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AM-demodulation of analog/RF signals
using digital tester channels

N. Pous

LIRMM & Verigy
Montpellier, France

Abstract — This paper investigates a signal acquisition
protocol based on level-crossings that permits the
demodulation of AM analog/RF signals using only stadard
digital ATE. The fundamental concept is to capturethe signal
through the 1-bit comparator available in digital tester
channels and to process the resulting bit stream tetrieve the
analog/RF signal characteristics. The proposed sdion is
evaluated through both simulation and hardware expements.

Keywords: test, digital ATE, analog/RF circuits, level-crossing,
coherent under-sampling, AM demodulation

. INTRODUCTION

The production test of analog and RF circuits tiawially
involves dedicated instruments to perform the esitipm or
generation of analog signals. This instrumentaiiofound in
ATE platforms in the form of specific boards thet gypically
characterized by their sampling frequency and utisol
(number of bits). Compared to traditional digitasources,
these equipments are extremely expensive.

The requirements regarding instrumentation perfagea
are obvious in the context of a final test, whée quality of
the product has definitively to be guaranteed. \Wafeel test
is less demanding, in particular if we considet thaoust only
be good enough to avoid throwing away too many ggek.
In this context, simpler tests with less capablg@pmgent may
be developed.

Our idea is to use standard digital ATE channels
perform some level of RF testing without increadiing cost
of the ATE. More precisely, we investigate the ajyauty of
using the 1-bit digitizer available on low-costithgjchannels
boards to analyze analog/RF signals. This approach
motivated by the fact that devices operate at levesr supply
voltage while speed is ever increasing. Our idga isxploit
this trend and to convert the analysis of analogéRjpals
from the voltage domain to the time domain [1]atidition, it
is worth noting that because digital channels ardely
available on most ATE platforms, multi-site testiogn be
actually considered with almost no additional cost.

More specifically, our work investigates the redangion
of analog/RF modulated signals to address waf&i-kesting
of telecommunication devices. Standard modulat@remes
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commonly involve phase/frequency or amplitude-dtefting,
or a combination of both. In this paper, we focus o
amplitude-modulated signals.

The paper is organized as follows. Section Il surires
our previous work on the reconstruction of phasgtiency-
modulated signals based on zero-crossings. Usisgniar
approach, section |lll introduces the AM-demodutatio
concepts and examines the effects of acquisitiosanpeters
such as the sampling frequency or the crossing-ieviéhe
reconstruction properties. Simulation and expertaleresults
are then discussed in sections IV and V respeygtivehally
section VI concludes the paper.

Il. PREVIOUSWORK

Our strategy to reduce the cost of testing analg/R
functions is to develop test solutions applicabit wtandard
low-cost test equipment in order to provide waésel test
coverage; the final product will be then testedaatkage-level
using traditional solutions. This approach sligldiffers from
the main strategies presented in the literaturégshwtonsist in
either inserting BIST features within the circuit érder to
reduce the requirements of the test equipment ,[285]
applying shorter alternative tests instead of w@abs
specification-based tests [6-7]. Our strategy aisisiin
complementing standard low-cost test equipment siigimal
processing techniques to enable the analysis dbgiRi

tgignals. In particular, the approach is based erctimcept of

level-crossing detection, which has been wideldusemany
different application domains such as image andedpe
processing, wireless communications... but more sglyrin
the context of analog/RF testing [8-9].

As illustrated in figure 1, the proposed approaalies on
the use of the comparator of a standard digitatcteannel as a
1-bit digitizer in order to convert the analog/Rgnsl into a
bit stream whose transition time information reprdgs the
analog/RF signal characteristics. Signal procesaiggrithms
can then be developed to extract the analog/RFalsign
characteristics. This approach has been introdincg®] and
a dedicated algorithm based on zero-crossing dmtebias
been developed for the analysis of FM-modulatedhadsy
Furthermore, coherent under-sampling has been itegbln
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[11] to extend the capabilities of test equipmeiihwmited
sampling frequency for the analysis of high-frequyesignals.
In this section, we briefly recall the procedura feM-
demodulation of high-frequency signals.

comparator level

analog/RF signal \l’ i
g/RF signa «0011» ATE Slgna.l
Memory Processing
M Algorithm
T DUT/ATE Synchronisation \l/

ATE Clock !

Pass/Fail

N J

v
Regular Digital Pin Electronics

Figure 1. Primary idea

The procedure is based on the precise determinatitre
signal zero-crossing times. To illustrate the appho let us
consider an analog sine-wave sampled by a 1-bipeacator
with a zero reference level. The resulting signaltte
comparator output is a digital signal that switcliem logical
“0” to logical “1” and Time StampsT§) can be associated to
the rising/falling transitions. Then for each paof
rising/falling transitions, the signal frequencydse computed
as f=1/2ATS where ATS corresponds to the time delay
between a pair of successive rising and fallingsiteons.
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Figure 2. Time Stamp determination from running average

In the ideal case, zero-crossings of the analogr\sawve
result in unique transitions at the output of tleenparator.
However in practice, the analog signal is not deperbut a
noisy signal. As a consequence, multiple transtiah the
vicinity of zero-crossings may be present in thgital signal
delivered by the comparator (see figure 2). Tceffithese
multiple transitions and associate a single Tinzarptto each
zero-crossing, we have proposed a simple and
algorithm based on a running average, i.e. courtiegratio
between the numbers of “0” and “1” on a given numbfe

samples. A Time StampS is then associated to a transition

when the ratio reaches 50%.

robust

The FM-demodulation principle is directly basedte zero-
crossing TS determination. More precisely, the principle
consists in estimating the deviation of the siginetjuency
from the carrier frequency, for each period of thbI-
modulated signal. Practically, the FM-modulatednalgis
sampled by the ATE comparator with zero refereaeell To
handle high-frequency signals, coherent under-saggan
be implemented. In this case, the signal is redeateinteger
number of timesN]), while an integer number of samplé§ (
is captured at a sampling rdfgy.. To ensure coherency, the
sampling frequencyfame the message frequendy, the
number of sampled and the number of repetitions of the
message sigh® must fulfill the following relationship:

N M

()

fs%lmple fm

whereN andM are whole positive integer values. Moreover,
andM must be chosen as co-prime integers to guaramate t
samples will differ from one message signal petianother.

The first step of the post-processing algorithnthien to
perform sample reordering on the digital bit strestored in
the ATE memory, also called the zero-crossing vectbe
second step corresponds to running average corqoutatd
associated TS determination. Finally for each pair of
successive rising and falling transitionES{; /TS:)), i.e. for
each period of the carrier signal, the deviatiorthef signal
frequency from the carrier frequenfgys estimated by:

1

Af(ti):m_fc
Lo @)
at time ti:m
2
This reconstructed signal is a discrete signal that

corresponds to the modulating signal and that eafutther
analyzed using FFT for instance.

I1l. AM-DEMODULATION

In this section, we introduce the principle of AM-
demodulation based on level-crossing. The conaepiniilar
to FM-demodulation but this time, the idea is toneat the
amplitude information contained in an analog/Rfaignto
timing information contained in the digital bit eam. The
comparator should therefore be set with a referdacel
different than zero.

A. Basics of amplitude estimation

First to illustrate the approach, we consider @alidnalog
sine-wave expressed by:

s(t) = ALsin@nL f Ct+¢) 3)
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Figure 3. Time Stamps associated to leeebssing for two ideal
sinewaves of different amplitu

Assume that this analog sime&ve is sampled by a-bit
comparator with a reference lev@ldifferent than zel, at a
sampling ratéanye The resulting bit stream can be proce:
to determine the Time StampSgr associated with the lev-
crossings of the signal.

Figure 3illustrates the Time Stamps associated to -
crossings for two ideal sine-wavedth different amplitude. |
can be seen that the larger the sige«e amplitude, the larg
the differenceATS between a rising al consecutive falling
transitions. This difference is actually directlated to the
sine-wave amplitude with:

C
= - 4
A cos@Of LATS) @
The assumption hettbat the signal frequency is kno\
is not a strong requirement. Indeed, either signal
frequency is effectively known from the applicatiaither
it can be easily determinddom two successive rising (i
falling) transitions of the zerorossing vector witl
fz (5)
TSR/F,i+l _TSR/F,i
Finally, note that in practice we will not have afleine-
waves but noisy ones, so the running average tigomvill
be used to have a correct estimation of the Tinzen@s.
Besides, coherent under sampling can be implemeiat
handle high-frequency signals.

B. Amplitude demodulation

Let us now consider the case of an ampli-modulated
signal defined by:

Sam () = At) Gsin@rrOf ) (6)
In the specific case ofrmodulation witha sinusoidal signal,
we have:

Sau () = [ @+ BeosprOf,, [t +¢))| Csin@rrlf, )

with a=A+A and B=A/A
where A. andf, are the amplitude and the frequency of
carrier signalA, andf,, are the amplitude a the frequency of

()

the modulating signal (further called “the messageidA,
is the offset voltage.

Here again the demodulation principle is basedhenTime
Stamp determination previously introduced. The ideto
estimate, for each period of the #signal, the amplitude of
the modulated signal withg (4). This amplitude directly
corresponds to the amplitude of the reconstruciguolk at
timet; = (TS;I + TS:,) /2.

Figure 4summarizes the proposed flow, which is v
similar to the FMdemodulation case. The only differen:
are that the comparator sid be set with a reference le
different than zero, and (4) is used to compute the
message amplitude from the Time Star
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Figure 4. AM-demodulatio using ATE digital channel

IV. SIMULATION RESULTS

In this section, we investigate the effectivenetshe
proposed algorithm through simulations. First, welgze or
a simple sinavave the impact of the comparator thresh
number of acquired samples, and noise level, omt¢baracy
of the estimated maplitude. Then, we evaluate t
performances of the AMemodulation algorithm on
practical case study.

A.  Amplitude estimation results

A number of MATLAB simulations have be:
performed considering a simple swave signal of
amplitude 1V and varying thnoise level and the ATE
sampling rate, for different values of the compar
reference level. For each simulation, we have ed#chthe
amplitude over 10,000 periods of the signal, andhaee
computed the mean value and the standard deviafitime
estmated amplitude. Results are summarized in fi5,
which gives the estimation error on the mean vabgethel
with measurement standard deviation under diffe
conditions.
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Figure 5. Amplitude estimation error: mean value and standard dewi

Figure 5a analyzes the influence of the compar
reference level for different numbers of samplespeegiod in
case of a sine-waweith 5% noise. A first comment is th
better results are obt&id when the comparator reference ¢
is higher than 50% of the signal amplitude. Indézd all
values of the comparator reference level above ,0the
estimation error on the mean amplitude value resnbélow
+1%; the estimation error increases witl systematic
overestimation of the signal amplitude for lowelues of the
comparator reference level.

These results show that the amplitude carestimated
with a good accuracy whatever the comparator neéertevel,
provided that enough samples are collected. Inddee
estimation error on the amplitude mean value be as high as
5% when using only 60 samples per period with aparator
reference level at 0.2V whereas this error remains beltbh%
when 220 samples or more are collected whatevel
comparator reference level. So a first recommendato
achieve good accuracy in amplitude estimation isottect at
least 200 samples per signgberiod. Nevertheles
measurements show a relative dispersion, with adatd
deviation that goes from 10% down to 1% when
comparator reference level increases from 20% % 80the
signal amplitude range, for 220 or more samplespeeiod.
So a seond recommendation is to set the compal
reference level as high as high as possible wither to the
signal amplitude.

To further validate these results, we have perfor
experiments varying the level of noise injectedhia signa
from 1% up t010%. As illustrated by figur&.b for 380
samples collected per period, the noise level magngact
on the accuracy of prediction but even in presefc&0%
noise in the signal, the estimation error on theam

amplitude value remains in the range 0% whatever the
comparator reference level. However dispersion ba
measurements can be relatively important depenaiinthe
comparator reference level.

B. AM-demodulation results

To validate the AMdemodulation algorithm, we
consider an AMsignal with a carrier frequend.= 2.5GHz
and a modulating fguencyf,,= 40MHz as a practical case
study. The ratio between the maximum amplitude
minimum amplitude of the Al-signal is set to 3 with
A=2V andA=A,=1V. Moreover, to be able to perform
FFT with an acceptable resolution on the reconttd
messag, the signal to be analyzed is made of 32 mes
periods.

The AM-demodulation algorithm has been simulatec
different values of the comparator reference Iéa@h 20%
up to 80% of the minimum Al-signal amplitude, which
corresponds tabout 6% up t26% of the maximum AM-
signal amplitude. A clocktter, modeled as a Gaussian
random timeshift of the sampling event wito=1ps, has
been included in all simulations in order to coesitkealistic
practical conditions.

Figure 6 gives the timdemain an the spectral-domain
representations dhe reconstructed signal, for two differ¢
time resolutions of 2.5ps and .. It clearly appears that in
both cases the poptocessing algorithm permito retrieve
the message, and this, whatever the value of thgammtor
reference level. However as expected, the qualityhe
reconstructed signadk better for higher comparator ley
and time resolution.
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Figure 6. Reconstructed signal for different time resolutiand different
comparator reference lev



These first results demonstrate the capability tod
technique to perform AMlemodulation. In order to furth
validate the technique, we have performed sin
simulations including noise in the signal. Resudre
summarized in Table |, which reports the SNR va
measured over 160MHz bandwidtin the reconstructe
signal with 2.5ps and 1ps resolution, for differéatels of
noise injected in the AM-signal.

TABLE I. SNRVALUES MEASURED ON HE RECONSTRUCTED SINAL
FOR DIFFERENT TIME RESOLWIONS AND DIFFERENTLEVELS OF NOISE
INJECTED IN THEAM- SIGNAL

Comparator reference level

0.2 0.4 0.6 0.8

without noise 15dB 22dB 25dB 24dB

2.5ps SNRin=34dB 15dB 21dB 25dB 23dB
time
resolution | SNRy=26dB 12dB 20dB 23dB 20dB

SNR\y=20dB 9dB 17dB 21dB 18dB

without noise 20dB 26dB 29dB 31dB

1ps SNR\y=34dB 19dB 26dB 29dB 30dB
time
resolution | SNRy=26dB 17dB 24dB 26dB 30dB

SNR\x=20dB 14dB 22dB 25dB 28dB

Results are in agreement with the preliminary st
performed in theprevious section. We observe a smc
degradation of the quality of the reconstructeahaigvhen
the level of noise increases, with an SNR valué tbaduces
by about 5dB when the noise level increases fram 1D%.
In addition, we clearly observe the provement in the
quality of the reconstructed signal when increasthg
number of acquired samples and for higher valuethe
comparator reference levelNote that even a compara
reference level at 80% of the minimum M-signal
amplitude is not the most favorable case for adetl
amplitude estimation, as it only corresponds to a§%he
maximum AMsignal amplitude. To further improve t
accuracy, a potential solution may consist in caninlgj
multiple level-crossings.

V. HARDWARE EXPERIMENTS

Hardwaremeasurements have been performed to su
these results. Hardware measurements have bedsdcaut
using the test setup depicted in figdreThe signal to be
analyzed is generated by an RF source (Agilent D83
directly connected to a PS3600 digital chanof the Verigy
93K ATE. The 10MHz output signal of the RF sourseisec
to synchronize the tester. Indeed, the sample edog
process associated with the ungampling method requires
very precise synchronizah between the analog signal to
captured and the ATE sampling clock.

Analog domain

RF Source

(AgilentNwil0A) =
r Reconstructed Message
[
[
[
[

__ 10MHz

Synchranization '
[ 3 .
» . Post-Processing
Algorithm

VO3KSol TestHead | an)
-PS2600 Digital Channel

Digital demain

Figure 7. AM-demodulatio setup using digital ATE

We have considered the case study used in simultat
experimentally validatethe AM-demodulation algorithm.
However due to the limited capabilities of our Rbuice,
hardware measurements are performed with a downg¢
of 1,000 with respect to simulation, i.he RF source is set
to output an AMmodulater signal with 2.5MHz carrier
frequency,40kHz modulation frequen and a modulation
depth of 50%. Tanaintain the same number of sample:
in the simulation experiments, the downscaling @00 is
also applied on the ATE sampling frequency, whiesuits
in a time resolution of2.5ns and 1ns for 320,000 a
800,000 captured samples respectivNote that the 2.5ns
resolution can be achieved with a direct acquisitd the
samples without reordering, but that coherent -
sampling and reordering is mandatory to achieve lts
resolution ATE sampling frequenclimited to 400MHz).

40 0
—C=0.3 —e03

v B

Estimated amplitude (V)
=
FFT(dB)

e = oo
n &
4
3

SNR=15dB

e
e

o
]
-]

10 20 30 40 50 0 40 80 120 160
time (ms) frequency (kHz)

a) time-domain representation b) spectral-domain represenation
0.3V reference level 0.3V reference level

=
o

s —s08

ER =T
=3

Estimated amplitude (w)
s
FFT(dB)

SNR=25dB

o

10 20 30 40 50 0 40 80 120 160
time {ms) frequency (kHz)

¢) time-domain representation d) spectral-domain represenation
0.8V reference level 0.8V reference level

Figure 8. Reconstructed signal for 2.5ns resolution and diffevalues
of the comparator reference le



Figure 8 gives the timdemain and the spect-domain
representations of the reconstructed signal for 2tsns
resolution and two different values of comparagference
level set at 30% and 80% of the minimum -signal
amplitude. Analyzingthese results, it can be clea
observed that a better reconstruction of the messa
achieved when increasing the comjtor reference level.
The quantization in the tim@emain reconstructed signal
visibly reduced, the overestimation is lessened;the SNk
improvesfrom 15dB up to 25dB. The values are in rather
good agreement with simulation results.
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Figure 9. Reconstructedignal for 1ns resolutio
and 0.8V comparator reference le

Figure 9 gives the timdemain and the spect-domain
representations of the reconstructed signal whangus1ns
resolution and a comparator reference level at 8%he
minimum amplitude.A good accuracy on the mess:
reconstruction is achieved with a clean t-domain
representationan estimated signal w-centered between
1V and 3V minimum and maximum amplituc and an
SNR that improves up to 34dB. Here again, thesdtseare
in accordance with simulation results.

More generally, these hardwaegperiments validate tt
proposed technique since they actually show tleatrtbssag
of an AM- signal can be reconstructed from the samplin
the signal through a digital tester chanThe accuracy of the
reconstruction depends on both the time resoluind the
comparator reference level. Considering the praictease
study investigated in this paper, an Slaround 15dB is
obtained when using only 160 samples per carrigogh@nd
around 21dBwvhen using 400 samples per carrier period, 1
comparator reference level at 30% of the-signal minimum
amplitude. When the comparator reference levebtiscs80%
of the AM-signal minimum amplitude, the SNR improves
to 25dB when using T6samples per carriperiod and 34dB
when using 400 samples per carrier pe

VI. CONCLUSION

This paper investigates a signal acquisition patbasec
on level-crossing and dedicated ppsteessing reconstructic
algorithm in order to develop lowest test strategies for

analog/RF devices. The idea is to use the compaadilable
in ATE digital channels to perform the signal captand
conversion in the digital domain; the resulting &titeam is
then processed to retrieve the analog/RF signabcteristics.
In this paper, we have focused on the analysigmgflitude-

modulated signal. First, we have investigated thpaict ol
acquisition parameters on the reconstruction guadiading tc
basic rules for the determination of the sampliregdienc

and the comparator threshold. Then, we have imgatsti
through simulation the performance of the -demodulation
algorithm on a case study. Finally, hardware erpents haw
been presented demonstrating the viability of thep@sec
technique.
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