COMPENSATING FOR HARMONIC DISTORTION IN AN INSTRUMENT CHANNEL
CROSS-REFERENCE TO RELATED APPLICATIONS 5This application is a continuation-in-part of U.S.
Application No. 12/724,894, filed on March 16, 2010, which is a continuation of U.S. Application No.
11/647,836, filed on December 29, 2006. The contents of U.S. Application No. 11/647,836and U.S.
Application No. 12/724,894 are hereby incorporated by reference into this application as if set forth herein
in 10 TECHNICAL FIELD COMBENSXTBYIEQR R ARMO NEOIAST QRBHeddating for harmonic
distortion in test and measurement instrAMENSTIRY MUION BECBAONNLC test equipment (ATE).
15BACKGROUND Automatic test equipment (ATE) refers to an automated, usually computer-driven,
system for testing devices, such as semiconductors, electronic circuits, and printed circuit board
assemblies. A device tested BYRUBS-BIEEISRIEN ¢d: 4 aRISviIEIhd@PIgsi ADIWNSATE typically includes a
computer system and a testing device or a single device 20having corresponding functionality. ATE is
capabie of providindlsigapné tatiabDiy T ciatitsigbomen-ghaneidls SCAppliatairahoe [B2/é2¢i84sigledlsifrom the
DUT and forward those signals for processing to determine whether the DUT meets testing qualifications.
Harmonic didtertibr &ighifiamblichingitscrdidyatarnio rbhfe phbtigatant YendtAibh38e Hiladtonmentation.
Audio, video, communications, and wireless systems are all sensitive to harmonic distortion, as is
manifest in StegeetRl 2nohic distertion{ THD)\ pisdtas Neeldyprihtidaambe. & ADRIcai adjacent
channel power ratio (ACPR) specifications on devices for those markets. Across the frequency spectrum,
from audio tOVvet AithdPéqueheyeby HRpipratah bt bizrancaimievbis applisgicalhs meeefittdn 10 decibels

(dB) higher than non- Sharmonic spurious signals. ATE users often determine that production tests of
device AC herein in full.

10
TECHNICAL FIELD
This patent application relates generally to compensating for harmonic distortion in

test and measurement instrumentation, such as automatic test equipment (ATE).

15 BACKGROUND
Automatic test equipment (ATE) refers to 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
20 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



(alternating current) linearity are limited by capabilities of their ATE instrumentation, particularly the
harmonic distortion. SUMMARY 10This patent application describes methods and apparatus, including
computer program products, for reducing harmonic distortion in an instrument channel of a device,
including, but not limited to, ATE. In general, this patent application describes an apparatus
comprised of circuitry configured to pass a signal in a channel of the apparatus, and memory configured
to store 15filstranchsedstuditorrectiomaalessnAtfingaonaetibarvaiie ddased A spuarsiofref the
signal, where the first correction value is for use in correcting static non-linearity associated with the
channel. A sépomicormeetiGh VR eid bdpedndnlased gooveersion(4{AB sipealicahens tnedsecend
correction value is for use in correcting dynamic non-linearity associated with the channel. Digital signal
processing |égithisseondiduate d Aorusettiedifigtaromr epticn2Ovaiue atide secony logh datimenai (¥ FENd the
signal in order to compensate harmonic distortion from the channel The apparatus may also comprise
one or moreioftthimfoll dwingieateveks. are typivel hpparatiemidydechele dPhkisbstifaeinonit for shifting a
phase of the signal to produce the second version of the signal. The phase shift circuit may comprise a
Hilbers filter hamdoshéftiper oasystoralsridd Ehiftngcdiph deemfitietisig neddic ado tasgoTdeeick Afiry, the
memory, and the logic may comprise parts of a capture channel of automatic test equipment (ATE). The
capture charfaltmminpsfoeneceidind sigmdisfrahby deaiodituerdel thest B TYsThaaiteudmy, the memory,
and the logic may comprise parts of a source channel of 5the ATE. The source channel may be for
providing sigreatstdatie the irrmony flgstortivn.(look-up table) may comprise plural first correction values,
which are for use in correcting for a first N harmonics caused by the static non-linearity. The plural first
correction values, di(x), may comprise: Ar

SUMMARY
10 This patent application describes methods and apparatus, including computer program
products, for reducing harmonic distortion in an instrument channel of a device, including,
but not limited to, ATE.
In general, this patent application describes an apparatus comprised of circuitry
configured to pass a signal in a channel of the apparatus, and memory configured to store
15 first and second correction values. A first correction value is based on a first version of the
signal, where the first correction value is for use in correcting static non-linearity associated
with the channel. A second correction value is 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
20 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



10d1(x) =Hn cos(On - n0) cos(n cos-1(x)), n=2 where H" is a magnitude of an nth harmonic, O" is a
phase of the nth harmonic, x is a sample value of a signal in the channel, and p is the phase of a
fundamental signal that produces harmonics. The plural first correction values may be configured for
correcting aliased 15harmonics. Furthermore, H =1H(fnan")1, On= ZH(fnan") where fnalias = nf0O mod Fs,
with nfo corresponding to an nth direct harmonic, and Fs 2 20corresponding to the sampling clock
frequency offther chahsieftiAfienaptboatyriselHift omod yihaseZH thoagavbe b diat P8 thEhafarenddy, with nfo
corresponding to an n direct harmonic, and Fs 22

10

15

20

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.

A first LUT (look-up table) may comprise plural first correction values, which are for
use in correcting for a first N harmonics caused by the static non-linearity. The plural first

correction values, di(x), may comprise:

d,(x)= iHn -cos(0, —n@)-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 the phase of a fundamental signal that produces
harmonics. The plural first correction values may be configured for correcting aliased

harmonics. Furthermore,

b

Hn = |H(fnalias)
9/1 = Z[_I(j(./ftalias)

Fs . . . .
where f ... =nf, mod7 , with nfy corresponding to an n™ direct harmonic, and Fs

alias

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



corresponding to the sampling clock frequency of the channel. 5A second LUT may comprise plural
second correction values, which are for use in correcting for a first N harmonics caused by the dynamic
non-linearity. The plural second correction values, dQ(x), may comprise: Ar d (X) =I nsin(Oo - nO).cos(n
cos-1(x)) , or n=2 Ar 10d (X) =I " sin(Oo - n0) sin(n sirii (X)) n=2 where H" is a magnitude of an nth
harmonic, 9" is a phase of the nth harmonic, x is a sample value of a signal in the channel, and p is the
phase of a fundamental signal that produces hafmemigsy,The|second first correction values may be
configured for correcting aliased 15harmonics. uﬂhtzrﬁ{ze&: H(f oao")1 = ZH(f nao") where fal z = nfo
e

mods , with nfo corresponding to an nth direct harmohic, s n 2 20corresponding to the sampling

clock frequency of the channel. Alternatively,

Fs Fs . . . .
where f, .. = 5 nf, mod7 , with nfy corresponding to an n™ direct harmonic, and Fs

corresponding to the sampling clock frequency of the channel.
5 A second LUT may comprise plural second correction values, which are for use in
correcting for a first N harmonics caused by the dynamic non-linearity. The plural second

correction values, do(x), may comprise:

dy(x)= —ﬁ: H, -sin(0, —n¢)-cos(n-cos ' (x)), or

10 d,(x)= —i H, -sin(0, —n¢)-sin(n -sin ' (x))

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 the phase of a fundamental signal that produces
harmonics. The second first correction values may be configured for correcting aliased

15 harmonics. Furthermore,

Hn = |H(fnalias)
9/1 = Z[_I(‘f/ftaliots)

Fs . . . .
where f, .. =1/, mod7 , with nfy corresponding to an n™ direct harmonic, and Fs

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



= -T1F 1-(f oao")1 On= -ZH(foth") where La FsFs.th =-nfo mod-, with nfo corresponding to an n direct
harmonic, and Fs 22 5corresponding to the sampling clock frequency of the channel.The negative and
positive signs of Hncorrespond to the upper and lower equations for dQ(x) respectively. 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, the channel. The one or more filters may be
configured to compensate for harmonic distortion from the channel The logic may comprise circuitry to
combine the first correction value and the second correction value to produce a sum, and to subtract the
sum from the signal, thereby reducing the harn}@nnizeqismai%p) The apparatus may be one of automatic
test equipment (ATE), a data converter circuit, & sign ere}tor, and a spectrum analyzer. In general,
this patent application also describes one or mote maching‘readable media 15comprising instructions that
are executable to generate correction values that are usable to compensate for harmonic distortion in a
channel of an instrument. The instructions are for causing one or more processing devices to generate
first correction values for ygg in correcting static non-linearity associated with the channel of the
instrument, t8R¥6re/the fir Oﬂééﬁéﬁ?m@!ﬁﬁlﬁ’@?ﬁiﬁ%ﬂ rafeisebisied kyiponiomydilies for use in
correcting 20 dynamic non-linearity associated with the channel of the instrument, and to store the second

correcfion V%'B‘r‘?%sﬁ%iﬂ?t%héﬂeeg?ﬁj}sp'%1%‘&%%’136@%?9@%%%‘%&%@rﬁ%ica?{‘v% 2 %rs“ft&f the foregoing,

or the following, feéatures: correction values may or use intorrecting for a?irstN

harmonics cayised by (%, SUBIR PRMIORRIN TR VS SRTIRSHORoYaYRS g may, comprise:

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, the channel.
The one or more filters may be configured to compensate for harmonic distortion from the
10 channel. The logic may comprise circuitry to combine the first correction value and the
second correction value to produce a sum, and to subtract the sum from the signal, thereby
reducing the harmonic distortion. The apparatus may be one of automatic test equipment
(ATE), a data converter circuit, a signal generator, and a spectrum analyzer.
In general, this patent application also describes one or more machine-readable media
15 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 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 memory, to generate second correction values for use in correcting
20 dynamic non-linearity associated with the channel of the instrument, and to store the second
correction values. The machine-readable medium/media may also comprise one or more of

the foregoing, or the following, features.



Ar d1(x) =1-1" cos(8" - n0) cos(n cos-1(x)), n=2 5 where H" is a magnitude of an nth harmonic, % is a
phase of the nth harmonic, x is a sample value of a signal in the channel, and p is a phase of a
fundamental signal that produces harmonics. When the phase, cp, of the fundamental signal is zero, the
first correction values, di(x), may comprise: 10 Ard I (X) = llI" cos(8") cos(n cos-1(x)). n=2 The first
correction values may be configured for correcting aliased harmonics. If a direct harmonic occurs in an
odd Nyquist zone ofkedamtplimgpciockythes mBy-be &ihige it JoreectngH 4y findt ¥ hdnaloiais scadiSehods |
with nfo corresponding to an nth direct harmonic, and Fs 2 corresponding to a Nyquist frequency
associated vbighthihetsignadnH ithemiiye ct eafirso nic 12000 wedlies adi (@) emdyyauiprsene of the sampling clock,
then =1H(f nan")1

N
d,(x)=> H,-cos(6, —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. When the phase, ¢, of the fundamental signal is zero, the first correction values,
di(x), may comprise:

10

N
d,(x)=Y H,-cos(6,)-cos(n-cos ' (x)).
n=2
The first correction values may be configured for correcting aliased harmonics. If a
direct harmonic occurs in an odd Nyquist zone of a sampling clock, then

15

Hn = |H(fnalias)
9/1 = Z[_I(‘f/ftaliots)

where f

nalias

Fs . . . .
= nf, mod7 , with nfy corresponding to an n™ direct harmonic, and Fs

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

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



=-ZH(fnan") The second correction values may be for use in correcting for a first N harmonics
5caused by the dynamic non-linearity. The second correction values, dQ(x), may comprise. Ard (X) =H n
sin(On - nO).cos(n cos-1(x)) , or n=2 d (X) =H sin(9 - n0) sin(n sin' (X)) n=2 where H" is a magnitude of
an nth harmonic, 9" is a phase of the nth harmonic, x is a sample value of a signal in the channel, and p is
a phase of a fundamental signal that produces harmonics. The second correction values may be
configured for correcting aliased harmonics. If &direlgy harmahic occurs in an odd Nyquist zone of a
sampling clock, then =1H(f nan")1 On = ZH(fn "):V!hfiﬁa(f liag = nf0 mod Fs, with nfo corresponding to
an nth direct harmonic, and Fs n 2 correspondirig to the satiipling clock frequency associated with the
signal. If a direct harmonic occurs in an even Nyquist zone of the sampling clock, then

where f

nalias

Fs Fs
=— —nf, mod—.
2 /o 2

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

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

dy(x)= —ﬁ: H, -sin(0, —n¢)-cos(n-cos ' (x)), or

dy(x)= —i H, -sin(0, —n¢)-sin(n -sin ' (x))

10 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. 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

Hn = |H(fnalias)
9/1 = Z[_I(‘f/ftaliots)

15

where f

nalias

Fs . . . .
= nf, mod7 , with nfy corresponding to an n™ direct harmonic, and Fs

corresponding to the sampling clock frequency associated with the signal. If a direct
harmonic occurs in an even Nyquist zone of the sampling clock, then

20



=-111(12,0")1 0 = -ZH(foao") where La = -Fs -nfo mod-Fs .The negative and positive signs of even
Nyquist zone alias 22 magnitude (H)correspond to the upper and lower equations for dQ(x) respectively.
5 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. DESCRIPTION OF THE DRAWINGS 10Fig. 1 is a block diagram of ATE for
testing devices. Fig. 2 is a block diagram of a tegtes gged/in the ATE. Fig. 3a is a block diagram of a
source channel of the ATE. Fig. 3b is a block djagram capture channel of the ATE. Fig.4is a
block diagram of look-up tables (LUTSs) and assdciaté cﬁ ct‘j"ﬂ% used to 15compensate 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 corggtionausing %YE—%T&@(& 5 The negative and positive signs of even Nyquist zone alias

nalias

magnitude (H,)correspond to the upper and lower equations for dp(x) respectively.
5 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.

DESCRIPTION OF THE DRAWINGS
10 Fig. 1 is a block diagram of ATE for testing devices.
Fig. 2 is a block diagram of a tester used in the ATE.
Fig. 3ais a block diagram of a source channel of the ATE.
Fig. 3b is a block diagram of a capture channel of the ATE.
Fig. 4 is a block diagram of look-up tables (LUTs) and associated circuitry used to
15 compensate 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.

20 Fig. 6 shows signals compensated for harmonic distortion.



20Fig. 6 shows signals compensated for harmonic distortion. Fig. 7 shows examplesof sinusoidal
test signal distorted by both a static non-linearity and a dynamic non-linearity, as well as the LUT
correction data plotted vs. full scale input range [-1,1]. Fig. 8 shows the magnitude response of an
example of a filter with 32 taps and anti-5symmetric filter structure. Fig. 9 shows a plot of a possible
correction of a given harmonic in decibels vs. the filter passband ripple, also in decibels. DETAILED
DESCRIPTION 10Refefrihgws Bignblessfstarsoldufdestesting disevicé iynbehtest(Dud)-1desuth as a
semiconductor device, includes a tester 12, such as automatic test equipment (ATE) or other similar
testing devicedlfodymatrot testdimtarisystemellGsribitES aooespoteday stoted4 shatllsedtacgsitvith tester
12 over a hardwire connection 16. Typically, computer system 14 sends commands to tester 12 that
initiate the exawgtioh, bl routines and functions for testing 15DUT 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 DU fhshphye testaddhytwistesnatGe Borexammuids oflaTd tarayitbe3gdapicandlastor devices
such as an integrated circuit (IC) chip (e.g., memory chip, microprocessor, analog-to-digital converter,
digitalsto-analogreeimigeitiés: 1wgt@OTo provide test signals and collect responses from the DUT, tester 12
is connected to one or more connector pins that provide an interface for the internal circuitry of DUT 18.
To test some DUT ig.d shewnamias ixppseibtaorarstinmafediveariyreighicdorisedidls pinghor more)
may be interfaced to tester 12. For illustrative purposes, in this example, semiconductor device tester 12
is connectediitconessommietrplginlsf DUTCBlvia a hardwire connection. A conductor 20 (e.g., cable) is
connected to pin 22 and is used to deliver test signals (e.g., PMU test signals, PE test signals, etc.) to the
internal circuitry of DUT 18. Conductor 20 also senses signals at pin 22 in response to the test signals
provided by 5semiconductor device tester 12. For example, a voltage signal or a current signal may be
sensed at pin 22 in response to a test sighdf GAHSEATVVEEBONBLMOr 20 to tester 12 for analysis. Such
single port tests may also be performed on other pins included in DUT 18. For example, tester 12 may
providie test signalsRefoties iddsand aaiemakddeidestinggriaviceflostedter R blorldoadelcesrs (that

deliver the provided signals). By collecting the reflected
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

15 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.).

20 To provide test signals and collect responses from the DUT, tester 12 is connected to
one or more connector pins that provide an interface for the internal circuitry of DUT 18. To
test some DUTs, e.g., as many as sixty-four or one hundred twenty-eight connector pins (or

more) may be interfaced to tester 12. For illustrative purposes, in this example,



10signals, the input impedance of the pins may be characterized along with other single port testing
guantities. 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. 15Along with performing one-port measurements, a two-port test
may also beseeriorndedtby demirmntiudidisdavivected ter AR, Foonestanpies RESE sRymal ataydyariajected
over conductor 20 into pin 22 and a response signal may be collected from one or more other pins of DUT
18. This responsecsignalis prdvitet2tb(semiciicustordevicd tepior2l2atul deteadhinal gjinaartitisss, such as
gain response, phase response, and other throughput 20measurement quantities. Referring also to
Fig. 2, to senizeald Catle CiMBStsigrighs s oRE nesttitadermiedtor thingiefza DiiiTuiorym GRPIE KUTS),
semiconductor device tester 12 includes an interface card 24 that can communicate with numerous pins.
For exampleCintduface’faats @densay sigmssrit pest2 Sigrakp cosetg.(i82¢84) gralvprpimdediy collect
corresponding responses. Each communication link to a pin is typically referred to as a channel and, by
providing tesesigaldudga frgeerfastiydi2oflshanneipldesingagneignabdueedrsinteignaltiply tests may be
performed simultaneously. Along with having many channels on an interface card, by 5including multiple
interface carsinsndestan 22, ithesspomslitoaresesighdmarssist inareesedatos 2biofigtsed Pelducing testing
time. In this example, two additional interface cards 26 and 28 are shown to demonstrate that multiple
interface caretsinsly. poyptilateglespertigstEmely mserbeqeedardidotndebes piodivwiaddatedpiidd! Sircuit (IC)
chip (e.g., an application specific integrated circuit (ASIC)) for performing particular test functions. For
10example, Irteeiasepdertestarihginde 1oy uhipesosienge Hoothing paraid ewiterieasmeree atznals

reflected back over conductors (that deliver the provided signals). By collecting the reflected

10 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.

15 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

20 measurement quantities.

Referring also to Fig. 2, to send and collect test signals from multiple connector pins
ofa DUT (or multiple DUTs), semiconductor device tester 12 includes an interface card 24

that can communicate with numerous pins. For example, interface card 24 may transmit test

-10-



(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 15current signal to the DUT to determine such
guantities as input and output impedance, current leakage, and other types of DC performance
characterizasignslsR& testing, iododvd2 Sendingdioltest sigrafendmgavsfonses, tbaaDUT (e.g., DUT 18)
and collecting responses to further characterize the performance of the DUT. For example, IC chip 30
may transmit¢tortheiDitioh Adktest signalyphat he presed ta veetoraphblrad; balpes fdmgtmsige on the DUT.
200nce these binary values have been stored, the DUT may be accessed by tester 12 to determine if the
correct binasigralisds hiargeentstood dh8inels, digitak digrails typiced yimsi uld g rues tsottag betransitions,
the circuitry in PE stage 34 on IC chip 30 operates at a relatively high speed in comparison to the circuitry
in PMU stagpesformed sitouliassdveti. DGoagd AT hestnsignals lomnicdlterfase iotada24 oDy 18, a
conducting trace 40 connects IC chip 30 to an interface board connector 42 that allows signals to be
passedl on aindloffingerfdtelbosii2: ¢atdstactedontd, sbaneetoll 4anbelsd dommetieactoaaesonductor 44
that is connected to an interface connector 46, which allows signals to be 5passed to and from tester 12.
In this exampietebyridubreduisninsbogdne. idteffatexeomiedwe 48diviobrbintutfioratasidmitt padsage
between tester 12 and pin 22 of DUT 18. In some arrangements, an interface device may be used to
connect oneZdraroreovonifudtorenfrisatetdstenaRipdet e e, Rodsexanpieuthie DB (9., DUT 18) may be
mounted onto a device interface board (DIB) for providing access to each DUT pin. In such an
arrangement, 10coRdeitioic2Genagidarsdmdrsctalddsatns DiBgoiqsl avingt€st)sihra(s.n ahe appropriate
pin(s) (e.g., pin 22) of the DUT. In this example, only conducting trace 40 and conductor 44
respectively ammisetoIC e g8 ndggiaied iace AU tondeliivering pantcodiciethfrsigioals. Fliowever, IC
chip 30 (along with IC chips 36 and 38) typically has multiple pins (e.g., eight, sixteen, etc.) that are
15re§|9ect|veq§«8¢@pinem@dfwmmI%fbléCé@MJéhn@mé@égrmwf@m@gpmmrmmm@mt préfviding and
collecting signals from the DUT (via a DIB). Additionally, in some arrangements, tester 12 may connect to
two or more BME)tnsinandapinglessanenddis isrsvidedcbipidtefacelddkdstage 33 thatdneBidsone or

multiple devices under test.
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

15 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.

20 Once these binary values have been stored, the DUT may be accessed by tester 12 to
determine if the correct binary values have been stored. Since digital signals typically
include abrupt voltage transitions, the circuitry in PE stage 34 on IC chip 30 operates at a

relatively high speed in comparison to the circuitry in PMU stage 32.

-11-



To initiate and control the testing performed by interface cards 24, 26, and 28, tester 2012 includes PMU
control circuitry 48 and PE control circuitry 50 that provide test parameters (e.g., test signal voltage level,
test signal current level, digital values, etc.) for producing test signals and analyzing DUT responses. The
PMU control circuitry and PE control circuitry may be implemented using one or more processing devices.
Examples of processing devices include, but are not limited to, a microprocessor, a microcontroller,
programmable logid ¢(epgss hdiblPprogt drhneb e grate Fomayhtertao cachidiratidfils) fhereoflia@ster 12 also
includes a computer interface 52 that allows computer system 14 to control the operations executed by
tester 12 antratsd@towsdatb(ehgp, 18 $0 paradias bt cesponsel), tig. htowasghatveds Stester 12
and computer system 14. Figs. 3a and 3b shows representative circuitry 54 and 55, e.g., digital signal
processing lpgiscCircaitdyostisiedss hmmyddpdntofibe ErdaymaftdTR. iCHsuitynbdcisptriaof a source
channel, since it provides test data to a DUT. Circuitry 55 is part of a capture channel, since it receives (or
"captures") datalfrgm tHetiDUT camichtédbeantgdner atethéntdOdéspdnde adove tgsiatiatiabe  Source
channel circuitry 54 includes a source memory 56, which stores digital data that is used to generate test
signal$ to outpssetbt@UT §PnAtenemBly kedueercanyo, sutplusiehddtigitahdedtedComsetiacedata from
look-up tables (LUTSs) 60 is then applied to the digital data. LUTs 60 include one or more LUTSs stored in
memory, andaisechckidéonbsdviettidnbbsimmaitpassacddstribet bt vt speceidEig. 18. The
correction data is used to compensate for harmonic distortion in the digital data before that distortion is
introduced (eagneyringdmatsl@sonbathbeiswicd mghidinmpbsrienvatiost, ehe aomrexstiomdattors Edaed to the
digital data; however, other implementations may use a different way to combine the correction data and
the digital ddgateTHE tothedtddldidiealcaarapis.dhphdld kd digitilid-dhaty 2odoatitdraACi@isevhich
generates analog signals that correspond to the corrected digital data. A driver 62 (e.g., an amplifier)
outputs the retuttiag tetatbd dBhkis peosidogtinsesSitteeasariRGH pin.tHis sweplemrariagoncite filter bank
may be a switchable filter bank. The switchable filter bank may include one or more filters (e.g.,
capadftors) thendieiaitonal ecineanostodtoththblEhmmdicarmieshictnaiay bhcopprppetadatonuate
analog signals and to compensate for harmonic distortion from the channel. It is noted that switchable
filter bank 64h@edindebefitietdded in circuitry 54. Capture channel circuitry 55 receives analog signals
from DUT 57, and applies them 5to optional filter bank 65. Filter bank 65 may be a switchable filter bank
of the type describddl Bsocxarapld.maly appilpetigaitiaecfaog exdamsonds ropsdtively sonapeidie filter bank
65 need not be included in circuitry 55. A driver 65 provides the analog signals to analog-to-digital
converter (AN 87 axDaiaes hoardsthiondealygrsigrad eolingitas dimaleorevtser déihorO0LUTs 60 is

then applied to the digital data. The correction data is used
(along with IC chips 36 and 38) typically has multiple pins (e.g., eight, sixteen, etc.) that are

15 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

20 12 includes PMU control circuitry 48 and PE control circuitry 50 that provide test parameters
(e.g., test signal voltage level, test signal current level, digital values, etc.) for producing test
signals and analyzing DUT responses. The PMU control circuitry and PE control circuitry

may be implemented using one or more processing devices. Examples of processing devices
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10to 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 1569, from which it may be retrieved by a controller 70
analysis.  ihnlbdththieasooecdanddcapunschannelsos dinsctaligitabBynthesirenibIs ) ¢got (shown in the
figures) may provide input to a phase locked loop (PLL) to provide triggers for the ADC and DAC. A
description cf fleédsoogresiofapbsgiittensay)casdaittamionitidigso theredd. sétsomntH 20lselow|uddoaved by a
description of processes for determining the correction data that is to be stored in LUTs 60 for use in
correcting haxmpnicdistorion 52 th# atlnericodigigrionsiasulitg ¢rotmoh dre- ipesritynceaxcbetgberated
anywhere in an AC channel signal path. Examples of sources of harmonic distortion include, but are not
limited to, theeftifollingd ds@atbrwedasa (6.g., IDACAEMADE) IRt rakporsdinetriiyqiNL) betorsndata
converter differential non-linearity (DNL) errors; passive component non-linearity in the filters or analog
signalypath dtstes thandehmpyteveitsigerdépendent capacitance C(V), voltage-dependent resistance R(V),
and current dependent inductance L(l); 5slew-rate limits of amplifiers in the channel; voltage-dependent
capacitance in actiagsirdaitadBthshewamercssnshise substratedjandtion «gradiwtadffigmal in non-inverting
amplifier topologies; timing errors in multi-pass data converter architectures, such as pipelined or
subranging ARCsssawl eligitalsigwishpté cadsdy (DS} pigh ehidenBlostegecrE AlFicK ireytpréduge high
order harmonics that may alias into a passband of the channel. 10Sources of non-linearity in the channel
can be sepapatédiiateoturs itldepehdemermadestdstigstalath dyndPid Statieunon Jineapist depeapisienly on
the current state (sample value) of the channel, and not on a previous time history of sample values.
ConsequentBhasiaglcstare-insasityeis(pefaraptines Asdaiaciivontie $3U T orhaglahgsiberasisnsrasedua errors in
the reference of a data converter generate INL and DNL errors that depend only on the current sample. It
15is nbted thasnadivitublartesisdete: 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 produéesisechennek eiepetir vhibotdescurperesaepeyafuavbiohsterashigiaidtthe past
history of sample values for the channel One such error occurs in slew-rate limiting amplifiers. In
slew-rate linfifiFgsaippslitie esnarptrtpsfifieanslsugpertenideiDET 57. A memory sequencer 59 outputs the

digital data. Correction data from look-up tables (LUTs) 60 is then applied to the digital
data. LUTs 60 include one or more LUTs stored in memory, and also include associated

15 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

20 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 switchable filter bank. The

switchable filter bank may include one or more filters (e.g., capacitors) that are switchable
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20function 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(l) characteristics also requires knowledge of past history, since error(s) introduced by
such components may include a phase shift of the output signal. Relatively accurate compensation of
converter AC non-linearity in a signalcan require precise measurement of the magnitude and phase of the
harmonics. Stmeimpled)dntatienscbusel frdgcency delectifiguaedlog fittensteogedlogrsigithla gohtplementary
converter to perform the measurement. For example, a source may be calibrated at a particular frequency
using a notchdfiieensetetéoe d bt fdeyorionyfanm tha cnoaldbr dtad whititzbat Thaahetdh filter im@mployed to
reduce the chancethat the digitizer distortion corrupts measurement of the source harmonics. 10Harmonic
distortion prédused byt begndudadon-timeaitife®ddescribed above, is periodic relative to a fundamental
calibration test signal (e.g. a signal used to generate error correction values for storage in LUTs 60), and
produces a finite naper¢Nhafichomanicy dbhoeeizascisd dpsigodthtaypdtdn. Thasdthipherthomic
distortion d(t) can be modeled using a general Fourier Series expansion as follows: 15 d(t) =IHn cos(n
co t+50n),0)aptiRnehEtet befibre o firter, Bank wheray lerpamdtntied e haagrifutie tapd phase of an nth
harmonic as measured by Fast Fourier Transform (FFT) processing of a sampled and quantized test
20signal usedtsoribedibhationand mapyidnalgandh asatifg) sizedsiation ioic¢dmberdepabdtddtato an
orthogonal superposition of an even function and an odd function, as follows:

bank 65 need not be included in circuitry 55. A driver 65 provides the analog signals to

analog-to-digital converter (ADC) 67. ADC 67 converts the analog signals to digital data.
Correction data from LUTs 60 is then applied to the digital data. The correction data is used
10 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
15 69, from which it may be retrieved by a controller 70 analysis.
In both the source and capture channels, a direct digital synthesizer (DDS) (not shown
in the figures) may provide input to a phase locked loop (PLL) to provide triggers for the
ADC and DAC.
A description of the sources of possible sources of harmonic distortion is set forth
20 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
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X(t) = XE(t)+ xo(t), where xE (t)= X [x(0+ x(-0] and xo (t)= X [x(t)- x(-01 5The Fourier transform of this
resulting test signal, x(t), can be written using the following superposition Xt (CO) = X R (CO) ti X 1(CO)
10where X R(0)) and X 1((o) are the real and imaginary parts of X(co). A useful property of real-valued
signals, exploited in the linearity correction process described herein, is Hermitian symmetry, i.e., that X
R(0)) and X 1(o) are equivalent to the Fourier Transform of the even parts and the odd parts, respectively,
of x(t). linitedzndihg fedjuating: (d3talsouedrito @vendAC oddiethstesin tigdmearetlyid entities
15yields the following general expression for harmonic distortion: d(t) =I1 - " [cos(8 ,z) cos(nh co O-s
n(en) sin(nevor) @y noverter ddilccanstatiomdmdaresihNoduces passrsethamgepernichomy on the current
amplitude 20(e.g., sample value) of the fundamental calibration signal, it follows that the error function
produced bylthisriigndithediitgmestiboge siemagmid sythmeinpad the fundagredtatoddiration signal.
Choosing an even function for the fundamental calibration signal, such as a zero phase cosine, ensures
that static nonlredaityefrodices distaltimmdaat issretioctaddi(¥onaplbtalydnt tiepeadéparndoicthecE ET)In this
case, with purely static non-linearity and no dynamic component, the distorted signal is an even function,
the FBT is colawleatdyliretss-vhhrepliberd Betaationngd) vellagesi¢tpeadet(t caprtitamesii8ac)icosifnuite t)(3)
of the channel, such as substrate junction varactor effects in non-inverting amplifier
topologies; timing errors in multi-pass data converter architectures, such as pipelined or
subranging ADCs; and digital signal processor (DSP) sign extension errors, which may
produce high order harmonics that may alias into a passband of the channel.
10 Sources of non-linearity in the channel can be separated into two independent modes:
static and dynamic. Static non-linearity depends only on the current state (sample value) of
the channel, and not on a previous time history of sample values. Consequently, static non-
linearity is referred to as “memory-less”. For example, resistor value errors in the reference
of a data converter generate INL and DNL errors that depend only on the current sample. It
15 is noted that individual 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 is a
20 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
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n=2 where On = 0, w for all n. 10If 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 signal, the odd
component must have originated from non-linearity with memory (i.e., dynamic non-linearity). Thus,
dynamic non-linearity produces a component of the error signal (harmonic 15distortion) with orthogonal
symmetry tokhexleddamiepist lvalibraton signad(s). enfrodddé dHe furcd aimaptaleoddibratiorlsignalpkasccosine
signal. Static and dynamic non-linearity can be separated and measured independently using a
combinationsbiighthlepraipessiggatheory and ATE mixed-signal synchronization. If a calibrator uses a
pattern to trigger an ATE capture instrument at a peak of a sinusoid 20produced by an arbitrary waveform
generator (AWG) sBgtaeytheartheatalibnaionsesioesploin thesyiremyl mopeytiescighel Goudgniteansform
to determine a distortion compensation function. In this case, the captured calibration test signal, y(t), has
the form of arersgphaseicwsme ofithcadaitive deaandophie sdistatttolmdtynsuschStiae: i) lemes(atiots d(t). 5
The error signal (d(t)) produced by a combination of static and dynamic non-linearity can be generated
digitalby usingsarreqtirogpselcotisisaohbigdidog tusitefurittionen®lagnpionentation thpetisas a Hilbert
Filter to generate the quadrature component of this basis in conjunction with look-up table (LUT)
memories istbhoveasuréFigute Bor oMo s pesificaimaydeacm e helr mpriccdistdiianesignadirgperiodic
and real valued, the harmonic distortion signal can be represented by a general Fourier Series with an
orthogonal baggighdilsinecatateshasitimfirrsionsysidgiegoeaida)l digitszdt.islpogwitsle fidtetigitally
reconstruct the harmonic distortion signal using two look-up tables: an "I-LUT" addressed with the
fundamentalesigiaicaria regesaliet thancstagthirdiybdanyligtrtirataperupts measurement of the

source harmonics.

10 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 error correction
values for storage in LUTs 60), and produces a finite number (N) of harmonics above a noise
floor of the system. Thus, this harmonic distortion d(t) can be modeled using a general
Fourier Series expansion as follows:

15

d(t):iHn-cos(n-a)-t+6n), (D)

n=2

where ¢ refers to time, and where H, and 6, are the magnitude and phase of an n" harmonic

as measured by Fast Fourier Transform (FFT) processing of a sampled and quantized test
20 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:
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15signal followed by a 90 phase shift Hilbert filter. The reconstructed harmonic distortion signal may then
be used to compensate the channel non-linearity by predistorting the input to a digital-to-analog converter
(DAC) (for a source channel) or with post-conversion correction of an ADC output (for a capture channel).
Referring to Fig. 4, static non-linearity is compensated using an "in-phase” look-up 20table (I-LUT) 71 to
implement a memory-less correction function that depends solely on a current value of x(t) (the signal
being corrected),In an example, dynamic non-linearity is compensated with a memoryless "quadrature”
look-up table (Q-LUT) followed by a 90 degree phase shift 72, which may be constant over a broad
frequency range. The group delay of this digitalf)ltetcptay+balénce with a pipeline of M shift register stages
inserted in the ILUT signal path. Regarding Fig. 4, the labels of x(t)+d(t) at the input and x(t) at the output
imply a signal flow for the capture case. In the source case, the block diagram is the same only the labels
change to x(t) at the input and x(t)+d(t) at the output, given that we pre-distort 5the source prior to the
D/A. As inHa. 4., ror_correcti ta oL s Qf I-hUT 71 and Q-LUT 74 are combined
using an adt?t‘?%%%@odﬁcﬁﬁgt?r(o?&%?v%gﬁisﬁwMUb%];(aclj?fd from the input signal. The
conﬁgwaﬂonofF©T4 n bhe used orLUT.60in%heca ture channel shqwn in Fig. 3b, and for LUTs 60
in the Source channéfegﬁg USSR ST POEUR ARG ST R ﬁ% PR BT YA plements a
polynomial function, fun, of its address, which is defined as follows: fLUT(X) =la n xn n=2 15This
polynomial d@LEHHES SHRFERRSISLRss non-linearity. The nth term of this non-linearity produces an nth
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
20imaginary part of the calibration signal{FD. DédifingthéMLUT correction data includes

10 where X ,(w)and X,(w) are the real and imaginary parts of X (). A useful property of
real-valued signals, exploited in the linearity correction process described herein, is
Hermitian symmetry, i.e., that X ,(w) and X, (w) are equivalent to the Fourier Transform of

the even parts and the odd parts, respectively, of x(t).

Expanding equation (1) above into even and odd terms using trigonometric identities

15 yields the following general expression for harmonic distortion:
N
d(t)=>"H, -[cos(0,) cos(n-w-t)—sin(6,)-sin(n- o -)] )
n=2

Since static non-linearity produces errors that depend only on the current amplitude
20 (e.g., sample value) of the fundamental calibration signal, it follows that the error function

produced by this non-linearity must have the same symmetry as the fundamental calibration
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mapping the harmonic distortion from a function of time to a function of amplitude, given that the I-LUT is
addressed by a current sample value (amplitude). LUT CORRECTION VALUES: FIRST
IMPLEMENTATION Exploiting the choice of a zero phase cosine for the calibration signal, the I-LUT
can be determined directly from the real part of the test signal FFT, and similarly the Q-LUT can 5be
determined directly from the imaginary part of the test signal FFT. Determining the lookup table correction
data includesignahpiiig thglistartiontinorhica fion chieo fuofl timental adiuretion efzaalplitckles givero that the
tables are addressed by the current sample value. Each harmonic real component (cos(On)cos(n co
t)) may be represanedeasmmweigivtesiginlyoohmahin yponwdns asfdiesftoon)iiths iefattal thepldidis the
primary data 10stream given by x(t) = cos(co t). For particular amplitude of x , the time at which it
occurred withirthbecfit plakiadf tyeclelis. gilrethisycase.coith posiy (trtwherel iheafilll sedleordyiganXcE r[1,1] is
mapped to t E 0, hC . Errors associated with each co 15code value in the second half cycle may be
identical to thenspenespdhdihigtedce syahaés imnthrecfirBivtib myible Idilen tompletclymedésslpedpanty of the
static distortion. Substituting for the variable t in equation 3 above gives the following equation for loading
the I-LUT baspaiaenttd FRdTcksatmonic amplitude and phase data: Ar 20di (X) = llin cos(8 ") cos(n
cos-1(X))(4)

d(t) = iHn ~cos(0,)-cos(n-w-t) 3)

n=2

where 6, =0,7 forall n.

10 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 signal,
the odd component must have originated from non-linearity with memory (i.e., dynamic non-
linearity). Thus, dynamic non-linearity produces a component of the error signal (harmonic

15 distortion) with orthogonal symmetry to the fundamental calibration signal, i.e., odd if the
fundamental calibration signal is a cosine signal.

Static and dynamic non-linearity can be separated and measured independently using
a combination of signal processing theory and ATE mixed-signal synchronization. If a
calibrator uses a pattern to trigger an ATE capture instrument at a peak of a sinusoid

20 produced by an arbitrary waveform generator (AWGQ) source, then the calibrator can exploit

the symmetry properties of the Fourier Transform to determine a distortion compensation
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n=2 The last term in equation (4) may be recognized as a Chebyshev trigonometric polynomial T(x)
where Tiz(x)= cos(n cos-1(x)) generates cos(n co t) with an nth order polynomial in x = cos(coo t). 5In
order to utilize the Chebyshev generating function to determine the Q-LUT table values the imaginary
component of the nth harmonic may be represented as a weighted polynomial in powers of cos(to t)
given that the table is addressed by the current sample value. This mapping can be accomplished using
the Hilbert trimsfoem HOdesesihecveipured calibretipratatippaopip ohenthefftite diftortionptiestribed in
equation 2 can be generated with a 10trigonometric polynomial as follows d (t) =-E Hn sin(On) sin(n
co t) n=2 ATesute With sitd0i2§ leos(enicalistor)iond@)=siu€HHatsin(On ) H{cos(n co t)) n=2 =HE Hn
sin(On ) cos(n co O

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.

10 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 the fundamental signal and a parallel “Q-LUT” addressed by quadrature

15 signal followed by a 90° phase shift Hilbert filter. The reconstructed harmonic distortion
signal may then be used to compensate the channel non-linearity by predistorting the input to
a digital-to-analog converter (DAC) (for a source channel) or with post-conversion correction
of an ADC output (for a capture channel).

Referring to Fig. 4, static non-linearity is compensated using an “in-phase” look-up

20 table (I-LUT) 71 to implement a memory-less correction function that depends solely on a
current value of x(t) (the signal being corrected).In an example, dynamic non-linearity is
compensated with a memoryless “quadrature” look-up table (Q-LUT) followed by a 90

degree phase shift 72, which may be constant over a broad frequency range. The group delay
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n=2 EH n sin(On) cos(n cos-1(x)) n=2 The Q-LUT shown in Fig. 4 is addressed by x and produces
an output d q(x) that, when passed through the Hilbert digital filter, produces d q(t) . Thus the Q-LUT data
is determined from the operand of the Hilbert transform in the above equation. 5 d (x) = -ZH sin(Oo)
cos(n cos' (x)). n=2 (5) Equations 4 and 5 provide closed-form solutions for computing correction tables
for the first N harmonics produced by non-linearity in an instrument channel. The process for computing
table entriesdbthandigibit fitldressyIbalhimpeantizespip &ific DAMrsidih regises singed heatcdlatgbdahe
corresponding error corrections using the equations for di(x) and &ix). These expressions are only valid if
the harmonid-Bifiplguaestnd Regmdmpekigt 4.0he RbElprdeébsit@) an thacapuirendfxdty et thplaseucosine

fundamental calibration signal.

10

15

20

imply a signal flow for the capture case. In the source case, the block diagram is the same
only the labels change to x(t) at the input and x(t)+d(t) at the output, given that we pre-distort
the source prior to the D/A.

As shown in Fig. 4, the error correction data outputs of I-LUT 71 and Q-LUT 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,

frur, of its address, which is defined as follows:
N
fLUT(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 includes
mapping the harmonic distortion from a function of time to a function of amplitude, given

that the [-LUT is addressed by a current sample value (amplitude).
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The foregoing process assumes an FFT measurement on a capture of a zero-phase cosine in order to
develop the concept and demonstrate the underlying symmetry that the 15digital correction
exploits.Although patterned-controlled ATE can very closely approximate this situation, in practice it can
be time-consuming to achieve, and the residual phase error resulting from variability in delay through the
instrument analog signal path may limit performance. Allowing an arbitrary trigger point for the capture
implies that the "calibration” signal used to measure the harmonic amplitudes and phases has the form 20
X(t) = cos(coo t+ 0)(6) where O is the arbitrary non-zero phase of the captured fundamental tone. This
more generdldprORRES TN Vet WA : AFERSApBYttiEdAndIebiapplications, where exact frequency
ratios are achieved for coherency and typical FFT measurements are indifferent to the fundamental tone
phase.If 0 is non-zérpplog gthamerital sigrairephisinsdsoth n beanldndtBoddgremiereht/dnchn
consequently both static and dynamic non-linearity produce mixed- symmetry outputs. Thus the I-LUT
and Q-LUT derdgensatishdiatxitly tamribd oea) erabie tidte tasireghfionl themé alraniat inthgiRahldoeaponents of
the harmonics directly. In order to use H, and On to correctly load compensation functions in the look-up
tabless an orblslytaralibedidiisctheéiten thounagiherhaariodithpiestei gosidiial rd3efeimgyifitogthise 10dynamic
linearity, i.e. On with the contribution from 0 removed. Recognizing that the nth term of the polynomial
describing tHeakemiaielesgartindideiansyiodan progingedadisttrtheritome imegpoedéitaet(ty and rotates
the phase of x(t), by n.0, the distortion can be described by Ar 15d(t) =1,11" cos(nh wot+n0+0"-n0)
function of amplitude, given that the tables are addressed by the current sample value.

Each harmonic real component (cos(8, ) cos(n - @ - t) ) may be represented as a
weighted polynomial in powers of cos(w-¢). The input to the I-LUT is the primary data

10 stream given by x(¢) =cos(® -t). For particular amplitude of x, the time at which it

occurred within the first half cycle is given by
t=w"-cos” (x).
where the full scale range x € [— 1,1] is mapped to ¢ € |:O, l:l . Errors associated with each
®

15 code value in the second half cycle may be identical to the corresponding code values in the
first half cycle given the memory-less property of the static distortion. Substituting for the
variable ¢ in equation 3 above gives the following equation for loading the I-LUT based on

the FFT harmonic amplitude and phase data:

20 d,(x)= ﬁ:H” -cos(0,)-cos(n - cos™' (x)) (4)

n=2
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n=2 Expanding the above equivalent form of the Fourier series representation of d(t) onto an
orthogonal basis of sine and cosine functions results in: 2v 20d(t)=IHnkos(8" -n 0) cos(n wo t+n O) -
sin(0 -n 0) sin(n wo t+n 0)1 n=2 If the channel non-linearity is purely static, then On - n0 = 0, w and
the sine component above is null. Thus each cosine term of the above expression is "in-phase” with the
fundamental, i.e. each harmonic term angle is rotated by n, the expected response due the 5nth order
component tohstdit reom-linequitiian ¢hercmabeetchyoontdrastthbaipshesrm gnuoivesibptiymatieh by n and
a quadrature phase shift from the fundamental. Thus the I-LUT error correction is determined from the
in-phase dis@r@dmﬂmmapping from the time to amplitude domains at its input 10t =(cos-' x Substituting
for t in the "in-phase” term for d(t) provides the following closed-form solution for computing the I-LUT
correction data. Ar 15di (X) = llln cos(8 %(p@ 893?9“ B9SY )(7) n=2 Following the methodology
described herein, and substituting ty = cdot +0 , the quadrature correction in terms of a non-zero phase

fundamental signal is . L
generates cos(n - -t) with an nth order polynomial in x =cos(w, ‘).

5 In order to utilize the Chebyshev generating function to determine the Q-LUT table
values the imaginary component of the n™ harmonic may be represented as a weighted

polynomial in powers of cos(w-#) given that the table is addressed by the current sample
value. This mapping can be accomplished using the Hilbert transform H{} described below.

The quadrature component of the distortion described in equation 2 can be generated with a

10 trigonometric polynomial as follows

N
d (ty==) H,-sin(0,) sin(n-o-1)
n=2
il T
=->H, -sin(On)-cos(n-a)-t—E)
n=2

_ —ﬁ:Hn .sin(en)-H{cos(n-w-t)}

N
-H —ZH -sin(@ )-cos(n-w-t)
B n

N
=H: - z H -sin(0 )-cos(n-cos™ (x))
= n
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de (t) =-EHe sin(Onn=2. n0) sin( nyt) n0) cos(nyf n0) H{cos(n vf)} =-NEH" sin(On - n0) H{T
"(x)} n=2 EHn sin(9n - n0) cos(n cos-1(x)) . n=2 The Q-LUT shown in Figure 4 is addressed by x and
produces an output d (x) that when passed through the Hilbert digital filter produces d e(t) . Thus the
Q-LUT data is 5computed from the operand of the Hilbert transform in the above equation, as follows: Ar
d (X) =-t Hu sin(8" - n) cos(n cos-1(x)) . n=2

The Q-LUT shown in Fig. 4 is addressed by x and produces an output d_(x) that, when

passed through the Hilbert digital filter, produces d (7). Thus the Q-LUT data is determined

from the operand of the Hilbert transform in the above equation:

5 d,(x)= —ﬁ: H  -sin(0,)-cos(n-cos™ (x)). &)

n=2

Equations 4 and 5 provide closed-form solutions for computing correction tables for the first
N harmonics produced by non-linearity in an instrument channel. The process for

computing table entries for an M-bit address LUT quantizes x € [— l,l] in 2™ values and

10 calculates the corresponding error corrections using the equations for di(x) and dq(x). These
expressions are only valid if the harmonic amplitudes and phases result from FFT processing
on a capture of a zero phase cosine fundamental calibration signal.

The foregoing process assumes an FFT measurement on a capture of a zero-phase
cosine in order to develop the concept and demonstrate the underlying symmetry that the

15 digital correction exploits.Although patterned-controlled ATE can very closely approximate
this situation, in practice it can be time-consuming to achieve, and the residual phase error
resulting from variability in delay through the instrument analog signal path may limit
performance. Allowing an arbitrary trigger point for the capture implies that the
“calibration” signal used to measure the harmonic amplitudes and phases has the form

20
x(t) = cos(w, -t + ¢) (6)
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(8) As previously described, the algorithm for computing table entries for an M-bit address LUT
10quantizes X E [- 1,1] in 2m values and calculates the corresponding error corrections using equations
(7) and (8). This process provides a comprehensive correction using harmonic information contained in a
coherent FFT of a capture with arbitrary phase at the trigger point.It is noted that equations (7) and (8)
reduce to equations (4) and (5), respectively, when the phase offset, cp, is zero. The range of validity of
this closed-fermernplemientabicnrsahitieaioghaes dmpepsatid fuofl botm ey emeand lod dnoredeistbrtion
produced by static or dynamic non-linearity up to order N. LUT CORRECTION VALUES: SECOND

IMPLEMEN RAgrath 3Aconasdhewaasa TEtbgplitstiitaplenentadinliafams, ieirikate theudadyl is the
primary data stream given by x(t) = cos(coo t). For a particular amplitude of x, the time at which the

sample occuiréek (withimisttey cldkisayendyphefeifomingisuFetRntd acomdéfer@t to tRubstituting coo-'
cos-1(x). for the variable t in equation (3) above results in the following equation, which is used to

determine th@idashEraeriest PhAatEr pAK oK) erd th€0H{8aheB08 (§1g69iScd@ihs both an even and

5 odd component and consequently both static and dynamic non-linearity produce mixed-
symmetry outputs. Thus the [-LUT and Q-LUT compensation tables can no longer be
determined from the real and imaginary components of the harmonics directly.

In order to use H, and 6, to correctly load compensation functions in the look-up
tables, an orthogonal basis is created around the harmonic phase residual resulting from the
10 dynamic linearity, i.e. 0, with the contribution from ¢ removed. Recognizing that the n™
h

term of the polynomial describing the memory-less non-linear system produces an n'

harmonic in response to x(¢) , and rotates the phase of x(¢z), by n-¢, the distortion can be

described by
N
15 d(t)=Y H,-cos(n-a,-t+n-¢+6,—n-¢)

n=2

Expanding the above equivalent form of the Fourier series representation of d(z) onto

an orthogonal basis of sine and cosine functions results in:

20 d(t):iHn [cos(8, —n-¢)-cos(n-w, -t +n-¢)—sin(0, —n-¢)-sin(n-w,-t+n-¢)]

24-



n=2 15The Q-LUT is addressed by a quadrature (approximately 90) phase shifted version of x(t), namely:
X (t) = cos(coo t - f) =sin(coo t). 20A signal flow topology with the Hilbert filter preceding the Q-LUT
realizes this implementation. The time associated with a particular sample value at the input of the
Q-LUT is defined by the following equation: -1 -1t = coo sin (x). 5 Substituting 0,7" sin-1(x) for tin
equation (2) results in the following equation for determining the Q-LUT correction data: Ar d (x) =H sin(8
) sin(n sin-1(x)). n=2 10 A process for determining table entries for an M-bit address LUT quantizes X
E 1,1] in 2m values and determines corresponding error correction data using the preceding equations for
adx) and do(x). It isihtitedithatciheseboematigrs pusebniatialichéhtide hamnodje and the sine

component above is null. Thus each cosine term of the above expression is “in-phase” with

the fundamental, i.e. each harmonic term angle is rotated by n, the expected response due the

5 n"™ order component to static non-linearity in the channel. In contrast the sine term involves
both rotation by n and a quadrature phase shift from the fundamental.

Thus the I-LUT error correction is determined from the in-phase distortion by

mapping from the time to amplitude domains at its input
10 t=0," -(cos™ x—¢).

Substituting for t in the “in-phase” term for d(t) provides the following closed-form solution

for computing the I-LUT correction data.

15 d,(x)= iHn -cos(0, —n@)-cos(n-cos” (x)) (7)

n=2

Following the methodology described herein, and substituting v = @t + ¢, the

quadrature correction in terms of a non-zero phase fundamental signal is
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amplitudes and phases result from FFT processing on a zero phase cosine fundamental 15calibration
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 ?m_p zf has the for g&%: cos(coo t+ 0) where O is the arbitrary
non-zero phase of the funda ﬁtan=2 ibr ‘[‘?tg "sTd?‘glI i€¥rlore general approach is consistent with ATE
capabilities and end-applications, where exact frequency ratios are achieved for coherency and typical
FFT measurements are indifferent Yo Btpesﬁl}(r@garm@r)tabs'(gmal-dﬁase. If 0 is non-zero, the fundamental
calibration signal contains both an even and odd component andl, consequently, both static and dynamic
non-linearity produce mixed-symm out g In dm use H sand O to correctly load correction data
in the look-up ~tables, it is necess: {5 ?:Lﬂ at_eni'g' @8(?%1] Ksis around the harmanic phase
residual 10resulting from the dynamjic linearity, i.e. On , with the contribution from O removed.
Recognizing that the nth term ofth Iyyrm[(@m@@:rﬂr{gntb@}memory-less, non-linear system produces
an nth harmonic in response to x(t)-and rotates the phase of x(t) by n.0, the harmonic distortion in an
instrument channel can be modeled fas 1§d(t) =H" cos(n wot+n0+0"-n0). n3 Expanding the above
equation onto an orthogonal basi s'mgamd cesine fungpipnrsdeswiss inthe-following: 20d (t) = NZco s(8
-n 0) cos(n wo t+n 0)-sin(0 - n [0),sih(n "wo t+nh 0)1

The Q-LUT shown in Figure 4 is addressed by x and produces an output d_ (x) that

when passed through the Hilbert digital filter produces d_(¢). Thus the Q-LUT data is

5 computed from the operand of the Hilbert transform in the above equation, as follows:
N
dy(x)= —Z H, -sin(0, —n@)-cos(n-cos™ (x)). (8)
n=2

As previously described, the algorithm for computing table entries for an M-bit address LUT
10 quantizes x € [-1,1] in 2" values and calculates the corresponding error corrections using
equations (7) and (8). This process provides a comprehensive correction using harmonic
information contained in a coherent FFT of a capture with arbitrary phase at the trigger
point.It is noted that equations (7) and (8) reduce to equations (4) and (5), respectively, when

the phase offset, @, is zero. The range of validity of this closed-form implementation
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n=2 If the channel non-linearity is purely static, then On- n0 = 0, w and the sine 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 nth order component to
static non-linearity in the channel. In contrast, the 5sine term involves both rotation by n and a quadrature
phase shift from the fundamental signal. Thus, the I-LUT error correction data is determined from the
in-phase distottionrycindgpaogframative tirhkeotlo avaimaadthddamplitdaeaioomagpmodtieedibpatatactbe |1-LUT, as
follows: t = coc71 (cos' x - 0). 10 Substituting coc7' (cos' x - 0) for t in the "in-phase" term for d(t)
provides thedpilowingaidseadioympequationNor determining the I-LUT error correction data. Ar di (X) = llin
cos(On - n0) cos(n cos" (X))(9) n=2 15 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 = coo’ (sin' x - 0) 20
Substituting wo" (sin" x - 0) for t in the "quadrature" term for d(t) above results the following closed-form
solution for détarfipRigELd ONYReldiScosE€HONIddMMPLEMENTATION

5 As was the case in the first implementation above, the input to the I-LUT is the

primary data stream given by x(¢) = cos(®, -¢). For a particular amplitude of x, the time at

which the sample occurred (within a first cycle) is given by the following:

t=w," -cos” (x).

10

Substituting @, - cos ™' (x). for the variable ¢ in equation (3) above results in the

following equation, which is used to determine the I-LUT correction data :

d,(x)= ﬁ:H” -cos(0,)-cos(n - cos™' (x))

n=2
15 The Q-LUT is addressed by a quadrature (approximately 90°) phase shifted version of

x(t), namely:

x, (1) = cos(w, -t —%) =sin(w, - 1) .

20 A signal flow topology with the Hilbert filter preceding the Q-LUT realizes this

implementation.
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Ard (X) =II" sin(8 - n0) sin(n sin-1(x))(10) n=2 As described above, the process for determining table
entries for an M-bit address 5LUT quantizes x E 1,1] in 2m values and determines the corresponding
error correction data using the foregoing equations for ;ea anddQU). This second implementation is
capable of correcting both even and odd mode static distortion, as well as odd mode dynamic distortion.
However attempting to correct even mode dynamic distortion using the second implementation method
for computing dQ(XJimaginmtrodocetedd rtioa paattifdetsalipds e d Qartifhetsrpes vif thedaddeéthe sign
--IC:Therms, unlike the Chebyshev polynomials of the first implementation, are not a complete generating
function for tieinadrhpniestollhe foflewintaescribes how I-LUT and Q-LUT error correction values are
determined for all samples of a data converter used in exemplary ATE. More specifically, prior to use, the
error correction values for the I-LUT and the Q-LUT are determined for a 15range 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 subsegugntgighals 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 detgrmine the error correction values that are to be stored in the I-LUT and Q-LUT. 20If a continuous
sine wave is randomly sampled with uniform probability over the range [0,2w] , the probability that the

sinusoid obtains th%N@Hﬁl%ﬂg QJ'(YE-@iHyl (x) for t in equation (2) results in the following equation for

determining the Q-LUT correction data:

d,(x)= —i H, -sin(0,)-sin(n -sin "' (x)).

n=2
10

A process for determining table entries for an M-bit address LUT quantizes x € [— l,l]

in 2™ values and determines corresponding error correction data using the preceding
equations for dj(x) and d,(x). It is noted that theseequations are only valid if the harmonic
amplitudes and phases result from FFT processing on a zero phase cosine fundamental

15 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

20 and phases has the form

x(t) = cos(w, -t + ¢)
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p(x)- , 7t I/A2 -x2 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 (w A)-'. In one example, the probability that a code i is
produced by a data converter that 5 uniformly samples a sine wave on the interval [0,2w] and quantizes to
N bits is given by integrating the above expression over the amplitude range for code i, with the following
result: P(i)=1-[s. FSR (-2 N-1)\sin-1FSR (-1-2N-1) A Tv

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
frequency ratios are achieved for coherency and typical FFT measurements are indifferent to

5 the fundamental signal phase.

If ¢ is non-zero, the fundamental calibration signal contains both an even and odd
component and, consequently, both static and dynamic non-linearity produce mixed-
symmetry outputs. In order to use H, and 6, to correctly load correction data in the look-up
tables, it is necessary to create an orthogonal basis around the harmonic phase residual

10 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 x(¢) by n-¢,

the harmonic distortion in an instrument channel can be modeled as

15 d(t):iHn-cos(n-a)o-t+n-¢+9n—n-¢).

n=2

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

results in the following:

20 d(t):iHn [cos(8, —n-¢)-cos(n-w, -t +n-¢)—sin(®, —n-¢)-sin(n-w, -t +n-¢)|.
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A Tv 10 where FSR is the bipolar full-scale range of the quantizer and A is the sine wave amplitude. 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 = 2v-1 with a probability of 1/(w Tv-1).
Thus, the probability of occurrence of a mid-scale code decreases 15with 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 convertHithEhbaxpeatedlimearberiopoade dutscEhein @, capiurd containingsamaumber
"Nsamples" of samples is given by 20E(i)= P(i) Nsamples . Ensuring that the least probable mid-scale

code is hit at|5assQnfaIRVRIRS 8t NEAMBIER sosa-kanTdiuse Al crdegralrsation Al aaL6-hitigpnverter

using a fast radix-2 FFT process requires capture of at least 131,072 samples. While this constraint may

be necessanptorgnsiehatahsonve el cRLeSAIE Ry BebResuliciaphigivetibat shasgampling
process can generate the same subset of codes on every cycle of the test waveform. In order to ensure

that this 10dgggpgiaif.case flogAQlREss iR eIBiRgehMHIMRErSf fyaleRiing tegicwaysfommein the
capture window (M) should be mutually prime with respect to Nsamples (the FFT record length L). This

constraint engwes-MatVHR SYsHEM QHAsH B3P ANACIsRIAReRIROb AU glaTE WIHA dherfinadamantal test signal
and generate distortion artifacts. In order to ensure that aliased harmonics of order less than N map to

distinct FFT §insit is recommended that the ratio 15L/M also be a non-terminating decimal number. The
error correction data in the I-LUT and Q-LUT may be configured to correct for

Thus, the I-LUT error correction data is determined from the in-phase distortion by

mapping from the time domain to the amplitude domain at an input to the I-LUT, as follows:
t=w, -(cos” x—¢).

10
Substituting ;' - (cos™' x —¢) for t in the “in-phase” term for d(t) provides the following

closed-form equation for determining the I-LUT error correction data.

d,(x)= iHn -cos(0, —n@)-cos(n-cos” (x)) 9

n=2
15
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—¢)
20
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.
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reflected, or aliased, harmonics in the instrument channel. Compensating for aliased frequency
components includes correcting an aliased harmonic resulting from mixing of an nth component of a
non-linearity with the clock used for sampling analog data. 20Compensating these aliased frequency
components has the potential to improve the ATE's dynamic range when sourcing or capturing high
frequency signals. For a complete Nth order correction, measurement of the system non-linearity is
performed using a fundamental test signal of frequency that is chosen to ensure that the first N
harmonics map to N distinct bins of the FFT, even under conditions of aliasing. Coherent sampling is

enhanced if the ratio is a rational nugn gr,ﬁﬂ% Wher5 L anﬂ% M.a{:;?1 integ(ersz:representinglg}e FFT record
length and fundamental bin numiarf& speati/ély. WA Oand " a8 eho¥®n @dtording to thé! &iteria described
above, there is sufficient information preserved in 5the test signal spectrum to determine an effective

compensation of the system non-linearity in presence of aliasing. For an Nth order correction, it may be
necessary to predict where, in the capture spectrum, each of the N harmonics will appear. Thus, for each

harmonic nfo (wherg fQ.s g IHOYRMRIANIEOHENRINGIIOMSRIACSE /3 Wpedl IdRigrmine the

frequency (FFT bin 10number) where an Nth harmonic occurs, and the associated amplitude and phase

Sampiing cock HSTRGH 3 Ao E KA R g R e B W ey,

then the aliased harmonic is a direct image OE e or&gifnejl harmonic. In this case, the frequency of the
aliased harnfSHI& fgegfgéqgwg equations for @;Ax) and“2*2. This second implementation is capable’of

correcting both even and odd mode static distortion, as well as odd mode dynamic distortion.
However attempting to correct even mode dynamic distortion using the second

implementation method for computing dp(x)may introduce odd mode artifacts. These

10 artifacts result because the sin{n - sin™*&x))terms, unlike the Chebyshev polynomials of the

first implementation, are not a complete generating function for the harmonics.
The following describes how I-LUT and Q-LUT error correction values are

determined for all samples of a data converter used in exemplary ATE. More specifically,
prior to use, the error correction values for the I-LUT and the Q-LUT are determined for a

15 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.

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

range [0,277], the probability that the sinusoid obtains the value x is given by
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L. = nfo mod-Fs 2 where x mod y is the remainder of x/y. . The magnitude and phase of this measured
complex aliased frequency component, designated H(Lai.), is used in equations (7) and (8) (or (4) and
(5)) to determine the correction data. That is, for equations (7) and (8) (or (4) and =1H(f "a0")1 Bo=
ZH(f"ao") 5If 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: f nalia =--nfo mod-. Fs, Fs 22 a@?“’en that the image of the even Nyquist zone is mirrored,
the phase is conjugate and the 10harmonic tude p )%%e components of equations (7) (or (4) or
(9)) are defined by =1H(f "a0")1 =-ZH(f"ao") The negatlve phase of the aliased frequency component is
used because the harmonic mixing with the clock produces a conjugate phase and not the channel

non-linearity ;GRS QURI IR RUYERSIRL 15 Rllag SR URRBSE.S MREH J9AdARSSARTXINg effect.

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
5 uniformly samples a sine wave on the interval [0,27] and quantizes to N bits is given by

integrating the above expression over the amplitude range for code i, with the following

result:

A4-2" A4-2"

P(l)_% { ml(FSR-(i—TVI)J_SmI(FSR'(i—1—2N1)ﬂ’

10
where FSR is the bipolar full-scale range of the quantizer and A is the sine wave amplitude.

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/(z -2™"). Thus, the probability of occurrence of a mid-scale code decreases

15 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
20 E(i) = P(i) - Nsamples .
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15Furthermore the LUT correction outputs also reflect around the system sample clock frequency.
Consequently the sign of the quadrature term of the nth order correction changes if the direct synthesized
harmonic aliases from an even Nyquist zone. Thus the harmonic amplitude and phase components of
equations (8) (or (5)) are defined by 20=-111(f"a0")1 = -ZH(f "alias). The general equations for
determining the non-linearity correction data including aliasing using the equations in the first
implementation above are as follows: 5di (X) = NZ I n cos(8 - n0)To(x) n=2 dQ (X) =En=2irH n sin(On -
n0) Tn(x) where the magnitude and phase components are given by H =111(fnanan)1 On = (-0'1 ZH(
fna"an), 10 dnwhiming thet Khajlgist poleablethe dishaba norbmis Infa defistethabovpliditbse equations are also
valid for direct harmonics; in this case Le. = nfo and in =1. Test results are described below for
reducing harmonics in the ATE channels using error correction data in the I-LUT and Q-LUT described
above. 15Fig. 5a shows an example of a sinusoidal test signal with additive white noise

Nsamples > -2V

Thus, all codes 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
converter codes are hit, it may not be sufficient, given that the sampling process can generate
the same subset of codes on every cycle of the test waveform. In order to ensure that this

10 degenerate case does not occur, the integer number of cycles of the test waveform in the
capture window (M) should be mutually prime with respect to Nsamples (the FFT record
length L). This constraint ensures that the system quantization noise does not correlate with
the fundamental test signal and generate distortion artifacts. In order to ensure that aliased
harmonics of order less than N map to distinct FFT bins, it is recommended that the ratio

15 L/M also be a non-terminating decimal number.

The error correction data in the I-LUT and Q-LUT may be configured to correct for
reflected, or aliased, harmonics in the instrument channel. Compensating for aliased
frequency components includes correcting an aliased harmonic resulting from mixing of an
n™ component of a non-linearity with the clock used for sampling analog data.

20 Compensating these aliased frequency components has the potential to improve the ATE’s
dynamic range when sourcing or capturing high frequency signals.

For a complete Nth order correction, measurement of the system non-linearity is

performed using a fundamental test signal of frequency that is chosen to ensure that the first
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X(t) = cos(2w 70e6 t+ T/4) + 0.001. rand(t), which is passed through a non-linear system with transfer
function 20 y(t)= x(t)+0.001.1x(t)1+ 0.001. x(t)Ix(01. 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 5the I-LUT and Q-LUT error correction data, reduces both direct and reflected harmonics as shown
in Fig. 5b. ThahispfeigcShshond thetfEbofsaofebekiing, conmpentatechduipug olithassdy iarécarznge
improved by 30 dB. The top graph in Fig. 6 shows an FFT of 70 MHz tone distorted by 0.001*(abs(x)
+ x*abs(x)) mempihearitgnhmattde it oatigrap agioRig nershow s/, RETrof.cardpdrsatatcgetput 10 with
dynamic range improved by 30dB. In Fig. 7, the upper left shows I-LUT contents vs. full-scale range
[-1,1], the upppredgitightwd FLrerDithémgity auhfendsmsntal|bstalenagrgesireetiyelyl |l fthextolMdraleft shows
pre-correction signal spectrum, and the lower left shows post-correction signal spectrum Fig. 7
shows an exdmpie asioglithe tsithesoidetiaabtssitreal shoveFiberd distdfteddyridotmdtiengretiemoilinearity
similar to that described above and a dynamic non-linearity with transfer function y(t)= x(t)+0.0005.(x(t)-
X(t -td})2 + OthOeB!(sighaképettmA0 Thiswamp bk effedn vthim axmmpleois GObaMggisramdnHantiangydelay td is
2 clock cycles. A digital FIR Hilbert filter of 32 taps similar to that described herein was used to generate
the quadratureesmeectiehapiage that the system substantially eliminates the distortion. The table

below summarizes the correctlon achieved for each harmonic component for the dynamic non-linearity
correction shown |errg1n7N 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 f is the
fundamental frequency), the following process is used to determine the frequency (FFT bin

10 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
nf, € [(m—l) 7 U 7}
15

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

F:
fnalias = nfO mOdTS

20
where xmod y is the remainder of x/y. The magnitude and phase of this measured

complex aliased frequency component, designated H( f,

nalias

), is used in equations (7) and (8)
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Harmonic Number Frequency (Hz) Pre-correction Magnitude (dBc) Post-correction Magnitude (dBc) Delta
(dB) H2 1.40E+08 -57.1 -103.5 46.5 H3 9.00E+07 -66.5 -112.5 46.1

10

15

20

(or (4) and (5)) to determine the correction data. That is, for equations (7) and (8) (or (4) and

()

Hn = |H(fnalias)
9/1 = ZI_I(‘f/ftaliots)

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
s = —— —nfy mod—.
fnallas 2 ﬁ) 2

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) (or (4) or (9)) are defined by

Hn = |H(fnalias)
9/1 = _ZH(fnalias)

The negative phase of the aliased frequency component is used because the harmonic mixing
with the clock produces a conjugate phase and not the channel non-linearity. Consequently,
the conjugate of the alias spur phase is used to address the mixing effect.

Furthermore the LUT correction outputs also reflect around the system sample clock
frequency. Consequently the sign of the quadrature term of the n™ order correction changes if
the direct synthesized harmonic aliases from an even Nyquist zone. Thus the harmonic

amplitude and phase components of equations (8) (or (5)) are defined by

Hn = _|H(fnalias)
9/1 = _ZH(fnalias)'
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H4 2.00E+07 -81.7 -113.7 31.9 H5 5.00E+07 -96.8 -110.8 14.0 H6 1.20E+08 -89.2 -111.7 22.5 H7
1.10E+08

The general equations for determining the non-linearity correction data including

aliasing using the equations in the first implementation above are as follows:

; d,(x)= 3 H, -cos(0, ) T, ()

dy()= (" H, -sin©, - nd) - T,(x)

where the magnitude and phase components are given by

Hn = |H(fnalias)
911 = (_1)171,,+1 LH(];qalias)’

10
and m, is the Nyquist zone of the n'™ harmonic nf, defined above. These equations are also

valid for direct harmonics; in this case f,

nalias

=nf, and m =1.
Test results are described below for reducing harmonics in the ATE channels using
error correction data in the I-LUT and Q-LUT described above.

15 Fig. 5a shows an example of a sinusoidal test signal with additive white noise

x(t) =cos(2m - 70e6 -t +%,) + 0.001 - rand(t),

which is passed through a non-linear system with transfer function

20

y(t) = x(2) +0.001 - |x(#)| + 0.001 - x(7) - |x(7)|.
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-104.2 -111.4 7.2 H8 4.00E+07 -95.6 -114.6 19.0 1-19 3.00E+07 -124.2 -114.0 -10.2 H10 1.00E+08 -98.8
-108.7

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
5 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 top graph in Fig. 6 shows an FFT of 70 MHz tone distorted by 0.001*(abs(x) +
x*abs(x)) non-linearity, and the bottom graph of Fig. 6 shows an FFT of compensated output
10 with dynamic range improved by 30dB. In Fig. 7, the upper left shows I-LUT contents vs.
full-scale range [-1,1], the upper right shows Q-LUT memory contents vs. full scale range
from [-1,1], the lower left shows pre-correction signal spectrum, and the lower left shows
post-correction signal spectrum
Fig. 7 shows an example using the sinusoidal test signal from Fig. 6 distorted by both
15 a static non-linearity similar to that described above and a dynamic non-linearity with

transfer function

1(t) = x(¢) +0.0005 - (x(£) — x(¢ — td))* +0.0002 - (x(¢) — x(¢ - td))’ .

20 The sample rate in this example is 300 Msps and the time delay #d is 2 clock cycles. A
digital FIR Hilbert filter of 32 taps similar to that described herein was used to generate the

quadrature correction. Note that the system substantially eliminates the distortion.
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9.9 H11 1.30E+08 -124.0 -122.6 -1.3 H12 6.00E+07 -104.2 -120.9 16.6 5

n=0,

10

15

for the dynamic non-linearity correction shown in Fig. 7.

The characteristics of a
Hilbert filter that may be used in the processes described herein are provided below. The ideal Hilbert
transform of an input signal is realized by filtering with the system function H(o) 10H(W)= -/ sgn(w) This
filtering produces a constant 90 degree phase shift and all-pass magnitude frequency response for all
input frequencies. The discrete time impulse response of this ideal filter is 15given by 2 sil12(7r nl2),
The table below summarizes the correction achieved for each harmonic component

Pre-correction

Post-correction

Harmonic Frequency Magnitude Magnitude Delta

Number (Hz) (dBc) (dBc) (dB)
H2 1.40E+08 -57.1 -103.5 46.5
H3 9.00E+07 -66.5 -112.5 46.1
H4 2.00E+07 -81.7 -113.7 31.9
H5 5.00E+07 -96.8 -110.8 14.0
Hé6 1.20E+08 -89.2 -111.7 22.5
H7 1.10E+08 -104.2 -111.4 7.2
H8 4.00E+07 -95.6 -114.6 19.0
H9 3.00E+07 -124.2 -114.0 -10.2
H10 1.00E+08 -98.8 -108.7 9.9
H11 1.30E+08 -124.0 -122.6 -1.3
H12 6.00E+07 -104.2 -120.9 16.6

The characteristics of a Hilbert filter that may be used in the processes described

herein are provided below. The ideal Hilbert transform of an input signal is realized by

filtering with the system function H(w)

This filtering produces a constant 90 degree phase shift and all-pass magnitude frequency

response for all input frequencies. The discrete time impulse response of this ideal filter is

given by

H(a)) =—j-sgn(w)

zsinz(n-n/Z)
T n ’
0, n=0
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Jr 0, n=0 A causal approximation to the above ideal impulse response may be achieved with an FIR
filter synthesized with well known design techniques. The approximation results in a bandpass filter
approximation with TE/2 phase shift and linear phase term proportional to the pipeline delay of the filter.
Fig. 8 shows the magnitude response of an example of this filter 5with 32 taps and anti-symmetric filter
structure. Passband ripple of this FIR filter directly limits the accuracy of the linearity correction
because of the erroh itansed dppescintatihie tdythartiovcoppd neptsygntsesireditaydomapbrsateviitb marmonic.
A least-squares filter design approach yields better passband flatness in the range 10% to 90% of the
Nyquist bandf iR tansggthieinpid desigreHpporcddszwitthhesesnelbiarpogidaiowssalpian of the
possible correction of a given harmonic in decibels vs. the filter passband ripple, also in decibels. A worst
case purely tyndpass fiier lppeoitinistasswirtled/2 phaddehifitengéisshapichsiprietplemmnternsl acpttactical
consideration involving a direct tradeoff between FPGA logic resources and correction performance. Over
30dB of 15 gsipdaiindetanoiehadiiieved it shdw daheHilheritkdRitlesndn prasticartijgcdseSign fipproach
described above ensures that measurement accuracy of the calibration test signal distortion will limit the
correction anthd2t e candpensajimimbaicfihece structdrhe process described above for determining, storing
and/or using harmonic error correction data, and its various modifications and related processes
described herein 2Md@wbainbitppldlos thio CERSEEY, directiptliiniitetidadberdgrditheelmpargsoftware described
above. All or part of the processes can be implemented, at least in part, via a computer program product,
i.e., a compuiatr@nigraetiangiflyhe mbodiethirodincisfonm aiodyoarnierc supoasiosya hesimereto
machine-readable media, for execution by, or to control the operation of, one or more data processing
apparatus, ecgmpepsogrtrzableniso e dsor; s wonsiiter, denigipdppeonchuteids datdéoppssignainmable logic
elements. A computer program can be written in any form of programming language, including
compiled or firerprete thiarmgad €8y and(tcafithe Megpioyddnid dray toroyuingipkidgsisnaspacathSalone
program or as a module, component, subroutine, or other unit suitable for use in a computing
environmentwAlcti gparter grdegrditg Gashbe deployefithe pessvdecotedtdimwonéd cgmputerraboit multiple
computers at one site or distributed across multiple sites and interconnected by a network. Actions
associated withibelslesndrtifijeaiporspard ofpire, piscasdesibals. bé perfrmedpurely dynamic non-

linearity is assumed.
The filter passband ripple tolerance is a practical consideration involving a direct
tradeoff between FPGA logic resources and correction performance. Over 30dB of
15 correction can be achieved with a 32 tap Hilbert FIR filter. In practice the design approach
described above ensures that measurement accuracy of the calibration test signal distortion
will limit the correction and not the compensation hardware.
The process described above for determining, storing and/or using harmonic error
correction data, and its various modifications and related processes described herein
20 (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 program
product, i.e., a computer program tangibly embodied in an information carrier, such as one or

more machine-readable media, for execution by, or to control the operation of, one or more
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10by 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
15example, both general and special purpose microprocessors, and any one or more processors of any
kind of digitalatepoutesir@eperaiiisaceoeassgravilinddeipe tastructi onsputer dana tiidencampatbonly
memory or a random access memory or both. Elements of a computer include a processor for executing
instructions andl o egranorelbhelvgio/dievimds. for storing instructions and data. 20The processes
described herein are explained in the context of ATE instrumentation for use in production test of
semiconductor circéitsoiHovtevien ghenpracbs sesttaeinenlimiead ¢b thigreonteng IRathege theshalieglso
applicable to other hardware configurations, such as bench (rack mount) instrumentation. For example a
signal generetomoledpectrignrattalyzegingtsu arent maybindeppyatenlimmafinncondutiog hardsteré/software
and be calibrated using the processes to improve its dynamic range (e.g., by reducing harmonic distortion
in the instruralent chegrasi(sh astmoibtbr & molicptinm o s tiveoptote ssesherayn e uitable flodamiosnverter
integrated 5 circuits (ICs). For example, a Hilbert filter could be built into a data converter IC, along with
non-volatile pesmuotingoeimisiement. tieckipTend q@riug Tanvbéote phayeddaube dxies isdlemennt the processes
in order to improve the dynamic range of such an IC. Elements of different embodiments described
herein may lseopwitrivednarfeltinloteneetisodimentstaor dpedificedpeessonitabovicOthér embodiments
not specifically described 10herein are also within the scope of the following claims. What is claimed is:
1. An apparaniegreamerisihby sinstiitgriconfigured to pass a signal in a channel of the apparatus; memory
configured to store first and second correction values, a first correction value being based on a
first version of the shgitignshesssiricdorrdctioplvamnsifgralser ipacorfabtmgostatiesran-tinparfgrasdociated
with

10 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

15 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.

20 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 hardware configurations, such as

bench (rack mount) instrumentation. For example a signal generator or spectrum analyzer
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the channel; and a second correction value being based on a second version of the signal, the
second correction value for use in correcting dynamic non-linearity associated with the channel; and
10digital signal processing logic configured to use the first correction value, 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 15phase of the signal to produce the
second versiostwinthet sigyahcorpodatd hecapparatuscobolhanl ® awlsefeimith ernphaseabhifiteitagingomprises a
Hilbert filter, and shifting comprises shifting a phase of the signal by about 90. 204. The apparatus of
claim 1, whetlsipthessiesuitnynpneymghityngraed thgel 6g o, dpmedisengaresoda cdptareaharthel of automatic
test equipment (ATE), the capture channel for receiving signals from a device under test (DUT). 5.
The apparatusioficieitchambksgin the circuitry, the memory, and the logic comprise parts of a source
channel of automatic test equipment (ATE), the source channel for providing signals to a device under
test (DUT). 56. Thetappbeatpylofatiaine fithfupttveessomprgibg mafiisit sloke wortabie iR ftrdstoring the first
correction values and a second LUT for storing the second correction values; wherein the first LUT
comprises phuralifis<iCorrduticrxamhlesa hadbsit daltéir soubshtachiont vato eslfitr ewevimteolectiongfont first N
harmonics caused by the static non-linearity; and towherein the plural first correction values, di(x),
comprise. Andi{})latills mom@nto n@plemsir thod-L{XJ) and Q-LUT, which may be used to implement

the processes in order to improve the dynamic range of such an IC.
Elements of different embodiments described herein may be combined to form other
embodiments not specifically set forth above. Other embodiments not specifically described
10 herein are also within the scope of the following claims.

What is claimed is:
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n=2 where H" is a magnitude of an nth harmonic, % is a phase of the nth harmonic, x is a sample
15value of a signal in the channel, and p 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. 20 8. The apparatus of claim 7, wherein =1H(fnao")1, On= ZH(fnao") where La Fs.th =nfo
mod-, with nfo corresponding to an n direct harmonic, and Fs 2 corresponding to a sampling clock
frequency of the chhnAeal apBurathe @pgarsitus of claim 7, wherein Hn=1H(fnao")1 = -ZH(f nali")
circuitry configured to pass a signal in a channel of the apparatus;
memory configured to store first and second correction values,
a first correction value being based on a first version of the signal, the
5 first correction value for use in correcting static non-linearity associated with
the channel; and
a second correction value being based on a second version of the signal,
the second correction value for use in correcting dynamic non-linearity associated
with the channel; and
10 digital signal processing logic configured to use the first correction value, 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

15 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°.

20 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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FsFs with 10where fnaha =-nfo mod- , with nfo corresponding to an n direct harmonic, and Fs s22
corresponding to the sampling clock frequency of the channel. 10. The apparatus of claim 1, further
comprising a first look-up table (LUT) for storing the first correction values and a second LUT for storing
the second correction values; 15wherein 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 whetdinappapluadteland colrectio thealnes Qb noomypyisandih2 dokfX) =Hosin(Oo -
nO).cos(n cos-1(x)), or n=2 d (X) =H sin(8 - n0) sin(n sin-1(x)) n=2 where H" is a magnitude of an nth
harmonic, %cisppkaparsfdhe suiréachaonid,of simsampiesyaipepoiasigadl irthhechrannkkipaelderis a
phase of a fundamental signal that produces 5harmonics. 11. The apparatus of claim 10, wherein the
second first porrediigrsigaile soarelcondiguded thst 0okfddting aliased harmonics.

5 6. The apparatus of claim 1, further comprising a first look-up table (LUT) for
storing the first correction values and a second LUT for storing the second correction values;
wherein the first LUT comprises plural first correction values, the plural first
correction values for use in correcting for a first N harmonics caused by the static non-
linearity; and

10 wherein the plural first correction values, di(x), comprise:

N
d,(x)=> H,-cos(6, —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
15 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.
20

8. The apparatus of claim 7, wherein
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1012. The apparatus of claim 11, wherein H" =1H(f ","")1 = ZH(fnan") where fnalias = nf0 mod, with nfo
corresponding to an nth direct harmonic, and Fs 2 15corresponding to a sampling clock frequency. 13.
The apparatus of claim 11, wherein H" = 111(f "al,)1 = -ZH(fnanns). 20 Fs.th where fnahas = L - nfo
mod-, with nfo corresponding to an n direct harmonic, and Fs 22 corresponding to a sampling clock
frequency. 14. The apparatus of claim 1, further comprising a switchable filter bank in the 5channel, the
switchable filter bank comprising one or more filters-tat are gwitchable into, or out of, the channel, the
oneormomeasbemgcmmgwedmummpa1 mf;%gr nic distortion from the channel. 15.
The apparatus of claim 1, wherein the digital signal pro S”éi’ g logic comprises 10circuitry to combine the
first correction value and the second correction value to produce a

where f

nalias

Fs . . . .
= nf, mod7 , with nfy corresponding to an n™ direct harmonic, and Fs

corresponding to a sampling clock frequency of the channel.

9. The apparatus of claim 7, wherein

H = |H(fnaliav
0 =—/H(f

naltav

Fs

10 where f .. = 2

Fs . . . .
—nf, mod7 , with nfy corresponding to an n™ direct harmonic, and Fs

corresponding to the sampling clock frequency of the channel.

10. The apparatus of claim 1, further comprising a first look-up table (LUT) for
storing the first correction values and a second LUT for storing the second correction values;
15 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:

20 dy(x)= —ﬁ: H, -sin(0, —n¢)-cos(n-cos ' (x)), or
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sum, and to subtract the sum from the signal, thereby reducing the harmonic distortion. 16. The
apparatus of claim 1, wherein the apparatus comprises one of automatic test equipment (ATE), a data
converter circuit, a signal generator, and a spectrum analyzer. 15 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: geneyate flrsﬁ ection values for use in ¢orrecting static non-linearity
associated 20with the channel of hé Yihsti & th8%irst'e réb‘?loﬁr‘é}alues in memory;

generate second correction values for use n correctlng dynamic non-linearity associated with the channel
of the instrument; and store the second correction values in memory. 518. The one or more
machine-readable media of claim 17, whereln the first correction values are for use in correcting for a first
N harmonics\dwus&hl Wth@gnaudm@ﬁamahﬂwmmerémlma)hm@frﬁ%etnorharamy,du@ﬂ)a sUmPeise: Ar
d1(x) =l lIn cos(8 n - n0) cos(n cos-1(x)), n=2 where H" is a magnitude of an nth harmonic, % is a phase
of the nth hayAlenid, &ﬁ@@é&ﬁ@@hmlm@sﬁgﬁamh&t’rﬁ‘ef)élﬁa‘nhé&mﬁkﬂabSigaabﬂh@@r@ﬂmtmdamental

signal that produces harmonics.
5 harmonics.

11. The apparatus of claim 10, wherein the second first correction values are

configured for correcting aliased harmonics.

10 12. The apparatus of claim 11, wherein
H = |H(fnaliav
9 = Z[_I(j(.nalwtv
FS . . th 1- .
where f, .. =1/, mod7 , with nfy corresponding to an n™ direct harmonic, and Fs
15 corresponding to a sampling clock frequency.

13. The apparatus of claim 11, wherein

H = ¢|[_I(j(.naliotv
0 =—/H(f

naltav

20
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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" =1H(f","")1 = ZH(fnan") where fnalias = nf0 mod Fs, with nfo corresponding to
an nth direct harmonic, and Fs 2 corresponding to a sampling clock frequency; and wherein, if the direct
harmonic occurs in an even Nyquist zone of the sampling clock, then H" =1H(f "a",$)1 0" = -ZH(f",$) Fs

5where fnalia modss 22 Fthe rmore m chlne -rea a(i) edia of clalm 7, wherein
e Socom R Hrgiies 216 B tas LRSS LB R Tt dH iy ALl e

non-linearity; 10wherein the second correction values, dQ(x), comprise: Ar
corresponding to a sampling clock frequency.

14. The apparatus of claim 1, further comprising a switchable filter bank in the
5 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.

15. The apparatus of claim 1, wherein the digital signal processing logic comprises
10 circuitry to combine the first correction value and the second correction value to produce a

sum, and to subtract the sum from the signal, thereby reducing the harmonic distortion.

16. The apparatus of claim 1, wherein the apparatus comprises one of automatic test
equipment (ATE), a data converter circuit, a signal generator, and a spectrum analyzer.
15
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
20 with the channel of the instrument;

store the first correction values in memory;
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d (X) =" sin(On - n) cos(n cos-1(x)), or n=2d (X) =" sin(On - n0) sin(n sin' (X)) n=2 15where H" is a
magnitude of an nth harmonic, % is a phase of the nth harmonic, x is a sample value of a signal in the
channel, and p is a phase of a fundamental signal that produces harmonics. 21. The one or more
machine-readable media of claim 20, wherein the second 20correction values are configured for
correcting aliased harmonics; wherein, if a direct harmonic occurs in an odd Nyquist zone of a sampling
clock, then H =1H ghmoi)d ©rvndZid(foctod) waleee foa Fs.in confectimpodynaitiicnfonebneasippnding to an n
direct harmonic, and Fs 2 corresponding to a sampling clock frequency; and Swherein, if a direct
harmonic ocasseriatech ek thilybanselk ofithofrtkieusaenpling clock,

store the second correction values in memory.

5 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), comprise:

N
10 d,(x)=> H,-cos(6, —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.

15

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

Hn = |H(fnalias)
9/1 = Z[_I(‘f/ftaliots)

20

Fs . . . .
where f, .. =1/, mod7 , with nfy corresponding to an n™ direct harmonic, and Fs

corresponding to a sampling clock frequency; and
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then H = -111(f nao")1 = FsFswhere fnalias =- nfo mod . 22

10

15

20

wherein, if the direct harmonic occurs in an even Nyquist zone of the sampling clock,

then

Hn = |H(fnalias)
9/1 = _ZH(fnalias)

Fs Fs
Where fnalias =" ﬁ) mOd_ .
2 2
20. 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 non-
linearity;

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

dy(x)= —ﬁ: H, -sin(0, —n¢)-cos(n-cos ' (x)), or

dy(x)= —i H, -sin(0, —n¢)-sin(n -sin ' (x))

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.

21. The one or more machine-readable media of claim 20, wherein the second
correction values are configured for correcting aliased harmonics;

wherein, if a direct harmonic occurs in an odd Nyquist zone of a sampling clock, then
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Hn = |H(fnalias)
9/1 = ZI_I(‘f/ftaliots)

where f

nalias

Fs . . . .
= nf, mod7 , with nfy corresponding to an n™ direct harmonic, and Fs

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

then

Hn = ¢|[_I(j(.naliots)
9/1 = _ZH(fnalias)'

where f

nalias

Fs Fs
=— —nf, mod—.
2 /o 2
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