer
program tangi bly enbodied in an information carrier,
such as one or nore machi ne-readable nedia or a
propagated signal, for execution by, or to control the
operation of, one or nore data processing apparatus,
e.g., a programmabl e processor, a conputer, multiple

C barpurtire kSnfigARUioAY, sihQg bathghatiemb @) mslRdiitoh. For example a
Aconputer programcan be witten in any form of

PEI@RH1 e o Stg i@l Qnall A ndGhiméht %g’ﬁ’ﬁclo%ra% linearity correction
interpreted | anguages, and it can be deployed in any

f RdrBWark RSWRE Bl BeScafibiafeA@RSn@ PR RELIHLAMp RN e AS dfhamic range
nodul e, conponent, subroutine, or other unit suitable

f Qg 45€eduling haRHINK dift6riBA W the HBRhent Shdrd er program
can bé deployed to be executed on one conplter or on

mul 1 pA @GP IRt floh @ttheg{?&:egeg fa ge E{z;&éa i'hir(]igt%c\gr Hef Rteprated

mul tiple sites and interconnected

Aﬁk‘uﬁpﬁCgs %Qpéﬁbﬁﬁ, X\'Htilge HR&%HEE%!: ggilt%lltjo a%ta%%llrx\;ertg IC, along
the processes can be perforned by one or nore

PLRE B&{H@Qh@ n@&?%ﬁ?nﬁr?ﬂgmgﬁ%&euﬁiﬁ’g aa?SEI%BeT, gygnlric?xbnr(;ag/t Iel‘lutsee to

progranms to per unctions on

P Al r 1h rLocesses can be

PR welploclhe i blacflo B IRHRIRR £RB oPRicpgnic
an FP field.programuabl e gate, ar,ra and/ or ,an ASI.C
o op! oo SRt SR L AR, SR ) b ey o

~4Hhr S Saiprehes a0 g Bt st dort e SOt b rmehem sogeisically
COBYTRAY mSFtes g

r se, m croprocessors, and_an ne or. nore
pchlasgn%ec? herein are also within the'scope of axe%ol owing claims.

What is claimed is:
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processors of any kind of digital conmputer. Cenerally,
a processor will receive instructions and data froma

WO e@diogazby menory or a random access nmenory orPEDU2007/089031

El ements of a conputer include a processor for
executing instructions and one or nore nenory devices
for storing instructions and data. The processes
descri bed herein are explained in the context of ATE
instrunmentation for use in production test of

sem conductor circuits. However, the processes are not
['imted teappurstucamipexing: Rat her, they are al so
appl i cabl e to ot herhardware configurations, such as
bench (ifairly sombginyd ioaby AdiERl Atd GBanckef heXPARkS; a
signal generator or spectrum anal yzer instrunment may

i ncor peEAbe dohfgREd loYsto? Ok HREIbRAp RIS A5PS {veiFLERd
be calibrated using the processes to inprove its

dynam ¢ range ( @xdfirst IRYT Bﬁg%’?dn%ﬁaqmm/ige ?'ﬁ?s‘i frtde QY value

in the instrument channel ( ot her application o

the processfs.ddaa Mt VIR df 'ﬁleds@h@k GRS bEEc R EQF% ﬁ% glge in

circuits (1Cs). For exanple, a Hubert filter cou

DU 0 B COONGL R ool et -

o i mprove t he. dyriarrd AR coh RS QRN AR gl s Geoton votue
Combi ned ¢ & B BioFaan EsEBF e R B Selal Rl ytue foruse in
descr i bed Rorine SrURls ORGP A DR BaRe iy dhe
Lgh{)?:’ﬁégnl%é S PRoceslhBhogiCechiBhrd fo use the irkt CoaERRR FHIS, the

second correction value, and the signal in order to compensate for harmonic distortion

from the channel.

2. The apparatus of claim 1, further comprising a phase shift circuit for shifting a

phase of the signal to produce the second version of the signal.

3. The apparatus of claim 2, wherein the phase shift circuit comprises a Hilbert

filter, and shifting comprises shifting a phase of the signal by about 90°.

4. The apparatus of claim 1, wherein the circuitry, the memory, and the logic

comprise parts of a capture channel of automatic test equipment (ATE), the capture

channel for receiving signals from a device under test (DUT).
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wO owRAO83264 abl e (LUT) and a second LUT,

circuitry configured to pass a signal in a channel of
the apparatus; nenory configured to store a first

bei ng configured to provide a first correction val ue
based on a first version of the signal, the first
correction value for use in correcting static
non-linearity associated with the channel; and the
second LUT being configured to provide a second
correction val ue based on a second version of the ,
si gnalS; Thheppreaioref clagm f ewhirein thegdifgaitsyothe ggmopyp and the logic
correcting dynamc non-linearity associated with the

ctoanpried partaofia dougiet chhnnsi efrafonmtio desterjuimgnanb@i IE), the source channel

configured to use the first correction value, the
sfecpmdidmgrsigaals itonderade maderagst(BWE). si gnal in order to
conpensate for harnonic distortion fromthe channel

2. The apparatus of claim 1, further conprising a
phase shift circuit for shifting a phase of the signa
t 0 pr eddte apfaeatsadelain  ewbdran tlaf fistdU B cagmalses Puralfist
apparatus of claim2, wherein the phase shift circuit

CRAPEtionasaluds, themirhl firkd dogectioaRalusifof tiderify caradtting Be 3 first N
shifting a phase of the signal by about 90. 4. The

apRaéméstaul bgkl@i siatid noniREagid ahdie circuitry, the
menory, and the logic conprise parts of a capture

channglhefin AL PRADGrE coRBtoLHILRNERY, cofpHge: the capture
channel for receiving signals froma device under test

(DUT).5. The apparatus of claim1, wherein the
circuitry, the menor y, and the logic

d,(x)=> H, -cos(8, —ng)-cos(n-cos™(x)),

n=2

where H, is a magnitude of an n™ harmonic, 6, is a phase of the n® harmonic, x is a
sample value of a signal in the channel, and ¢ is a phase of a fundamental signal that

produces harmonics.

7. The apparatus of claim 6, wherein the plural first correction values are

configured for correcting aliased harmonics.

8. The apparatus of claim 7, wherein

Hn = tH(fnaliaJ )L
Hn = éH(fnalias)
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conprise parts of a source channel of automatic test
equi pnent (ATE), the source channel for providing

WG @Rasr6e 0 a device under test (DUT). 6 . ThePCT/US2007/089031

apparatus of claim1, wherein the first LUT conprises
plural first correction values, the plural first
correction values for use in correcting for a first N
har noni cs caused by the static non-linearity; and
wherein the plural first correction values, d\(x),
conmprise: Nd,{x) = H -CGCs( - nf) cos(n cos x)) , n=2
where Hn is a nmagnitude of an nth harnpnic nis a
pHEeER fof.. T ik BPdhar i Ry C%F¢F‘§’“E‘"§é‘i’r?ﬂ 2 5%&*@9‘8?“‘& and Fs
signal in the channel, and f is a phase of a

f [ ics. 7. The
RARRLEY Pl LA rRRORERBRIRE 8 G
correction values are configured for correcting

al i ased harnonics. 8 . The apparatus of claim?7,

wher eion Toe Zpffafavinasf c)ais 7whberen/ , = nf 0 nod- , with nf
corresponding to an n' direct harnonic, and Fs
corresponding to a sanpling clock frequency of the
channel .

Hn = IH(fnalias)
0" = —‘AH(fnalia:)

Fs

where f, — - nf, modgi , with nf; corresponding to an n™ direct harmonic, and Fs

lias

corresponding to the sampling clock frequency of the channel.

10. The apparatus of claim 1, wherein the second LUT comprises plural second
correction values, the plural second correction values for use in correcting for a first N
harmonics caused by the dynamic non-linearity; and

wherein the plural second correction values, do(x), comprise:

dy(x) = —ZN: H, -sin(8, - ng) - sin(n-sin™'(x)),
n=2

where H, is a magnitude of an n™ harmonic, 6, is a phase of the n™ harmonic, x is a
sample value of a signal in the channel, and ¢ is a phase of a fundamental signal that

produces harmonics.
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9 . The apparatus of claim7, wherein gn - ZHf 1
where f mhas = M 0 nod - , with nfo corresponding to

W@eoosn$s26d r ect harnoni c, and Fs correspondi ng ROT/UK®07/089031

sanmpling clock frequency of the channel. 10. The
apparatus of claim11, wherein the second LUT conprises
pl ural second correction values, the plural second
correction values for use in correcting for a first N
har noni cs caused by the dynam c non-linearity; and
wherein the plural second correction values, dQx),
conpr i Ble:Th agpdeXtis §f ctaim 10 whdréif dirrsecond ffiyst somdctios values are
1(x)) , where Hn is a nagnitude of an nth harnonic, n
| SorfigPRa$er cofredtii@ aladd@harmdhies. X i s a sanple value of a
signal in the channel, and f is a phase of a
fundanent al signal that produces harnonics.11. The
apparatus of claim 10, wherein the second first

cor r eciy, Ofhe ighdiftas A faimanfiaueigd for correcting

al i ased harnonics. 12. The apparatus of claim 11,
wherein where f paltas - nf 0 nod- , with nfo
corresponding to an n direct harnonic, and Fs

corresponding to a sanplbyg:ﬁhgck)frequency.

nalias

Hn = ZH(fna/tas)

where [

nalias

= nf, mod—Fii , with nfy corresponding to an n™ direct harmonic, and Fs

corresponding to a sampling clock frequency.

13. The apparatus of claim 11, wherein

Hn = IH(fnalia: )'
6, = ~LH(f uios)

where f,

alias

= £ _ nf, modfzi , with nfy corresponding to an n™ direct harmonic, and Fs

corresponding to a sampling clock frequency.

14. The apparatus of claim 1, further comprising a switchable filter bank in the
channel, the switchable filter bank comprising one or more filters that are switchable into,
or out of, the channel, the one or more filters being configured to compensate for

harmonic distortion from the channel.
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13. The apparatus of claim1l, wherein where f mhas =
nf 0 nod- , with nfo corresponding to an n direct

wha00a08d269 and Fs correspondi ng to a sanpling BCDUK2007/089031

frequency. 14. The apparatus of claim1, further
conprising a switchable filter bank in the channel,
the switchable filter bank conprising one or nore
filters that are switchable into, or out of, the
channel, the one or nore filters being configured to
conpensate for harnonic distortion fromthe

channgls. The apfatanaialagh Uswittheif teilogid convpiesdirtuintyeo combine
| ogic conprises circuitry to conbine the first

CRE HFRELROLMA) AR A0 thel BN 060 H0L ViliEGIpraTacy /buig aho to
produce a sum and to subtract the sumfromthe

SiuBfgth thelsRAIRIY the SRHA! RbrebNRANAIMB hamBhrldpidrtion. 16.

The apparatus of claim1, wherein the apparatus
conprises one of automatic test equi pnent (ATE), a
data converter circuit, a signal generator, and a

spect nymgn | ﬁaglfs:of Lihim PehePdin IRMBp ARG A &aFRBE futomatic

nmedi a conpr | instructions that are executable to

c gﬁn%élﬁérgfé?%grﬁﬁtaldga ch'i\JeHngchthﬂta sg%ﬁll %Eﬁ@x}a{o?, ahQ@a spectrum

harnmoni ¢ distorti a channel of an
ins}rgnpnt, the instructions for causing one or nore
ﬁ?%é%sS|ng devices to: generate first correction
val ues for use in correcting static non-linearity
associated with the channel of the instrunent;

17. One or more machine-readable media comprising instructions that are
executable to generate correction values that are usable to compensate for harmonic
distortion in a channel of an instrument, the instructions for causing one or more
processing devices to:

generate first correction values for use in correcting static non-linearity associated
with the channel of the instrument;

store the first correction values in a first look-up table (LUT) in memory;

generate second correction values for use in correcting dynamic non-linearity
associated with the channel of the instrument; and

store the second correction values in a second LUT in memory.

18. The one or more machine-readable media of claim 17, wherein the first
correction values are for use in correcting for a first N harmonics caused by the static
non-linearity;

wherein the first correction values, di(x), compnise:
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store the first correction values in a first |ook-up
table (LUT) in nenory; generate second correction

WO 2008083260r use in correcting dynam c non-| i neR€T/U§2007/089031

associ ated with the channel of the instrunent; and
store the second correction values in a second LUT in
menory. 18. The one or nore nmachi ne-readabl e nedi a of
claim17, wherein the first correction values are for
use in correcting for a first N harnonics caused by
the static non-linearity; mherein the first correction
val ues, di(x), conpripse:d, (x) = H cos(# - nf) cos("
cos ' (X)) , p &OarepedHtod, a"ﬂhgﬁﬂﬂuﬁ@ '‘6M).an nt h
harnonic, gnis a phase of the n harnonic, x is a
sanpl e value of a signal in the channel, and f is a
phase of a fundanentak si gnal that pro? ceg, harnpni cs;
aY'iHerq\He ISt RagniRda PfPRE BREOSIC, fr igp Phite © @ﬁ 8a ¢, xisa
ignal is zero, the first correctlon val ues,
csgmph wodue ofjagigpal iy the chpngelgand ¢ isya phasgofp ﬁets%milzt%)Sjgna‘ that
n=2 19. The one or nore machi ne-readabl e nedi a of
chradueed Birmapies; éhdh t he fir st

wherein, when the phase, ¢, of the fundamental signal is zero, the first correction

values, dj(x), comprise:

d,(x)= i H_ -cos(8,) cos(n-cos™ (x)).

a=2

19. The one or more machine-readable media of claim 18, wherein the first
correction values are configured for correcting aliased harmonics;
wherein, if a direct harmonic occurs in an odd Nyquist zone of a sampling clock,

then

= )H(fnalia: ),
0 ZH (f Iu:l.r

Fs . . : .
where f,_.. = nf, mod—é- , with nfy corresponding to an n" direct harmonic, and Fs

corresponding to a sampling clock frequency; and
wherein, if the direct harmonic occurs in an even Nyquist zone of the sampling

clock, then

= H(f 105
0 =—-LH(f,

uhas

-35-



correction values are configured for correcting

al i ased harnoni cs; wherein, if a direct harnonic
wo@ewans32eh an odd Nyqui st zone of a sanpling cP@KS2007/089031

then n=\nfnal j g =ZH(fm as ) Fs where f th mias =

nf nod - , with nfo corresponding to an n direct

har noni ¢, and Fs corresponding to a sanpling clock

frequency; and wherein, if the direct harnonic occurs

in an even Nyquist zone of the sanpling clock, then )

\ gn -ZH(fn )where f lua =~ - nf 0 nod 20. The one or

nore machi ng- readab@g medi a of claim17, wherein the

sebgpd..coF cUUbWO ues are for use in correcting for

a first N harnonics caused by the dynam c

non-linearity; wherein the second correction values, Q

(X), conprise: d QS H-sin (gn - F) -sin( / sin-'

(*)) ,202 The one or more machine-readable media of claim 17, wherein the second

correction values are for use in correcting for a first N harmonics caused by the dynamic
5 non-linearity;

wherein the second correction values, dg(x), comprise:

dy(x) = —ﬁl: H, -sin(6, ~ng)-sin(n - sin™'(x)),

n=2

where H, is a magnitude of an n™ harmonic, 6, is a phase of the n™ harmonic, x is a
sample value of a signal in the channel, and ¢ is a phase of a fundamental signal that
produces harmonics; and

wherein, when a phase, ¢, of the fundamental signal is zero, the second correction

15 values, do(x), comprise:
N
dy(x)=-Y H,-sin(8,) sin(n-sin™ (x)).
n=2

21. The one or more machine-readable media of claim 20, wherein the second
20 correction values are configured for correcting aliased harmonics;
wherein, if a direct harmonic occurs in an odd Nyquist zone of a sampling clock,

then

H, =|H(f )
0 =LH(S,

ahas
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where Hn is a magnitude of an nth harnonic, gn is a
phase of the n harnonic, x is a sanple value of a
wWGer@aas32en t he channel, and f is a phase of a PCT/US2007/089031
fundanent al signal that produces harnonics; and
wherei n, when a phase, f , of the fundamental signa
is zero, the second correction values, UQYX),
conprise: d Q=- HnNnsi (gn) sin(" sin' (x)) .
21. The one or nore machi ne-readabl e nedia of claim
20, wherein the second correction values are
configured for correcting aliased harnonics; wherein,
if a direct harﬂpnic occurs in an odd Nyqui st zone of:
in I S thanbs =f P
ar?ﬁgﬁ?@’ggﬁﬁgggoﬁa?ng fgmgﬁ&ﬁ?ﬁﬁﬁggﬁ¥ %g?ﬁ%ﬁ?chgngs
Fs corresponding to a sanpling clock frequency; and
wWheregionding fo @sadiplieg tlotlafrequand/; maurs in an even
Nyqui st zone of the sampling clock, then gn -zH(fm1l )
wher e vwherein, ifa difecthaM6nic occurs in an even Nyquist zone of the sampling

clock, then

Hn = 'H(fnalia:)
9n = _ZH(fnaliaJ)

Fs Fs
where = — mod —.
5 ~Momod>

nalias
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