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DESIGNERS MUST This is the first of two articles focusing on the issues involved in the

design and test of high-performance analog-to-digital converters.

GO BEYOND Here, required external support hardware and its limitations will be
covered. Also discussed are the specifics of distortion testing. The sec-

ond article will cover tests for intermodulation, aperture jitter, and
TRADITIONAL ac and time-domain considerations.
TEST 0 optimize system performance, designers using high-per-

TECHNIQUES formance analog-to-digital converters (ADCs) must thor-

oughly understand ADC test techniques and their limita-
‘M HEN tions. At conversion speeds above 10 Msamples/s and reso-
lutions beyond 10 bits, many traditional evaluation tech-

EVALU ATING niques no longer work. Difficulties arise when trying to

exercise the ADCin a way that closely approximates the ap-

F AST HIG’H- plication. The evaluation phase should consider board-lay-
’ outand signal-conditioning issues to eliminate or reduce the

RESOLUTION risks associated with combining analog and digital circuitry in one sys-
tem. This requires a test system that’s flexible, accurate, and insensitive

ADCS to variations in the parameters of support circuitry.
: One traditional ADC characterization test places the device into a dc
servo loop, where each threshold is

e Converter ingiividually measured. This test sup-
otk | gignal — clock inguts plies accurate and repeatable data on
e _I Clock °°“““‘°“"‘9I— """"" | the de transfer function, and is still

““““““ ! quite useful for high-resolution, low-

~ speed converters. But subtle interac-

| tions between the converter and the
board alter the overall system per-

I formance as operating frequencies

I'| increase.

| One solution is to test the circuit

[ | while applying high-frequency sig-

| nals. For simple frequency-domain

I

I

I

I

&>  Signal source Resistive

splitter
l Gain and

squaring

Computer with fast
digital input or
logic-anatyzer

interface

f

i
| applications, single-tone testing may
! be adequate. However, many sys-
Network |- tems have multiple tones present si-
. anaiyzer multaneously, which means that in-
6 > fitr 1 — e —— —— — termodulation becomes an issue. In
Linear other systems, integral linearity is

[ combiner L Pulse | | Pulse ys! ’ g . ty
—b— Filter shaper generator less of an issue but differential code-
to-code errors, slew rate, and sam-
pling jitter are important.

"> Signal source Another traditional test method is
' to add a digital-to-analog converter

' (DAC) after the ADC to reconstruct
l 1. A COMPLEX TEST SETUP IS NEEDED to complete the majority of an the original waveform. If this is the

@—— Filtering -

[

ADC’s evaluation. In practice, however, most applications can get by with only a portion of way the ADC will be used in the ap-
the components shown here. plication, typically with some digital
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processing between conversions, the 0
work required to obtain accurate re- N
sults may be worthwhile. However, 400
this technique is too inflexible and in-
accurate for most applications.

The obvious alternative is a com-
puter-driven test system that re-
moves the errors ecreated during
waveform reconstruction. In de-
scribing the technique, this article
discusses the hardware and soft- 450
ware needed for the digital test sys- 1
tem, and the hardware for the re- | |@
mainder of the setup, including sig-
nal sources, clock-conditioning cir-
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the digital test system is flexibility. 10 Hz -113 -120 -113 -107 -101

)

The system’s fast edge rates and 100 Hz 130 132 126 119 411

long cables create transmission-line

and crosstalk problems. These ef- 1 kHz -134 -138 -133 -128 -122

fe_cts can pr_oduce current spikes of 10 kHz 137 148 .143 -136 130

0.5 to 1.0 A in the digital power-sup-

ply lines of the device under test 100 kHz -134 -146 -142 -136 -130

(DUT). Another problem is digital *CW and AM mode only, 1-Hz bandwidth.

noise from the computer feeding
back into the ADC’s ground and sup-
ply lines. Consequently, the input
buffer must isolate the ADC evalua-
tion board from the cable leading to
the computer.

ENSURING FLEXIBILITY

Digital line drivers placed close to
the converter’s output lines supply
good isolation. Even better is a tech-
nique used in logic-analyzer pods, in
which comparators latch the data
and drive the cable. Rather than
build the required custom interface
circuitry, the designer can use a logic
analyzer to collect high-speed data.
The computer can read the data from
the analyzer over a conventional se-
rial link. The comparators’ flexibility
is very valuable during ADC evalua-
tion and board development. With a
simple threshold adjustment, any
logic level can be examined. With the
comparators’ high input impedance,
designers can probe circuit boards,
which is very useful in hardware/
software integration.

In summary, the input buffer
should:

e create minimal loading on ADC
output lines,

® enable the user to program thresh-
olds from-2.5to +5.0V,
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2. ALTHOUGH A SYNTHESIZER’S PHASE stability is specified in terms of

single-sideband phase noise, as shown in this example for the HP 8662A (a), designers can
use a linear approximation of the noise power between decades to estimate the total rms

noise power (h).

¢ have an external clock input,

e include gating or triggering fea-
tures (optional),

¢ have minimal setup and hold times
(less than 1 ns preferred), and _
o permit data rates up to 50 MHz
(preferred).

Of course, the buffer memory it-
self must be wide enough to accom-
modate the system’s data width. In
addition, memory depth should be at
least 2%, where w is the data width.
That is, 12-bit data requires a memo-
ry of at least 4096 words deep. The
computer should have a minimum of
1 Mbyte of RAM, a floating-point
processor, and an instrument con-
troller card.

Beyond the obvious data-collec-
tion aspects, the system’s software
must be easy to use and to modify. It
should contain I/0 plotting/printing
and disk-interface routines, as well
as instrument control capabilities.
Ideally, the software would incorpo-
rate every conceivable test function,
selectable by the touch of a button.
In practice, there will always be
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some specialized test needed during
the initial component evaluation
phase or during later design integra-
tion phases. However, to speed de-
velopment, the software should in-
clude a minimal set of routines:

e data acquisition,

e forward and inverse fast Fourier
transforms (IFFTs),

¢ windowing,

¢ spectral analysis,

e histograms for integral and differ-
ential nonlinearity graphs (INL and
DNL) graphs, and

e data viewing.

The data-acquisition function is
fairly straightforward. Parameters
required include the threshold volt--
age, number of bits, record length,
and triggering information.

Which fast Fourier transform is
used is unimportant, as long as its
length is adjustable and it converts
in either direction between the time
and frequency domains. Short FFTs
are useful for debugging systems,
but long records are essential to
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measure harmonics accurately.
Longer records lower the noise floor
(N by spreading the total noise pow-
er among more frequency bins. To
accurately measure distortion, the
noise power should be at least 20 dB
below the lowest-amplitude harmon-
ic. The relationship between the
noise floor in dBc and signal-to-noise
ratio (SNR) is:

N¢=S8NR-10log (L/2) 1)

where L is the record length and the
dBc in the dimension is referred to
the input signal. The factor of two
inside the logarithm accounts for the
folding into the Nyquist band, which
is caused by the sampling process.

For example, if the record length
is 4096 words (for 12-bit-wide data)
and the SNR is —-67 dBe, N; is -100
dBe. That is, the average level of a
nonharmonically related bin should
be-100 dBc. However, this value will
tend to vary in a Gaussian manner
for any given sample. For white
noise, the standard deviation is 3 dB,
which means the variation around
the average value can easily be 9 dB.

In fact, the noise in a converter
isn’t truly Gaussian, because the
quantization noise is related to the
input signal. But the noise does have
a uniform distribution. If the maxi-
mum distortion component of a 12-
bit converter is at -80 dBc, a larger
record length or spectral averaging
will be needed to accurately identify
the harmonics present.

A DFT or FFT maps discrete-time
data to a finite set of discrete fre-
quencies. The minimum frequency,
or resolution frequency (£,), is deter-

mined by the total record length and
the sample period:

f, = 1/(number of points X sample
period) 2

If the record is non-commensu-
rate, its spectral representation
doesn’t fall on any of the multiples of
f.. The FFT will then produce an ap-
proximation of the true input fre-
quencies with a finite set of nonrelat-
ed frequencies. What occurs is spec-
tral spreading known as leakage.
One non-commensurate tone will
leak into a broad set of frequencies
with relatively large amplitudes.
Leakage can be reduced by com-
pressing the data points near the
ends of the input record. This com-
pression is accomplished by window-
ing. A window is a vector that’s mul-
tiplied by the input time record prior
to performing an FFT. Windowing
reduces the spreading and side lobes
in the output spectrum.!

To analyze spectral results, the en-
gineer needs a routine that displays
the amplitudes of the fundamental,
harmonics, and the maximum non-
harmonic component, along with the
computed SNR and total harmonic
distortion. Since non-commensurate
data causes spectral spreading, the
routine must include a parameter
that specifies whether the input data
was commensurate. For a 4096-point
FFT, a good window will limit
spreading to about 10 bins for the
fundamental and seven bins for the
harmonic or de components.

To correct for spreading, each
component’s amplitude must be com-
puted from the sum of the guard

Gate or

]
0.1uF comparator
NG

e,
Sine-wave

source
{22V pk-pk)

*Decoupling: 1 ,.F and 0.01 uF

oUse pull-up for TTL gutputs

*Raute B3, Ry, and C directly to the IC
decoupling capacitors

{a)

Maxi-
mum | Slew
. slew rate
Jitter rate* | gain
ECL gate 0.8 ps |410 V/us | 3.7
(rC10114)
ECLto TTL | 1.0 ps 490 V/us | 24.5
(1C10125)
High-speed | 1.2 PS | 825 V/us | 450
comparator

*Driving an ECL clock conditioning circuit.
The drive signal for the circuit being
tested had a slew rate of 810 V/us.

{8)

3. ASIMPLE CIRCUIT CAN SUPPLY very effective clock conditioning.

However, designers must be sure to follow proper grounding and trace-routing techniques.
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bins. The noise power must be in-
creased to correct for the loss of
these bins. Once the average noise
power has been obtained, however, it
should be used to remove the added
noise power in the harmonics. If
spectral averaging is required, it
must be done on the raw FFT data
prior to conversion to decibels. The
resultant spectrum can be directed
to the analysis routine.

The histogram routine directly in-
dicates the nonlinearities present in
the converter’s average transfer
function. A histogram is obtained by
applying a spectrally pure tone to the
DUT’s input and counting the occur-
rences of each output code for a
large number of samples. The resul-
tant array combines the probability
distribution function (PDF) of a sine
wave with the error present in the
quantization levels. After normaliza-
tion to remove the sine wave’s PDF,
the data contains only the informa-
tion relating to the bins’ widths.

The system derives the DNL curve
by subtracting the mean of the array
from each individual bin. The INL
curve is generated by integrating
the DNL array from one end to the
other to produce the transfer curve.
A best-fit line is subtracted from the
transfer curve to produce the INLin-
formation.

Finally, the software’s data-view-
ing routine should offer access to di-
rect time-domain results with zoom,
centering, and cursor readout. These
features help measure pulse re-
sponses and switching transients,
and aid in debugging system setups.

Some sources for hardware and
software packages are: DSP Devel-
opment Corp., Cambridge, Mass.
(software); National Instruments,
Austin, Texas (hardware and soft-
ware); NCI, Huntsville, Ala. (PC-
based logic analyzer cards); and Rap-
id Systems, Seattle, Wash. (PC-
based logic analyzer cards).

In addition to the digital test sys-
tem, thorough evaluation of an ADC
requires lots of other equipment
(Fig. 1, again). The three signal
sources must be high-performance
units, which makes the setup expen-
sive. Besides budget limitations,
many technical challenges face the
designer. The starting point is select-
ing the sources. A frequency synthe-
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sizer offers the most flexibility. As
for specifications, low phase noise is
the first concern. The residual phase
noise between the reference clock
and the analog output signal must be
low. The absolute phase noise in both
signals is almost completely elimi-
nated by the sampling process.
Broadband noise is less of an issue
because it can be filtered.

An easy way to understand the ef-
fect of residual phase noise, called
jitter, is to consider the case where
the clock and analog frequencies are
the same. In the worst-case situa-
tion, the ADC samples the analog
signal at its zero crossing. In the ide-
al case, the converter output is al-
ways the same nominal value. If a
phase error exists between the sam-
pling clock and the input sine wave,
the sample value will be slightly
above or below the nominal value.

For instance, consider a 5-MHz
sine-wave input with an amplitude of
2V pk-pkand a phase error 0£0.01° (a
sampling-time error of roughly 5 ps).
The magnitude of the voltage error
would be 175 uV, which is 1.4 times
the quantization level of a 14-bit con-
verter. As the signal’s slew rate de-
creases, so does the error. For a sine
wave (8V/8t), the slew rate is:

S, =V, w[cos (wt)] (3)

where V,, is the peak amplitude of the
sine-wave input signal and o is the
input signal’s radian frequency.

The total sampled noise is the inte-
gral of the slew rate multiplied by
the timing jitter over one cycle of the
input waveform. Because the phase
noise isn’t correlated to the input sig-
nal, the result simplifies to:

€= Sr |rms X Stj
=(0.707V, w) X 8, 4)

where e, is the rms noise energy in
volts, and t; is the timing jitter. This
figure is the rms slew rate of a sine
wave (6V/8T) multiplied by the rms
jitter (87T).

The SNR in dBc based on jitter is
only:

SNR; =20 X 10g(V, rms/€0)
=-20 X log(ew X 8T) 5)

where V;, ¢ is the rms value of the

analog input signal.
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If the jitter is 5.55

ps rms, SNR; is 75.2
dBec. This is unac- 10
ceptable because the
ideal SNRs for 12-
and 14-bit converters
are 74 dB and 86 dB, .15
respectively. Also,
ADC track-and-hold
circuits currently
achieve about 1 to 2
ps rms of jitter. In
practice, the SNR for
either a 12- or 14-bit
converter is limited
to about 70 dB, but -85

Distortion (dBc)

Distortion vs. temperature
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+1825 counis
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/
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' /
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\\/
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grow with increased

4 % 00 %
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analog frequency.

Unfortunately, a
synthesizer’s phase
stability is specified
in terms of single-sideband (SSB)
phase noise, not rms timing jitter.
However, specification data from
the HP 8662A synthesizer manual
shows thatdesigners can usealinear
approximation of the noise power be-
tween decades to estimate the total
rms noise power (Fig. 2).

The noise power can then be relat-
ed to jitter using Equation 4. To inte-
grate the noise, the designer needs
an equation that provides a linear
slope on a log-log scale. In addition,
the power must be converted from
decibels to a power ratio. Equation 6,
which is setup for piecewise approxi-
mation between various frequency
points, performs the conversions:

en (fl tO ff_)) =

£z ¢ mi10
10(nf1/10) f (-f—l) of (6)
fy

1 X
(m/10)+1

[fz(m/lO*I) _ fl (m/10+1)]

where m is the slope in decibels/dec-
ade, and ny, is the noise value in deci-
bels for the lower frequency limit.
The HP 8662A data offer a good
example (the 0.01- to 120-MHz fig-
ures are used). For the first decade,
10 to 100 Hz, Equation 6 gives the

=101 X f(-m/10) x
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measurements were made to illustrate the effects of
temperature on the converter’s performance.

l4. A SERIES OF SINGLE-TONE distortion

instrument’s power sideband to pow-
er signal ratio:

e, (10 to 100) =
101.7 X 10-113 x '(‘)_17 X (100-0.7 —10-0.7)

=573 1V, (6a)

The complete results are:

Decade1=5.78¢!!
Decade 2 =4.97¢1!
Decade 3 = 2.281e710
Decade 4 = 3.437e?

The ratio SSB power, P, is
3.77¢”. The total effective phase
power produced by the combination
of the upper and lower sidebands,
P is 4 X Py, = 15.08¢”. The P,
ceﬁculation accounts for the fact that
complementary sideband terms
which are evenly spaced around the
carrier add in-phase to double the to-
tal phase error produced by either
one separately.2 The factor of four
corrects for the error due to the sin-
gle-sided integration. It’s important
to note that the largest contribution
comes from the frequency range be-
tween 10 kHz and 100 kHz (high-or-
der term).

The power ratio can then be con-
verted to a voltage by:

Vo= \/E X Vin rms (M

Finally, the radian carrier fre-
quency, w,, is used in Equation 4 to
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solve for jitter:
at; = __L (8)
We Vin rms

At 5 MHz and 2 V pk-pk, the jitter
is 3.91 ps rms. This figure may seem
unacceptable because ADCs can
have lower jitter values. However,
bandpass filters can remove some of
the higher-order noise components,
and the finite record length used in
spectral analysis reduces the low-or-
der sidebands. A low-order sideband
term produces slow variations in the
relative phase between the clock and
input signals.

For example, when a 4096-point
data record is taken at 10 Msamples/
s, the total time is only 409.6 us. A
close-in term will produce only a
fraction of its possible carrier phase
shift in this amount of time.

The second feature needed in the
sources is the ability to lock the ref-
erence clock to an external source.
This ability eliminates the jitter that
would be produced by the absolute
phase noise present in each genera-
tor. Locking to an external clock also
makes possible commensurate sam-
pling, which offers greater freedom
in choosing frequencies and im-
proves the accuracy of the results
because windowing isn’t required.

Unfortunately, most low-noise
synthesizers perform poorly in other
areas. Unfiltered harmonic distor-
tion is typically in the —-30-dBc range.
Such instruments might also pro-
duce unwanted spurious tones, and
may have no provisions for offset
control and somewhat coarse ampli-
tude control. In addition, frequency
resolution must be considered care-
fully. For 12-bit systems, resolution
should be at least 0.1 Hz because an
error in signal frequency prohibits
the use of commensurate sampling.

A few sources that work well in
ADC evaluation are the Hewlett-
Packard HP 8643A and HP 8662A
and the Fluke 6080A and 6160B.

Another area of the test setup that
requires attention is the clock-condi-
tioning circuit. Improper condition-
ing can cause aperture jitter and dis-
tortion. Typically, clock signals start
out as sine waves, with poor edge
rates and the wrong amplitudes for
driving ADC clock ports. A simple

[B3E LECTRONTIGC

conditioning circuit can perform the
squaring and amplitude adjustment,
but careful routing and grounding is
needed to eliminate interference
from other circuits (Flig. Ja).

Also troublesome is the noise pro-
duced in the test setup’s digital out-
put circuitry. In addition, power sup-
plies will contain harmonics created
by preamplifiers and analog and dig-

20 -
15T 1, = (15 X 10%)/4098
we 1= AWXL,

S T4TM

Least significant bit

ital circuits in the converter. Conse-
quently, poor power-supply routing
or decoupling can produce input-re-
lated harmonic noise that modulates
the clock switching time and causes
distortion.

If the clock conditioning circuit is
used on an ADC board, the circuit
should be placed close to the convert-
er control pins. The ground connec-

®

L ZXt,
1
9 = 195 Ml
s 87
2 9-
5
ERTE
-8+
15T
-2 ™ - -
L] o -] 128 1650 259 13 a9 E-- ] =
Code
o
u
1= 407 X1,

= 1504

Least significant bit

5. THESE PLOTS SHOW HOW integral nonlinearity (INL) graphs can provide
information that’s hard to glean from spectral plots. In this example, the INL graph for a
CLC935 is plotted at 7.47 MHz (2), 9.95 MHz (b), and 15.04 MHz (c). The INL plot goes
through a reversal somewhere between 10 and 15 MHi.
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tions should be in close proximity to
the converter’s digital ground, but
the supplies must be routed in a star
configuration back to the main-pow-
er-supply capacitors.

The conditioning circuit can be
built with an ECL gate, an ECL-to-
TTL gate, or a comparator. No mat-
ter which type of component is used,
other devices in the package must be
wired into the off state, because op-
erating other sections of the device
will introduce noise into the clock
channel. Results were measured for
test jigs that used a copper-clad
board with point-to-point wiring
(Fig. 3b).

FILTERING Is NEEDED

As noted earlier, the analog out-
put of low-noise sources must be fil-
tered to remove harmonics and
broadband noise. The best choice is a
high-order passive bandpass filter.
Low-pass filters work fairly well,
but the broadband and phase-noise
components that make it through
will degrade the SNR. Regardless of
type, the filter order must be high
enough to reduce the second har-
monic to at least 20 dB below the
DUT’s expected performance. Inser-
tion loss should be no more than 3dB,
or problems will arise during multi-
tone testing, where coupling losses
are high.

Distortion in the filters is another
potential problem. All connections to
the DUT must be properly terminat-
ed to reduce reflections, maintain
amplitude control, and improve noise
immunity. The termination resistors
cause substantial currents to flow
through the filter’s inductive ele-
ments. If the inductors start to satu-
rate, they will produce distortion
components.

The last electrical concern for the
test engineer is the choice of power
supplies. During component evalua-
tion, an analog supply must be used
to determine the ADC’s optimum
performance. If the final design calls
for a switching supply, it should also
be used independently to determine
its effects on the system. Supply
noise is discussed later on.

The final issue to address is tem-
perature. The high resolution and
speed of today’s leading-edge con-
verters push power consumption

http://www.national.com

into the multiwatt range. Some de-
vices may have to be cooled just to
keep them within their specified op-
erating range.

Temperature affects reliability as
well as repeatability. Ideally, an
ADC would be unfazed by tempera-
ture, but even the best designs show
some variations over temperature.
In repetitive tests done to verify the
effect of changes to the circuit or
system, the part should be brought
to the same temperature each time.
To illustrate this point, the single-
tone distortion versus temperature
was measured for a CLC935 (Fig. 4).
Tight temperature control and aver-
aging were used to ensure accuracy.

In most cases, a consistent source
of cooling air and about five minutes
of thermal settling time are all that’s
needed. A fan rated at 75 ¢fm and a
simple shroud suffices for most con-
verters. For example, a CLC935in its
evaluation board settled out to a fi-
nal value of 49°C five minutes after
power-up in an ambient environment
of 23°C. This setup has proved to be
very reliable for evaluating design
modifications.

Because of the large variety of
ADC applications, distortion must be
measured in a number of ways. Sin-
gle-tone spectral analysis provides
much information, but integral and
differential nonlinearity plots are
more useful for imaging and pulse-
response work. Applications such as
radar required multi-tone testing.

Static de tests are of little use for
either DNL or INL curves. When at
or near de, problems involving track-
and-hold acquisition time, power-
supply noise rejection, amplifier dis-
tortion, and dynamic quantization
errors don’t show up. What remains
are the low-frequency distortion of
the analog chain, quantizer device
matching, and trim accuracy. Tests
atdccan’t even supply the upper lim-
it of device performance because dif-
ferent distortion mechanisms can
cancel each other as the input fre-
guency is increased.

A CLC935 sampling at 15 Msam-
ples/s offers a good example of INL
variations with frequency. For each
frequency, the test averaged 250 re-
cords of 4096 sample points each.
The INL plot reversed itself between
the 10- and 15-MHz inputs. Thus, at
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some point between these frequen-
cies, the INL curve flattens out and
distortion is very low (Fig. 3).

The example histograms were
made with unlocked sources and in-
put frequencies chosen to be an odd
multiple of the resolution frequency,
f,. These conditions ensure that each
sample valueinarecord representsa
unique location on the sine wave? A
problem could occur because eachre-
cord contains the same set of unique
points. In practice, however, broad-
band noise and phase jitter will dith-
er the sample values. Running the
sources in an unlocked mode further
ensures random code coverage.

SINGLE-TONE TESTING

In single-tone testing the sources
should be locked, and the analog in-
put signal should go through a band-
pass filter. These conditions elimi-
nate harmonics and reduce the vari-
ous noise sources. If noise is a major
concern, the clock signal could be run
through a bandpass filter prior to the
squaring circuit to remove the broad-
band noise component.

At this point, a hypothetical situa-
tion may best illustrate the ADC
testing procedure: The input signals
are properly conditioned, the analog
input is carefully routed to the DUT
input, a termination resistor is
placed close to the device, the power
supplies are correctly set, the supply
leads are relatively short, and the
DUT has settled to a reasonable tem-
perature. The first data record is tak-
en, processed by an FFT, and exam-
ined using an analysis routine. The
results look good, but the noise is 1
dB higher than expected.

At least several possibilities exist:

® the partis bad,

e a filter is defective,

o the source’s phase noise isn’t with-
in specs, or

e one of the cables is bad.

This scenario assumes that you
know the exact expected perfor-
mance of the particular part being
tested. In reality, only the data-sheet
spec limits or nominal values may be
available. The part’s actual SNR
could easily be 2 dB better than the
limit at 25°C. In any case, if the partis
running near or slightly lower than
the spec limit, it’s time to reassess
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assumptions. Check the following:

® Are the clock and analog signals
actually locked? Set them to the
same frequency and use a scope
that’s triggered by one signal while
you look at the other. Examine the
cabling and clock control switches.

® What is the clock signal’s ampli-
tude? For a squaring circuit that
uses a simple gate, the level should
be atleast 10 dBm (2 V pk-pk).

® Are the clock and analog frequen-
cies set exactly to the calculated val-
ues? In the example, a window
wasn't applied to the data, so an er-
ror of only 0.5 Hz can lower the SNR
from 66.5 dB to 65.5 dB.

¢ Do the data-acquisition pods latch
their inputs at the correct time? Al-
though this problem usually causes
gross errors, it’s possible that the
least significant bit has more delay
than the other bits.

The last test to be discussed in this
article is for spurious-free dynamic
range. The converter’s optimal dis-
tortion performance is seldom
achieved at full-scale input voltage
levels. As a result, this test is the
same as a single-tone test except
that the analog input signal is swept
over a range of amplitudes, typically
from full-scale (0 dBfs) to-50 dBfs in
1-dB increments.

At each amplitude, the distortion
is measured and the worst frequency
component sets the value for the dy-
namic range. The largest compo-
nent, or spur, is usually a low-order
harmonie, but it could be any fre-
quency other than dc or the input fre-
quency. As with single-tone testing,
this test should be done over a range
of input frequencies.
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1.TO ASSESS AN ADC’S intermodulation distortion, a relatively complex test setup is
needed. The setup must supply a very clean, dual-tone signal.

INTERMODULATION OF MULTIPLE TONES IS THE
FACTOR THAT LiMiTs ADC PERFORMANCE IN
MoOST APPLICATIONS.

0ST ADC SYSTEMS REQUIRE
INTERMODULATION TESTING

This is the second of two articles focusing on the design and test of high-per-
Sformance analog-to-digital converters (ADCs). The first article covered the
Sfundamentals of ADC testing and the limitations of test setups. Included
were the basic requirements for the digital test system, signal sources, clock
conditioning circuits, and filters. Also discussed were the details of single-
tome distortion tests. This article describes more advanced test topics and
solutions for various problems encountered in ADC testing.

ingle-tone linearity tests measure the cumulative distortion mech-
anisms of an ADC. These tests (ELECTRONIC DESIGN, August 6, p.
55) offer a good basis for comparing converters. In most systems,
however, multiple frequencies are present. When multiple tones
pass through a nonlinear element, intermodulation products are
generated. This intermodulation determines the system’s usable
dynamicrange. System performance is thus controlled by the num-
ber of the nonlinearities and their order of occurrence.

A simple dual-tone example illustrates how intermod products

JOSEPH D. GIACOMINI
Comlinear Corp., 4800 Wheaton Dr., Fort Collins, CO 80525; (303) 225-7509.
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are created. The example uses a sec-
ond-order transfer function of:

Y(t) = a,X(t) + a,[X(t)]?
and a two-frequency input of:
X(t) =Db,cos wt + b,cos w,t

where X(t) is the input term; Y(t) is
the output term; a, and a, are the lin-
ear and squared gain terms, respec-
tively; and b; and b, are the ampli-
tudes of the w; and w, terms.

The result is:

Y(t) = a;b;cos (w;t) + a;bscos (wat) +
2 2

asb;cos2 (w,t) +a2b;cos2 (wat)+

25b,bycos (wgt) cos (wot)

This can be broken down into a linear
term:

a;b,cos @t + a,b,cos wy,t,

a dcerror term:

(2 / 2)(b} + b3)

harmonic terms:

(8, / 2)[b; 08 (2,t) + by oS (2Zwat)]

and intermodulation terms:
(a,b,b,/2){cos[(w, + w)t] +
cosf(w, — w,)t]}

The intermod products in this ex-
ample are second-order terms. The
term’s order is determined by the
sum of the order of the harmonics
needed to create the spurious fre-
quency. A third-order term is created
when the second harmonic of one
tone interacts with the fundamental
of the other.

Table 1 shows a list of second-
through fifth-order product terms
fora dual-tone system. Using two ex-
ample frequencies, the table indi-
cates the bin locations for a 4096-
point fast Fourier transform. Any
term that exceeds the Nyquist fre-
quency, equivalent to bin 2048, is
folded into its appropriate bin. The
list of possible combinations is limit-
ed by the number and order of the
system’s nonlinearities. Although a
substantial number of higher-order
terms exist, the largest terms are
usually below the sixth order.

To evaluate intermodulation, the
test setup must supply the device un-
der test(DUT) with a very clean dual-

EHHE L ECTRONTIGC
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products for a CLC935. The evaluation used the test setup in Figure 1 and the frequencies in

I 2. THESE SAMPLE TEST RESULTS show the intermodutation distortion

Table 1. To reduce the noise floor, the spectral measurements were averaged.

frequency signal (Fig. 1). The ampli-
fiers in the setup provide gain and,
more importantly, buffer each fre-
quency synthesizer from variations
caused by the other source. Other-
wise, each synthesizer’s amplitude-
control loop might try to adjust the
signal level to correct for the error
current produced by the other unit’s
signal. The resulting signal-level
modulation would produce intermod
products similar to those caused by a
nonlinear output impedance.

The attenuation placed between
the amplifiers and the combiner im-
proves isolation between the amplifi-
er outputs, preventing one output
from generating error currents in
the other. Nonlinearities in the am-
plifiers’ outputs would otherwise
create intermod products.

The combiner itself has finite iso-
lation. So to eliminate the possibility
of creating intermod products in the
coupler, low-pass filters remove indi-
vidual distortion products in the sig-
nals before they’'re combined. Using
one filter after the coupler would
compound the problem by reducing
the isolation provided by the coupler,
because it requires a matched imped-
ance on its output. The filter’s input
impedance is close to the desired val-
ue at low frequencies but becomes
much worse near the stopband fre-
quency. As with all tests, the setup
requires high-quality coaxial cables
properly terminated at the DUT.

Four slightly different test setups
were evaluated. The configuration in
Figure 1 delivered the best overall
results (Table 2). By placing a band-

AUGUST 20, 1992
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pass filter in each signal path and a
low-pass filter after the coupler, the
results would improve slightly. The
bandpass filters would remove the
second-order difference term, and
the low-pass device would eliminate
the third-harmonic distortion terms.
A quick test was done with the addi-
tion of a low-pass filter after the
combiner. The test showed that the
third-harmonic terms were reduced
to the level of case 3, and the inter-
mod products that were checked
showed little change.

A CLC935was evaluated using the
test circuit of Figure 1 and the test
frequencies listed in Table 1. To re-
duce the noise floor, spectral averag-
ing was employed (Fiig. 2).

A test related to intermodulation
is noise-power ratio. In this test, the
input to the DUT is a spectrally flat
noise signal that’s passed through a
narrow band-reject filter. Converter
intermodulation creates spurious
components that land in the input
signal’s notched region. The level of
this noise regrowth is important in
frequency-multiplexed communica-
tion systems.

Some new applications for high-
resolution converters require a wide
large-signal bandwidth (LSBW).
These uses include direct intermedi-
ate-frequency (IF) sampling, direct
video sampling, and precision pulse
measurement. In the case of [F sam-
pling, the information bandwidth
may be on the order of 10 MHz cen-
tered at70 MHz. Sampling the IF sig-
nal will cause information to be fold-
ed back into the Nyquist band in a

D ESTIGN
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predictable manner. As long as sam- | | W52 enough so that slew rate isn’t a limit-
pling frequencies are chosen proper- ‘SMA caanectar y Y SMAcomector | | ine factor, yet large enough for noise
ly and the information bandwidth is not to become a problem. The test
less than the Nyquist bandwidth, the | | It Ot} setup is the same as the single-tone
information will be preserved. | S0 50 test setup described in the first arti-
|

When there’s direct video sam-
pling, the information resides in the | !
baseband region. The sample rate | |
must be high enough to accommo- |
date the largest signal components
without folding them back to lower
frequencies. For pulse measure-
ment, the effective time resolution
can be increased by repetitive sam- |
pling, but a wide bandwidth is need-
ed to provide any meaningful infor-
mation. The limit to repetitive sam-
pling’s effectiveness was evident in
some of the early digital oscillo-
scopes: Time resolution was in the pi-
cosecond range, but the bandwidth
of the scope’s input circuitry was
less than 106 MHz. When high slew-
rate pulses were examined, they all
looked the same because the scope
was acting as a filter.

Even though a wide LSBW is a ne-
cessity, limiting the bandwidth helps
reduce noise. Butin the area of noise,
it’s the small-signal performance
that's critical, because the amplitude

cle except that no filter is needed.

Imaging and pulse-measurement
applications also require various
time-domain tests. For instance, if
two adjacent pixels in an image re-
cord are at opposite ends of the con-
verter’s input range, a step-response
measurement is critical. In a radar
system, the input may be overdriven,
and poor recovery means lost infor-
mation. Other situations may re-
quire very flat long-term settling.
Most applications can be covered by
a few basic tests: slew rate, short-
term settling, long-term settling,
and overvoltage recovery.

Slew-rate measurements are easy
to make using a repetitive sampling
technique: A high slew-rate square
wave is sampled at a rate slightly
lower than the square wave’s fre-
quency. Each successive sample oc-

o -8

3. TO IMPROVE the settling

performance of the pulse generator used
in the ADC test, the instrument's output
can be run through a simple pulse-shaper
circuit. With the orientation shown, a
positive level sets the starting amplitude.

tion is better because the fundamen-
tal’s amplitude is easy to identify. To
minimize the number of tests, the se-
lected frequencies should provide an
even spacing on a log scale.

When measuring LSBW, the am-
plitude should be set to 1 dB below
full scale (-1 dBfs). This signal is suf-
ficiently large, and yetit allows room
for small values of peaking that
could occur over frequency. For
SSBW tests, the exact amplitude is | curs at a point on the wave that’s
less critical. The level should be low | slightly later than the previous sam-

TABLE 1: DUAL-TONE INTERMODULATION PRODBUCT TERMS

of broadband noise is relatively low. f. = 15 MHz/4096

It's important to note that a wide ;2111%gf<f{r=:i%5117m12

small-signal bandwidth (SSBW)

works to ensure fast, accurate set- F"’;‘“r’n"“ A;’.“" F";;"" ""’;:t’::;"‘

tling to step inputs. ‘ . o " " frequency
In both thg large- and small-signal P s ppvs 250 Mz

cases, the critical point is at the sam- 3, 3037 859 11.85 MHz

pling node or nodes. If a track-and- 2, 2194 1302 8.03 MH;

hold circuit is used, the point of inter- % 3291 805 1205 Mtz

est is the hold-capacitor node. In | | Second-order

flash converters, it’s the sum of the b+t 2176 1520 7.97 MHz

f,~torf,~f, =18 =18 65.9kHz

comparator nodes that must be K

quantified. When a track-and-hold is | | Third-order.

present, the bandwidth can be mea- 221’:'% ;gg; oy 131'3992":4*:‘11

sured by placing the converter in the 2,1, 1115 — 4.08 MHz

track mode and measuring the track- A+ f 3273 823 11.99 MHz

and-hold output. This value includes Fourth-order:

the response of the hold amplifier, 2f, - 2t, 0r 2f, - 21, —36 — 131.8 kHz

which buffers the hold-capaci.tor 213«f~f2fz 333(2) 1295;% 1753’3'4:11

node. The measured bandwidth is a e a3 238 16.87 MHz

composite of the two responses. 3,1, 2212 1884 8.10 MHz
An alternative method is to mea- 3 -1 4370 a4 16.00 Mz

sure the response using the output Fifth-order:

data from the converter, which is the 36, = 2, 5431 1335 19.89 MHz

only way to evaluate a flash convert- S o ot A

er. Todo so, the designer must take a 3,2, 133 = 415 MHz

record for each test frequency. The ) 5413 1317 19.82 MHz

amplitude can be measured directly 44*2'3' gi;?, 1%7771 ;3(7)3 m:z

from the time data or from a fre- 4f, -1, 3309 787 12.12 MHz

quency spectrum. Spectral informa-
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ple. As a result, the sample record
traces the shape of the input signal
with a time resolution equal to the
difference in the periods of the con-
vert and analog signals. The output
datadisplays the net slewrate, SR ,,
produced by the converter with a fi-
nite-slew-rate input signal. The input
signal’s slew rate must be measured
and used to compute the correct slew
rate of the converter being tested.

For a desired 10-ps resolution with
a fixed ADC sample rate of 15 MHz,
the analog input-signal frequency
should be 15.00225 MHz. To get this
kind of resolution, two synthesizers
must be locked together to generate
the initial test frequencies. The con-
vertsignal can be squared-up using a
logic gate or comparator. The analog
signal requires more slew improve-
ment than a simple circuit can pro-
vide, but a pulse generator with a
slew rate twice as fast as the DUT
supplies a suitably conditioned sig-
nal. Under these conditions, the net
slew rate will be about 11% below the
converter’s actual slew rate.

For simplicity, the analog signal
can be considered to be centered
around 0 V. Once the signals are ap-
plied, the computer obtains a data re-
cord with the appropriate slewing
edge. SR, should be measured in a
narrow region around zero, where
the slewing is relatively constant.

The input signal’s slew rate must
be carefully measured using a fast
oscilloscope. Because the input sig-
nal must be terminated at the DUT, a
low-impedance divider probe is suit-
able. A good attenuation choice is di-
vide-by-20, created by a 950-Q resis-

tor in series with a properly termi-
nated coaxial cable. This arrange-
ment produces only a 1-k) resistive
load in parallel with about 1 pF.

If this low-impedance probe is
used, the speed-limiting factor will
be the scope. For an accurate mea-
surement, the scope’s slew rate must
be atleast twice as fast as the signal
being measured. The engineer can
approximate the correction factor
for the oscilloscope from its rise-time
specification. The first step is to as-
sume a simple exponential response
for the step response:

Y(t) = Vy(1-e¥Tult)

where V_ is the input step voltage, 7
is the time constant, and u(t) is the
step function.

Then for a specified rise time, ,, of

300 ps (10% to 30%):
T=0-1
where

Y(ty
ty=-7In} 1-

-[-52]

and

Yt
to=-7 ln[l - \f,:)]
Solving for 7

T =0.4557, = 136 ps.
The slew rate at the 50% point is then',:

WV _ Oy (l) alctin)
ot at T

where t = —r(In 0.5). Then:

‘ Approximate 12-bit settling
2+
L
- -
3 ‘ Track length = 178 ns
:ﬁ: 5 - i
z -
3 i
10 -

Time (ns)

4. THIS SETTLING RESPONSE plot for a CLC935 displays a one-cycle step-input

acquisition. The time scale starts at the point where the data starts to transition.
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8V/8t=V,/272ps
And the scope’s slew rate is:
SRicope = V,o(3676) V/s

The correct SR can now be calcu-
lated with reasonable accuracy:

) 1
TNED-E,

where SR, is the net slew rate of a
system that’s driven by a signal with
a slew rate equal to SR,,. The engi-
neer must first use Equation 1 to cor-
rect the measured slew rate of the
analog input signal. Then the equa-
tion has to be applied using the cor-
rected slew rate for the input signal,
and the net slew rate obtained from
the time record to compute the actual
converter slew rate.

Although pulse generators work
well in ADC slew-rate measure-
ments, they don’t have the fine set-
tling characteristics needed for step-
response tests. Most fast pulse gen-
erators are only specified for 8-bit
settling. But settling performance
can be greatly improved if the instru-
ment’s output is driven through a
simple pulse shaper (F%g. 3). With the
orientation shown, the initial level is
set with the positive voltage and the
final value is ground. The negative
potential is set to ensure that the di-
odes aren’t turned on by ringing in
the input signal. If the input and out-
put terminals are reversed, a posi-
tive-step signal can be generated.

The circuit’s settling time depends
on the time it takes the input signal
to turn off the diodes, and on the dis-
charge time of the diode capacitance
through the output resistor. Any
ringing on the input signal will cou-
ple through the reverse-bias diode
capacitance to the output resistor.
Attenuation will be fairly high, how-
ever, because the series capacitance
of two diodes is very small.

For a reasonably clean input sig-
nal (less than 10% overshoot), this
circuit will settie in less than 10 ns to
12bits. The speed can be improved by
using unprotected Schottky diodes.
The 1N5712 devices employed in the
circuit are hybrids that have a pn
junction diode built in parallel with a
Schottky barrier diode to improve
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the reverse breakdown. The current
levels required for a 1-V step will
start to turn on the protection diode.
Unlike a Schottky diode, a pn diode
will store charge, which greatly in-
creases the effective capacitance.
Repetitive sampling is again used
to obtain a trace of the converter’s
response. The time data actually
maps the acquisition response of the
converter. If the ADC includes a

track-and-hold circuit, the waveform |

may present erroneous results. Once
the analog and convert signals slip in
phase to where the input is low when
the track-and-hold goes into track,
the same value will be obtained for
each successive sample.

The problem arises if the track-
and-hold can’t fully settle to a step
input in one track period. For a prop-
erly settled track-and-hold, the data
asymptotically approaches some fi-
nal value. The track-and-hold hasn’t
settled if the response includes a
strong discontinuity roughly one
track period after the signal starts to
transition. To accurately perform
this test, the track time must be in-
creased. This can usually be accom-
plished by lowering the sample rate,
but then the analog input frequency
must be reduced accordingly.

Figure 4 shows the fine settling re-
gion for a CLC935 at its designed
sample rate of 15 Msamples/s. The
time scale is referenced to the point
where the data starts to transition.
The plot shows that the signal ap-
proached its final value at about 12
ns and appears to settle to 12 bits in
16 ns. Determining the 12-bit settling
point is somewhat difficult because
the step used in this test covers only
half of the input range and the noise
level is about 2 least significant bits
(LSBs) pk-pk. With a half-scale step,
settling must be measured to one-
quarter of an LSB. To reduce the
noise, several time records could be
manually aligned and averaged.

The overvoltage recovery test is
simple. Added recovery time shows
up as a reduction of the low-level
duty cycle. Therefore, the engineer
merely increases the positive ampli-
tude to achieve the desired overdrive
condition and then measures the
change in the duty cycle. The delay is
the difference between the input sig-
nal’s duty cycle and the duty cycle

@AeE LECTRONTIC
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TABLE 2: JP IMB PERFORMANGE

Test Case
One Resistive
E Figure 2 No amps filter splitter
requency (No. 1) (No.2) (No3.) (No.4)
f. = 1079f, = 3.95MHz +3dBm — — -
2f, = 7.90 MHz
{bin 2158 into 1938) -104 dBm -104.4 dBm -104 dBm -106 dBm
3f. = 11.85MHKz
(bin 3237 into 859) -93dBm -93 dBm -107 dBm -87.8dBm
f, = 1097f, =~ 4.02 MHz +3dBm — — -
2, = 8.03MHz
{bin 2194 into 1902) -106 dBm -101 dBm -107 dBm -104 dBm
3ty = 12.05MHz
(bin 3291 into 805) -97 dBm —96 dBm -106 dBm ~31dBm
f,+ 1,
(bin 2176 intc 1920) -100 dBm -96 dBm -99dBm -97 dBm
fo=f, =11,
(bin 18) -93dBm -98 dBm -93dBm -95dBm
28 -1, Noise
(bin 1061) floor -106 dBm -83dBm -35 dBm
A+ 1, Noise
(bin 3255 into 841) floor -105 dBm ~101dBm -102 dBm
2t -1, Noise
(bin 1115) fioor -107 dBm -83 dBm -39 dBm
2t =, Noise
(bin 3273 into 823) floor -107 dBm ~98 dBm ~107 dBm
Noise floor -111dBm -109dBm -111dBm ~110dBm
Amplitude settings
AF, 0dBm 15.3dBm 15.3dBm 3.4dBm
AF, 0.3dBm 15.8 dBm 15.8 d8Bm 3.7dBm
*Measured in iow-distortion mode on an HP 3588A with high-resolfution zoom; 10-dBm input, 0.088-Hz resolution band-
width, four measurements averaged.

measured using the output data.

Aperture jitter is indirectly ob-
tained by measuring the sampled
noise and slew rate of an ADC, or a
track-and-hold circuit, while it’s sam-
pling a rapidly slewing waveform.
To ensure extremely low residual
phase jitter, a common source gener-
ates the convert and analog signals
(Fig. 5). The engineer adjusts the
phase of the two signals by varying
cable lengths in each signal path so
that the analog signal is sampled at
the midpoint of its transition. Conse-
quently, any variation in the sample
timé causes a change in the sampled
value. The deviation from the nomi-
nal value depends on the sampling
circuits, slew rate, and timing jitter.

Therefore, the effective timing jit-
ter can be caleulated by:

,=V,/SR @
where V_ is the noise voltage caused
by jitter and SR is the slew rate.
AUGUST 20, 1992
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Repetitive sampling is again used
to measure the slew rate. In this
case, the net slew rate is desired.

To obtain the noise voltage, the en-
gineer can either compute the rms
value for a sampled record or mea-
sure the output spectrum of the
track-and-hold circuit, if its output is
available. If a data-record calcula-
tion is used, the dc, or mean, value
must first be removed. The noise val-
ue obtained during the slewing case
contains an error term caused by the
broadband noise combined with the
converter’s quantization noise.
Thus, the noise must be computed
for the slewing case and fora dc case
in which only a termination resistor
is connected to the analog input. The
noise component caused solely by jit-
ter, in V rms, can then be approxi-
mated by:

Vo= (Vslew)2 - (Vdc)2

(3)

D ESTIGN



DESIGN APPLICATIONS

MULTITONE
ADC TESTING
Att(dB) =
; Vip=1V p-pk Reotal
smr Synthesizer === _—O_Etm_-nz_- - SR = 1000 V/us 20 log (—t—m—a + probe loss (5)
g Rierm
Comvert ¥ 25002 Short . , _
6.5 - concdligfukner [j where R, is the probe’s input im-
Pulse 86.6 Option 2 pedance, R, is the sum of the series
generator % Digital resistance and the probe impedance,
/ §6.6 Anaiog =500/ Device fest and the probe loss is the probe atten-
’ tem . 3
V=2V pk-pk R under test M_S uation in dB. Then the corrected
SR ~ 2000 V/us V Option 1 Track-and-hold spectral density, in dB/V Hz, is:
Vary cable lengths ) oot
10 adjust phase Spectrum = g{)nﬂ J e Mo = Mmeas + DUtY +Att (6)
T Synthesizer (2em ~0.1ws analyzer where 7, is the actual noise spectral

5. THIS TEST SETUP CAN ACCURATELY measure jitter in the

subpicosecond range. The solid lines indicate the setup needed to measure slewing noise.
Option 1 obtains the baseline for the converter’s dc noise. Option 2 is needed for slew-rate

measurement.
where V., is the rms noise voltage
measured with a slewing signal ap-
plied to the DUT, and V. is the rms
noise voltage measured with a desig-
nal applied to the DUT.

Unfortunately, this measure-
ment’s accuracy is questionable be-
cause the dec term can be large and
the dc sample point differs from the
sample point in the slewing case. The
de sample point may be centered in a
quantization level (Q-level) in one
case, and then it could be at the tran-
sition in another instance. To cause a
transition to occur, a centered signal
needs a larger noise value than does
an uncentered signal.

However, when the noise level
reaches one-half of a Q-level, the
noise values for a centered signal
will be 3 LSBs pk-pk, while the un-
centered case will produce only a 2-
LSB pk-pk signal. Averaging helps
some, but it may not be enough for
low-jitter converters.

A noise measurement using a
track-and-hold output is less direct
but more accurate because the quan-
tization circuitry isn’t used. The
track-and-hold’s sampling function
creates a repeated spectrum that
folds all of the noise into the Nyquist
band. The spectral density would be
flat except that the hold function im-
presses a sync-shaped filter re-
sponse on the spectrum. The nulls of
the response occur at multiples of
the sample rate.

The ADC’s output data doesn’t

have this sync-shaped filter response
impressed on it because the output

datavaluesaret itedasbeing valid
at one point in time. To correct. for
this filter shape, the engi d
measure the noise spectr: it
a relatively low frequen s
0.1f,, where the sync fu >
duces little attenuation.”. ¥y
value can then be summ e
Nyquist band to come up e
voltage.

This voltage still cont: r-

ror terms. The first is due ;

cycle of the track-and-hola. 1ne noise
is much lower in the track mode than
in the hold mode. Assuming that the
track-mode noise is negligible com-
pared to the hold-mode noise, a suit-
able first-order correction, in dB, is:

D Ts
uty (dB) = 20 log T
hold

where T, is the sample period and
T}0iqa 1S the hold time, which can often
be measured on a track-and-hold
clock-monitor pin. However, the con-
trol pin should not be monitored dur-
ing noise measurements.

The second error termis caused by
the finite output impedance of the
track-and-hold output pin. The out-
put is often protected using a series
resistor. A probe or cable connecting
the spectrum analyzer to the DUT
will combine with this internal resis-
tance to create a divider. The correc-
tion term, in dB, is:

(C))
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density and 7, y.s 1S the measured
spectral density. Assuming a duty
cycle of 50% and a series resistance
of 950 Q into a 50-Q coaxial cable that
is properly terminated at the spee-
trum analyzer, Duty = 6 dB and Att
=26dB.

The summation over the Nyquist
band increases the noise power by:

B =20 < log (V' Nyquist) 7

Finally, the rms noise value is:

o+ B
V, =(0.223)] 10 (T]W—)] ®

where the term 0.223 is the reference
voltage for the dBm scale (1 mW into
50 Q).

The timing jitter is then calculated
using Equation 2. A CLC935 was
evaluated using each measurement
technique. The results are:

1. data-derived noise: 7; = 1.25 ps,
givena V,0f 638 uVandan SR of 510
V/us.

2. spectrum analyzer noise measure-
ment: 7;=1.4ps, givena V, 0f 714 uV
and an SR of 510 V/ S,

The jitter of the clock-conditioning
circuit in the convert path was in-
cluded in the measurement.

Joseph D. Giacomini, a designer of
Jast, low-distortion amplifiers and
track-and-hold circuits for data-
conversion products at Comlinear
Corp., received his BSEE from the
University of Minnesota in Minne-
apolis.
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