
COMPENSATING FOR HARMONIC DISTORTION IN AN INSTRUMENT
CHANNEL TECHNICAL FIELD This patent application
relates generally to compensating for harmonic
distortion in test and measurement instrumentation,
such as automatic test equipment (ATE). 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 having corresponding
functionality. ATE is capable of providing signals to
a DUT via its source channels. Capture channels
receive signals from the DUT and forward those signals
for processing to determine whether the DUT meets
testing qualifications. Harmonic distortion
significantly limits the dynamic range of current
generation ATE instrumentation. Audio, video,
communications, and wireless systems are all sensitive
to harmonic distortion, as is manifest in stringent
total harmonic distortion (THD), spurious free dynamic
range (SFDR), and adjacent channel power ratio (ACPR)
specifications on devices for those markets. Across
the frequency spectrum, from audio 



to very high frequency (VHF), instrument harmonic
levels are typically more than 10 decibels (dB) higher
than non-harmonic spurious signals. ATE users often
determine that production tests of device AC
(alternating current) linearity are limited by
capabilities of their ATE instrumentation,
particularly the harmonic distortion.SUMMARY 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 a first look-up table (LUT) and a
second LUT. The first LUT is configured to provide a
first correction value 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. The second LUT is configured to provide a
second correction value based on a second version of
the signal, where the second correction value is for
use in correcting dynamic non-linearity associated
with the channel. Digital signal processing logic is
configured to use the first correction value, the
second correction value, and the signal in order to
compensate harmonic distortion from the channel. The
apparatus may also comprise one or more of the
following features. 



The apparatus may include a phase shift circuit for
shifting a phase of the signal to produce the second
version of the signal. The phase shift circuit may
comprise a Hubert filter, and shifting may comprise
shifting a phase of the signal by about 90. The
circuitry, the memory, and the logic may comprise
parts of a capture channel of automatic test equipment
(ATE). The capture channel may be for receiving
signals from a device under test (DUT). The circuitry,
the memory, and the logic may comprise parts of a
source channel of the ATE. The source channel may be
for providing signals to the DUT.The first LUT 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: N =2 where Hn is a
magnitude of an nth harmonic, qnis a phase of the n
harmonic, x is a sample value of a signal in the
channel, and f is the phase of a fundamental signal
that produces harmonics. The plural first correction
values may be configured for correcting aliased
harmonics. Furthermore, HH(/ /, |, qn=ZH(fp Uas )
where f mlms =nf mod- , with nfo corresponding to an
nth direct harmonic, and Fs 



corresponding to the sampling clock frequency of the
channel. Alternatively, qn= H(fmhas ) where f mhas =
nf 0mod- , with nfo corresponding to an nlh direct
harmonic, and Fs corresponding to the sampling clock
frequency of the channel.The 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, d (x), may comprise: N d Q c -  H n -s ( - nf)
-sin{n -sin (x)) , n=2 where Hn is a magnitude of an
n'h harmonic, qn is a phase of the n harmonic, x is a
sample value of a signal in the channel, and f is the
phase of a fundamental signal that produces harmonics.
The second first correction values may be configured
for correcting aliased harmonics. Furthermore, where f
mh s =nf 0mod- , with nfo corresponding to an nth
direct harmonic, and Fs 



corresponding to the sampling clock frequency of the
channel. Alternatively, qn=-ZH(fmhas ) Fs Fs where f
nahas nf 0mod- , with nfo corresponding to an n'
direct harmonic, and Fs corresponding to the sampling
clock frequency of the channel. The apparatus may
comprise a switchable filter bank in the channel. The
switchable filter bank may comprise one or more
filters that are switchable into, or out of,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 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 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 a
first look-up table (LUT) in memory, to 



generate second correction values for use in
correcting dynamic non-linearity associated with the
channel of the instrument, and to store the second
correction values in a second LUT in memory. The
machine-readable medium/media may also comprise one or
more of the foregoing, or the following, features. The
first correction values may be for use in correcting
for a first N harmonics caused by the static
non-linearity. The first correction values, di(x), may
comprise: d, (x) - cos(#_ - nf) cos(n cos 1(*)) ,
where Hn is a magnitude of an nth harmonic, n is a
phase of the n harmonic, x is a sample value of a
signal in the channel, and f is a phase of a
fundamental signal thatproduces harmonics. When the
phase, f, of the fundamental signal is zero, the first
correction values, di(x), may comprise: d , (x) = Hn
COs( ) cos(/ cos- 1(x)) . 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 where f mlai = nf 0 mod- , with
nfo corresponding to an nth direct harmonic, and Fs
corresponding to a Nyquist frequency associated with
the signal. If the direct harmonic occurs in an even
Nyquist zone of the sampling clock, then , Fs , Fs
where f mlws =- - nf 0 mody . The second correction
values may be for use in correcting for a first N
harmonics 



caused by the dynamic non-linearity. The second
correction values, O!Q(X), may comprise: d Q(c ) =-  n
sm( - nf) -sin(n -sin i(x)) , n=2where Hn is a
magnitude of an n! harmonic, qn is a phase of the n
harmonic, x is a sample value of a signal in the
channel, and f is a phase of a fundamental signal that
produces harmonics. When a phase, f, of the
fundamental signal is zero, the second correction
values, d<}(x), may comprise: 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 F where f s th
mhas = nf 0 mod - , with nfo corresponding to an n
direct harmonic, and Fs corresponding to a Nyquist
frequency associated with the signal. If a direct
harmonic occurs in an even Nyquist zone of the
sampling clock, then , r Fs Fs where f nabm =g nf
0mody . 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 



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. 3a is 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
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. DETAILED DESCRIPTION Referring to Fig.
1, a system 10 for testing a device-under-test (DUT)
18, such as a semiconductor device, includes a tester
12, such as automatic test equipment (ATE) or other
similar testing device. To control tester 12, system
10 includes a computer system 14 that interfaces with
tester 12 over a hardwire connection 16. Typically,
computer system 14 sends commands to tester 12 that
initiate the execution of routines and functions for
testing DUT 18. Such executing test routines may
initiate the generation and transmission of test
signals to the DUT 18 and collect responses from the
DUT. 



Various types of DUTs may be tested by system 10. For
example, DUTs may be semiconductor devices such as an
integrated circuit (IC) chip (e.g., memory chip,
microprocessor, analog-to-digital converter,
digital-to-analog converter, etc.).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 pms (or more) may
be interfaced to tester 12 For illustrative purposes,
in this example, semiconductor device tester 12 is
connected to one connector pin of DUT 18 via a
hardwire connection A conductor 20 (e g , cable) is
connected to pm 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 semiconductor device tester 12 For
example, a voltage signal or a current signal may be
sensed at pm 22 in response to a test signal and sent
over conductor 20 to tester 12 for analysis Such smgle
port tests may also be performed on other pins
included m DUT 18 For example, tester 12 may provide
test signals to other pms and collect associated
signals reflected back over conductors (that deliver
the provided signals) By collecting the reflected
signals, the input impedance of the pins may be
charactepzed along with other single port testing
quantities In other test scenanos, a digital signal
may be sent over conductor 20 to pin 22 for storing a
digital value on DUT 



18 Once stored, DUT 18 may be accessed to retrieve and
send the stored digital value over conductor 20 to
tester 12 The retrieved digital value may then be
identified to determine if the proper value was stored
on DUT 18 Along with performing one-port measurements,
a two-port test may also be performed by semiconductor
device tester 12 For example, a test signal may be
injected over conductor 20 into pm 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 throughputmeasurement quantities. Referring also
to Fig. 2, to send and collect test signals from
multiple connector pins of a 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 signals
to, e.g., 32, 64, or 128 pins and collect
corresponding responses. Each communication link to a
pin is typically referred to as a channel and, by
providing test signals to a large number of channels,
testing time is reduced since multiple tests may be
performed simultaneously. Along with having many
channels on an interface card, by including multiple
interface cards in tester 12, the overall number of
channels increases, thereby further reducing testing
time. In this example, two additional interface cards
26 and 28 are shown to demonstrate that multiple
interface cards may populate tester 12. 



Each interface card includes a dedicated integrated
circuit (IC) chip (e.g., an application specific
integrated circuit (ASIC)) for performing particular
test functions. For example, interface card 24
includes IC chip 30 for performing parametric
measurement unit (PMU) tests and pin electronics (PE)
tests. IC chip 30 has a PMU stage 32 that includes
circuitry for performing PMU tests and a PE stage 34
that includes circuitry for performing PE tests.
Additionally, interface cards 26 and 28 respectively
include IC chips 36 and 38 that include PMU and PE
circuitry. Typically PMU testing involves providing a
DC voltage or current signal to the DUT to determine
such quantities as input and output impedance, current
leakage, and other types of DC performance
characterizations. PE testing involves sending AC test
signals, or waveforms, to a DUT (e.g., DUT 18) and
collecting responses to further characterize the
performance of the DUT. For example, IC chip 30 may
transmit (to the DUT) AC test signals that represent a
vector of binary values for storage on the DUT. Once
thesebinary 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. To pass both DC and AC test signals
from interface card 24 to DUT 18, a conducting trace
40 connects IC chip 30 to an interface board connector
42 that allows 



signals to be passed on and off interface board 24.
Interface board connector 42 is also connected to a
conductor 44 that is connected to an interface
connector 46, which allows signals to be passed to and
from tester 12. In this example, conductor 20 is
connected to interface connector 46 for bi-directional
signal passage between tester 12 and pin 22 of DUT 18.
In some arrangements, an interface device may be used
to connect one or more conductors from tester 12 to
the DUT. For example, the DUT (e.g., DUT 18) may be
mounted onto a device interface board (DIB) for
providing access to each DUT pin. In such an
arrangement, conductor 20 may be connected to the DIB
for placing test signals on the appropriate pin(s)
(e.g., pin 22) of the DUT. In this example, only
conducting trace 40 and conductor 44 respectively
connect IC chip 30 and interface board 24 for
delivering and collecting signals. However, IC chip 30
(along with IC chips 36 and 38) typically has multiple
pins (e.g., eight, sixteen, etc.) that are
respectively connected with multiple conducting traces
and corresponding conductors for providing and
collecting signals from the DUT (via a DIB).
Additionally, in some arrangements, tester 12 may
connect to two or more DIB's for interfacing the
channels provided by interface cards 24, 26, and 28 to
one or multiple devices under test. To initiate and
control the testing performed by interface cards 24,
26, and 28, tester 12 includes PMU control circuitry
48 and PE control circuitry 50 that provide
testparameters (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 logic (e g , a field-programmable gate
array), and/or combmation(s) thereof Tester 12 also
includes a computer interface 52 that allows computer
system 14 to control the operations executed by tester
12 and also allows data (e g , test parameters, DUT
responses, etc ) to pass between tester 12 and
computer system 14 Figs 3a and 3b shows representative
circuitry 54 and 55 Circuitry 54 and 55 may be part of
the PE stage of ATE Circuitry 54 is part of a source
channel, since it provides test data to a DUT
Circuitry 55 is part of a capture channel, since it
receives (or "captures") data from the DUT, which has
been generated in response to the test data Source
channel circuitry 54 includes a source memory 56,
which stores digital data that is used to generate
test signals to output to DUT 57 A memory sequencer 59
outputs the digital data Correction data from look-up
tables (LUTs) 60 is then applied to the digital data
LUTs 60 include one or more LUTs stored m memory, and
also include associated circuitry, as descpbed 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
descpbed below) In this implementation, the correction



data is added to the digital data, however, other
implementations may use a different way to combine the
correction data and the digital data The corrected
digital data is applied to digital-to-analog
controller (DAC) 61, which generates analog signals
that correspond to the corrected digital data A driver
62 (e g , an amplifier) outputs the resulting analog
signals to an optional filter bank 64 In this
implementation, the filter bank may be aswitchable
filter bank The switchable filter bank may include one
or more filters (e g , capacitors) that are switchable
into, or out of, the channel, and which may be
configured to attenuate analog signals and to
compensate for harmonic distortion from the channel It
is noted that switchable filter bank 64 need not be
included in circuitry 54 Capture channel circuitry 55
receives analog signals from DUT 57, and applies them
to optional filter bank 65 Filter bank 65 may be a
switchable filter bank of the type descpbed above, and
may apply a gam to analog signals It is noted that
switchable filter bank 65 need not be included in
circuitry 55 A dp ver 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 to compensate for harmonic
distortion in the digital data after that distortion
is introduced (e g , by the ADC), as descpbed below A
descpption of LUTs 60, and their contents, is provided
below with respect to Fig 4 In this implementation,
the correction data is added to the digital data,
however, other implementations may use a different way



to combine the correction data and the digital data
The corrected digital data is applied to capture
memory 69, from which is may be retrieved by a
controller 70 analysis A descp ption of the sources of
possible sources of harmonic distortion is set forth
below, followed by a descpption 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-hneanty, can
be generated anywhere in an AC channel signal path
Examples of sources of harmonic distortion include,
but are not limited to, the following data converter
(e g , DAC or ADC) integral non-hneanty (INL) errors,
data converter differential non-hneanty (DNL) errors,
passive component non-hneanty in the filters or analog
signal path of the channel, e g ,
voltage-dependentcapacitance C(V), voltage-dependent
resistance R(V), and current dependent inductance
L(I); slew-rate limits of amplifiers in the channel;
voltage-dependent capacitance in active circuits 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. 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 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 function of the slope of the signal input
to the amplifier, which can only be calculated with
knowledge of the past history of the amplifier's input
signal. Compensating for errors introduced by
components with non-linear C(V) or L(I)
characteristics also requires knowledge of past
history, since error(s) introduced by such components
may include a phase shift of the output signal.
Harmonic distortion produced by, e.g., the
non-linearities described above, is periodic relative
to a fundamental calibration test signal (e.g. a
signal used to generateerror correction values for
storage in LUTs 60), and produces a finite number (N)
of harmonics above a noise floor of the system. This
harmonic distortion d(t) can be modeled using a
general Fourier Series expansion as follows: "/(/) = "
cos(/i - - + j , (1) 



where / refers to time, and where Hn and qn are the
magnitude and phase of an nth harmonic as measured by
Fast Fourier Transform (FFT) processing of a sampled
and quantized test signal used for calibration. Any
signal, such as d(t) in equation (1), can be separated
into an orthogonal superposition of an even function
and an odd function, as follows: x(t) =xE(t) +x0 (t),
where cE( 1-[x(t) + x(-  ] and x0 (O -[*(0 - *(~0 J
The Fourier transform of this resulting test signal,
x(t) , can be written using the following
superposition X,( w) X L w)+j -X , w) where X R(w) and
X 1(w) are the real and imaginary parts of X (w) . A
useful property of real-valued signals, exploited in
the linearity correction process described herein,
isHermitian symmetry, i.e., that X R{(o) and X 1(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 yields the following
general expression for harmonic distortion: d(t) w (2)
Since static non-linearity produces errors that depend
only on the current amplitude (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
signal. Choosing an even function for the fundamental
calibration signal, such as a zero phase cosine,
ensures that static nonlinearity produces distortion
that is reflected completely in the real part of the
FFT. In this case, with purely static non-linearity
and no dynamic component, the distorted signal is an
even function, the FFT is completely real-valued, and
equation (2) reduces to </(/) = H n -cos(0 B) cos(/i -
-0 (3) n=2 where Qn = 0, p for all n. 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 calibrationsignal, 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 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 



produced by an arbitrary waveform generator (AWG)
source, then the calibrator can exploit the symmetry
properties of the Fourier Transform to determine a
distortion compensation function. In this case, the
captured calibration test signal, y(t), has the form
of a zero phase cosine with additive harmonic
distortion d(t), such that: y(t) cos(w -t) +d(t) . The
error signal (d(t)) produced by a combination of
static and dynamic nonlinearity can be generated
digitally using an orthogonal basis of sine and cosine
functions. One implementation that uses a Hubert
Filter to generate the quadrature component of this
basis in conjunction with look-up table (LUT) memories
is shown in Figure 4 . More specifically, because the
harmonic distortion signal is periodic and real
valued, the harmonic distortion signal can be
represented by a general Fourier Series with an
orthogonal basis of sine and cosine functions using
equation (2). Thus, it is possible to digitally
reconstruct the harmonic distortion signal using two
look-up tables: an "I-LUT" addressed with fundamental
signal and a parallel "Q-LUT" addressed by quadrature
signal generated with a 90 phase shift Hubert filter.
The reconstructed harmonicdistortion 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"
lookup 



table (I-LUT) 7 1 to implement a memory-less
correction function that depends solely on a current
value of x(t) (the signal being corrected). Dynamic
non-linearity is compensated using a combination of a
90 phase shift, which is substantially constant over a
broad frequency range, followed by a memory-less
"quadrature" look-up table (QLUT) 74. As shown in Fig.
4, the error correction data outputs of I-LUT 7 1 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 7 1 and Q-LUT 74)
implements a polynomial function, fujT, of its
address, which is defined as follows: N This
polynomial describes a memory-less non-linearity. The
nth 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 dataincludes 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). The 



input to the I-LUT is the primary data stream given by
x(t) = COs( 0 ) . For a particular amplitude of x ,
the time at which the sample occurred (within a first
cycle) is given by the following: t = ft) "' -COS '
(x). Substituting w0 ' cos ' (x). for the variable t
in equation (3) above results in the following
equation, which is used to determine the I-LUT
correction data : d, ( f) = T Hn cos(# p) cos(/2 cos
1(JC)) (4) n=2 The Q-LUT is addressed by a quadrature
(approximately 90) phase shifted version of x(t),
namely: X1(/) = cos( >0 / - f ) = sin(<y0 t) . The
time associated with a particular sample value at the
input of the Q-LUT is defined by the following
equation: t = w0 ' sin ' (x) .Substituting Co 0 sin '
(x) for t in equation (2) results in the following
equation for determining the Q-LUT correction data: dq
(x) = -  H n -sin(# ) sin(" sin 1(x)). (5) Equations
(4) and (5) provide closed-form solutions for
determining correction data for use in correcting the
first N harmonics produced by non-linearity in an ATE 



instrument channel. A process for determining table
entries for an M-bit address LUT quantizes x e [- l,l]
in 2Mvalues and determines corresponding error
correction data usmg equations (4) and (5). It is
noted that equations (4) and (5) are only valid if the
harmonic amplitudes and phases result from FFT
processing on a zero phase cosine fundamental
calibration signal. Although patterned-controlled ATE
signals can approximate a zero phase cosine
fundamental calibration signal, in practice this can
be time-consuming to achieve, and a residual phase
error resulting from variability in delay through the
instrument's analog signal path can limit signal
correction. Allowing a non zero phase for the
fundamental calibration signal means that the
calibration signal used to measure the harmonic
amplitudes and phases has the form x(t) = cos(<y0 t +
f) (6) where f is the arbitrary non-zero phase of the
fundamental calibration signal. This more general
approach is consistent with ATE capabilities and
end-applications, where exactfrequency ratios are
achieved for coherency and typical FFT measurements
are indifferent to the fundamental signal phase. If f
is non-zero, the fundamental calibration signal
contains both an even and odd component and,
consequently, both static and dynamic non-linearity
produce mixedsymmetry outputs. In order to use Hn and
qn to correctly load correction data in the look-up
tables, it is necessary to create an orthogonal basis
around the harmonic phase 



residual resulting from the dynamic linearity, i.e. qn
, with the contribution from f removed. Recognizing
that the n term of the polynomial describing the
memory-less, non-linear system produces an nth
harmonic in response to x{t) , and rotates the phase
of x{t) by n f , the harmonic distortion in an
instrument channel can be modeled as Af d(t) = Hn
-cos(n -w -t +n -f +qn - n -f) . =2 Expanding the
above equation onto an orthogonal basis of sine and
cosine functions results in the following: d{t) = jT
Hn [cos(6*_ - n -f) -COS(A w0 t + n f) -  n(qn - n -f)
-sin(" w0 t + n -f)\. n=2 If the channel non-linearity
is purely static, then On - nf = , p 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 nlh order
component to static non-linearity in the channel.
Incontrast, the sine term involves both rotation by n
and a quadrature (i.e., approximately 90) phase shift
from the fundamental signal. 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 1 x - f). Substituting co ' (cos
1 x - f) 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) =f
Hn cos(qn - nf) -COs(H -COS-1Cc)) (7) 2 The
relationship between a sample value and the time at
which the sample occurred (in a first cycle) at the
input to the Q-LUT is given by t w -(sin x - f)
Substituting co (sin ' x - f) for t in the
"quadrature" term for d(t) above results the following
closed-form solution for determining the Q-LUT error
correction data. b (x) = ~ H n sin(0 L - nf) - n{n sin
1(*)) (8)As described above, the process for
determining table entries for an M-bit address LUT
quantizes x e [- l,l] in 2Mvalues and determines the
corresponding error correction data using equations
(7) and (8). It is noted that equations (7) and (8)
reduce to equations (4) and (5), respectively, when
the phase offset, f, is zero. 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 range of signals that pass through
the source and capture channels of the ATE. These
error correction values are then stored in the I-LUT
and Q-LUT, and are used to correct subsequent signals
passing through the source and capture channels. The
following is used to determine the range of signals
(codes of a data converter) over which to determine
the error correction values that are to be stored in
the I-LUT and Q-LUT. If a continuous sine wave is
randomly sampled with uniform probability over the
range [0,2;r] , the probability that the sinusoid
obtains the value x is given by p(x) - 2 - 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 {p A) . In one example, the
probability that a code i is produced by a data
converter that uniformly samples a sine wave on the
interval [0,2 ] and quantizes to N bits is given
byintegrating the above expression over the amplitude
range for code i, with the following result: 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 / 2N~l ).
Thus, the probability of occurrence of a midscale 



code decreases with the number of quantizer levels. In
order to provide a robust calibration, it is desirable
to have the measurement process exercise every code of
the converter. The expected number of code hits E(i)
in a capture containing a number "Nsamples" of samples
is given by E(i) =P(i) Nsamples . Ensuring that the
least probable mid-scale code is hit at least once
implies that Nsamples  p -2N Thus, calibration of a
16-bit converter using a fast radix-2 FFT process
requires capture of at least 13 1,072 samples. While
this constraint may be necessary to ensure that
allconverter 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 does not occur, the
integer number of cycles of the test waveform in a
capture window may be mutually prime with respect to
Nsamples. 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. Compensating these
aliased frequency components has the potential to
improve the ATE' s dynamic range when sourcing or
capturing high frequency signals. 



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 nf 0
(where fo is the fundamental frequency), the following
process is used to determine the frequency (FFT bin
number) where an N harmonic occurs, and the associated
amplitude and phase to use in the LUT error correction
data computations. If the harmonic occurs in an odd
Nyquist zone of the sampling clock defined as 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 bywhere xmody is the remainder of
x/y . The magnitude and phase of this complex aliased
frequency component, designated H(f nahas ), 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 (5)): qn =ZH{f mbas ) 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: Given that the image
of the even Nyquist zone is mirrored, the phase is
conjugate and the harmonic amplitude and phase
components of equations (7) and (8) (or (4) and (5))
are 



defined by qn - H(f whas )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. 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. Fig. 5a shows an example of a sinusoidal test
signal with additive white noise x(t) = cos(2;r 70e6 t
+/ )+0.001 randif) , which is passed through a
non-linear system with transfer function y(t) =x(t)
+0.001 |JC(/)| + 0.001 x(t) \x(t)\ . In this example,
the sample rate is 300 Msps (million
samples-per-second). The nonlinearity generates both
even and odd high-order harmonics given the absolute
value discontinuity and its inherent symmetry. The
correction process described above, which uses the
I-LUT and Q-LUT error correction data, reduces both
direct and reflected harmonics as shown in Fig. 5b.
That is, Fig. 5b shows the FFT of a resulting
compensated output, with its dynamic range improved by
30 dB. The process described above for determining,
storing and/or using harmonic error correction data,
and its various modifications and related processes
described herein 



(hereinafter "the processes"), are not limited to the
hardware and software described above. All or part of
the processes can be implemented, at least in part,
via a computerprogram product, i.e., a computer
program tangibly embodied in an information carrier,
such as one or more machine-readable media or a
propagated signal, for execution by, or to control the
operation of, one or more data processing apparatus,
e.g., a programmable processor, a computer, multiple
computers, and/or programmable logic elements.
Acomputer program can be written in any form of
programming language, including compiled or
interpreted languages, and it can be deployed in any
form, including as a stand-alone program or as a
module, component, subroutine, or other unit suitable
for use in a computing environment. A computer program
can be deployed to be executed on one computer or on
multiple computers at one site or distributed across
multiple sites and interconnected by a network.
Actions associated with implementing all or part of
the processes can be performed by one or more
programmable processors executing one or more computer
programs to perform the functions of the calibration
process. All or part of the processes can be
implemented as, special purpose logic circuitry, e.g.,
an FPGA (field programmable gate array) and/or an ASIC
(application-specific integrated circuit). Processors
suitable for the execution of a computer program
include, by way of example, both general and special
purpose microprocessors, and any one or more 



processors of any kind of digital computer. Generally,
a processor will receive instructions and data from a
read-only memory or a random access memory or both.
Elements of a computer include a processor for
executing instructions and one or more memory devices
for storing instructions and data. The processes
described herein are explained in the context of ATE
instrumentation for use in production test of
semiconductor circuits. However, the processes are not
limited to this context. Rather, they are also
applicable to otherhardware configurations, such as
bench (rack mount) instrumentation. For example a
signal generator or spectrum analyzer instrument may
incorporate linearity correction hardware/software and
be calibrated using the processes to improve its
dynamic range (e.g., by reducing harmonic distortion
in the instrument channel(s)). Another application of
the processes may be made in data converter integrated
circuits (ICs). For example, a Hubert filter could be
built into a data converter IC, along with
non-volatile memory to implement the I-LUT 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 herein are also within the scope of the
following claims. What is claimed is:1. An apparatus
comprising: 



circuitry configured to pass a signal in a channel of
the apparatus; memory configured to store a first
look-up table (LUT) and a second LUT, the first LUT
being configured to provide a first correction value
based on a first version of the signal, the first
correction value for use in correcting static
non-linearity associated with the channel; and the
second LUT being configured to provide a second
correction value based on a second version of the
signal, the second correction value for use in
correcting dynamic non-linearity associated with the
channel; and 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 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 Hubert filter, and shifting comprises
shifting a phase of the signal by about 90. 4. The
apparatus of claim 1, wherein the circuitry, the
memory, and the logic comprise parts of a capture
channel of automatic test equipment (ATE), the capture
channel for receiving signals from a device under test
(DUT).5. The apparatus of claim 1, wherein 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). 6 . The
apparatus of claim 1, 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
wherein the plural first correction values, d\(x),
comprise: N d,{x) = H- -COs( - nf) cos(n cos x)) , n=2
where Hn is a magnitude of an nth harmonic, qn is a
phase of the n harmonic, x is a sample value of a
signal in the channel, and f is a phase of a
fundamental signal that produces harmonics. 7. The
apparatus of claim 6, wherein the plural first
correction values are configured for correcting
aliased harmonics. 8 . The apparatus of claim 7,
wherein q ZH(fmhas )Fs where / , = nf 0 mod- , with nf
corresponding to an n' direct harmonic, and Fs
corresponding to a sampling clock frequency of the
channel. 



9 . The apparatus of claim 7, wherein qn - ZH{f 1
where f mhas = M/ 0 mod - , with nfo corresponding to
an nth direct harmonic, and Fs corresponding to the
sampling clock frequency of the channel. 10. The
apparatus of claim 1, wherein the second LUT comprises
plural second correction values, the plural second
correction values for use in correcting for a first N
harmonics caused by the dynamic non-linearity; and
wherein the plural second correction values, dQ(x),
comprise: N d Q(x ) = -  n sin(<?n - nf) sin(" sin
1(x)) , where Hn is a magnitude of an nth harmonic, n
is a phase of the n harmonic, x is a sample value of a
signal in the channel, and f is a phase of a
fundamental signal that produces harmonics.11. The
apparatus of claim 10, wherein the second first
correction values are configured for correcting
aliased harmonics. 12. The apparatus of claim 11,
wherein where f pa!tas - nf 0 mod- , with nfo
corresponding to an n direct harmonic, and Fs
corresponding to a sampling clock frequency. 



13. The apparatus of claim 11, wherein where f mhas =
nf 0 mod- , with nfo corresponding to an n direct
harmonic, and Fs corresponding to a sampling clock
frequency. 14. The apparatus of claim 1, further
comprising a switchable filter bank in the channel,
the switchable filter bank comprising one or more
filters that are switchable into, or out of, the
channel, the one or more filters being configured to
compensate for harmonic distortion from the
channel.15. The apparatus of claim 1, wherein the
logic comprises 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. 17. One or more machine-readable
media comprising instructions that are executable to
generate correction values that are usable to
compensate for harmonic distortion in a channel of an
instrument, the instructions for causing one or more
processing devices to: generate first correction
values for use in correcting static non-linearity
associated with the channel of the instrument; 



store the first correction values in a first look-up
table (LUT) in memory; generate second correction
values for use in correcting dynamic non-linearity
associated with the channel of the instrument; and
store the second correction values in a second LUT in
memory. 18. The one or more machine-readable media of
claim 17, wherein the first correction values are for
use in correcting for a first N harmonics caused by
the static non-linearity; wherein the first correction
values, di(x), comprise:d, (x) = H cos(# - nf) cos("
cos ' (x)) , p 2 where Hn is a magnitude of an nth
harmonic, qnis a phase of the n harmonic, x is a
sample value of a signal in the channel, and f is a
phase of a fundamental signal that produces harmonics;
and wherein, when the phase, f,of the fundamental
signal is zero, the first correction values, di(x),
comprise: N d (c )=  H n c s ( ) ' S( i cos 1(x)) .
n=2 19. The one or more machine-readable media of
claim 18, wherein the first 



correction values are configured for correcting
aliased harmonics; wherein, if a direct harmonic
occurs in an odd Nyquist zone of a sampling clock,
then n=\mfnal j q =ZH(fml as ) Fs where f th m ias =
nf mod - , with nfo corresponding to an n direct
harmonic, and Fs corresponding to a sampling clock
frequency; and wherein, if the direct harmonic occurs
in an even Nyquist zone of the sampling clock, then )
\ qn -ZH(fn )where f lua =~ - nf 0 mod 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, Q
(X), comprise: d Q S H -sin (qn - F) -sin( / sin-'
(*)) , 2 



where Hn is a magnitude of an nth harmonic, qn is a
phase of the n harmonic, x is a sample value of a
signal in the channel, and f is a phase of a
fundamental signal that produces harmonics; and
wherein, when a phase, f , of the fundamental signal
is zero, the second correction values, UQ(X),
comprise: d Q = -  H n s i (q n) sin(" sin ' (x)) .
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, thenFs where f mhas =nf 0 mod- ,
with nf0 corresponding to an n1 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 qn -zH(fm l )
where / ",, = nf n mod- . 


