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

The production test of analog and RF circuits traditionally 
involves dedicated instruments to perform the acquisition or 
generation of analog signals. This instrumentation is found in 
ATE platforms in the form of specific boards that are typically 
characterized by their sampling frequency and resolution 
(number of bits). Compared to traditional digital resources, 
these equipments are extremely expensive.  

The requirements regarding instrumentation performance 
are obvious in the context of a final test, where the quality of 
the product has definitively to be guaranteed. Wafer-level test 
is less demanding, in particular if we consider that it must only 
be good enough to avoid throwing away too many packages. 
In this context, simpler tests with less capable equipment may 
be developed. 

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

More specifically, our work investigates the reconstruction 
of analog/RF modulated signals to address wafer-level testing 
of telecommunication devices. Standard modulation schemes 

commonly involve phase/frequency or amplitude-shift keying, 
or a combination of both. In this paper, we focus on 
amplitude-modulated signals. 

The paper is organized as follows. Section II summarizes 
our previous work on the reconstruction of phase/frequency-
modulated signals based on zero-crossings. Using a similar 
approach, section III introduces the AM-demodulation 
concepts and examines the effects of acquisition parameters 
such as the sampling frequency or the crossing-level in the 
reconstruction properties. Simulation and experimental results 
are then discussed in sections IV and V respectively. Finally 
section VI concludes the paper. 

II.  PREVIOUS WORK 

Our strategy to reduce the cost of testing analog/RF 
functions is to develop test solutions applicable with standard 
low-cost test equipment in order to provide wafer-level test 
coverage; the final product will be then tested at package-level 
using traditional solutions. This approach slightly differs from 
the main strategies presented in the literature, which consist in 
either inserting BIST features within the circuit in order to 
reduce the requirements of the test equipment [2-5], or 
applying shorter alternative tests instead of classical 
specification-based tests [6-7]. Our strategy consists in 
complementing standard low-cost test equipment with signal 
processing techniques to enable the analysis of analog/RF 
signals. In particular, the approach is based on the concept of 
level-crossing detection, which has been widely used in many 
different application domains such as image and speech 
processing, wireless communications… but more sparingly in 
the context of analog/RF testing [8-9]. 

As illustrated in figure 1, the proposed approach relies on 
the use of the comparator of a standard digital test channel as a 
1-bit digitizer in order to convert the analog/RF signal into a 
bit stream whose transition time information represents the 
analog/RF signal characteristics. Signal processing algorithms 
can then be developed to extract the analog/RF signal 
characteristics. This approach has been introduced in [10] and 
a dedicated algorithm based on zero-crossing detection has 
been developed for the analysis of FM-modulated signals. 
Furthermore, coherent under-sampling has been exploited in 

stratigo
Text Box
978-1-4244-7791-3/10/$26.00 ©2010 IEEE



[11] to extend the capabilities of test equipment with limited 
sampling frequency for the analysis of high-frequency signals. 
In this section, we briefly recall the procedure for FM-
demodulation of high-frequency signals. 

 
Figure 1.  Primary idea 

The procedure is based on the precise determination of the 
signal zero-crossing times. To illustrate the approach, let us 
consider an analog sine-wave sampled by a 1-bit comparator 
with a zero reference level. The resulting signal at the 
comparator output is a digital signal that switches from logical 
“0” to logical “1” and Time Stamps (TS) can be associated to 
the rising/falling transitions. Then for each pair of 
rising/falling transitions, the signal frequency can be computed 
as f=1/2DTS, where DTS corresponds to the time delay 
between a pair of successive rising and falling transitions. 

 
Figure 2.  Time Stamp determination from running average 

In the ideal case, zero-crossings of the analog sine-wave 
result in unique transitions at the output of the comparator. 
However in practice, the analog signal is not a perfect but a 
noisy signal. As a consequence, multiple transitions at the 
vicinity of zero-crossings may be present in the digital signal 
delivered by the comparator (see figure 2). To filter these 
multiple transitions and associate a single Time Stamp to each 
zero-crossing, we have proposed a simple and robust 
algorithm based on a running average, i.e. counting the ratio 
between the numbers of “0” and “1” on a given number of 
samples. A Time Stamp TS is then associated to a transition 
when the ratio reaches 50%.  

The FM-demodulation principle is directly based on the zero-
crossing TS determination. More precisely, the principle 
consists in estimating the deviation of the signal frequency 
from the carrier frequency, for each period of the FM-
modulated signal. Practically, the FM-modulated signal is 
sampled by the ATE comparator with zero reference level. To 
handle high-frequency signals, coherent under-sampling can 
be implemented. In this case, the signal is repeated an integer 
number of times (M), while an integer number of samples (N) 
is captured at a sampling rate fsample. To ensure coherency, the 
sampling frequency fsample, the message frequency fm, the 
number of samples N and the number of repetitions of the 
message signal M must fulfill the following relationship: 

msample f
M

f
N

=  (1) 

where N and M are whole positive integer values. Moreover, N 
and M must be chosen as co-prime integers to guarantee that 
samples will differ from one message signal period to another.  

 
The first step of the post-processing algorithm is then to 

perform sample reordering on the digital bit stream stored in 
the ATE memory, also called the zero-crossing vector. The 
second step corresponds to running average computation and 
associated TS determination. Finally for each pair of 
successive rising and falling transitions (TSR,i /TSF,i), i.e. for 
each period of the carrier signal, the deviation of the signal 
frequency from the carrier frequency fc is estimated by: 
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This reconstructed signal is a discrete signal that 
corresponds to the modulating signal and that can be further 
analyzed using FFT for instance.  

III.   AM-DEMODULATION 

In this section, we introduce the principle of AM-
demodulation based on level-crossing. The concept is similar 
to FM-demodulation but this time, the idea is to convert the 
amplitude information contained in an analog/RF signal into 
timing information contained in the digital bit stream. The 
comparator should therefore be set with a reference level 
different than zero.  

A. Basics of amplitude estimation 

First to illustrate the approach, we consider an ideal analog 
sine-wave expressed by: 

)2sin()( jp +***= tfAts  (3) 
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Figure 3.  Time Stamps associated to level-crossings
sine-waves of different amplitude

Assume that this analog sine-wave is sampled by a 1
comparator with a reference level C different than zero
sampling rate fsample. The resulting bit stream can be processed 
to determine the Time Stamps TSR/F associated with the level
crossings of the signal.  

 
Figure 3 illustrates the Time Stamps associated to level

crossings for two ideal sine-waves with different amplitude. It 
can be seen that the larger the sine-wave amplitude, the larger 
the difference DTS between a rising and
transitions. This difference is actually directly related to the 
sine-wave amplitude with:  

)cos( i
i TSf

C
A

D**
=

p
 

The assumption here that the signal frequency is known 
is not a strong requirement. Indeed, either the 
frequency is effectively known from the application, either 
it can be easily determined from two successive rising (or 
falling) transitions of the zero-crossing vector with:
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Finally, note that in practice we will not have ideal sine
waves but noisy ones, so the running average algorithm will 
be used to have a correct estimation of the Time Stamps. 
Besides, coherent under sampling can be implemented to 
handle high-frequency signals.  

B. Amplitude demodulation 
Let us now consider the case of an amplitude

signal defined by: 
)2sin()()( tftAtSAM ***= p  

In the specific case of a modulation with 
we have: 
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where Ac and fc are the amplitude and the frequency of the 
carrier signal, Am and fm are the amplitude and
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wave is sampled by a 1-bit 
different than zero, at a 

. The resulting bit stream can be processed 
associated with the level-

illustrates the Time Stamps associated to level-
with different amplitude. It 
wave amplitude, the larger 

between a rising and consecutive falling 
transitions. This difference is actually directly related to the 

(4) 

that the signal frequency is known 
is not a strong requirement. Indeed, either the signal 
frequency is effectively known from the application, either 

from two successive rising (or 
crossing vector with: 

(5) 

Finally, note that in practice we will not have ideal sine-
waves but noisy ones, so the running average algorithm will 
be used to have a correct estimation of the Time Stamps. 
Besides, coherent under sampling can be implemented to 

Let us now consider the case of an amplitude-modulated 

(6) 

modulation with a sinusoidal signal, 

)2sin( tfc **p
 (7) 

are the amplitude and the frequency of the 
are the amplitude and the frequency of 

the modulating signal (further called “the message”), and 
is the offset voltage.  
Here again the demodulation principle is based on the Time 
Stamp determination previously introduced. The idea is to 
estimate, for each period of the AM
the modulated signal with e
corresponds to the amplitude of the reconstructed signal at 
time ti = (TSR,i + TSF,i) / 2. 
 

Figure 4 summarizes the proposed flow, which is very 
similar to the FM-demodulation case. The only differences 
are that the comparator should be set with a reference level 
different than zero, and eq
message amplitude from the Time Stamps.

Figure 4.  AM-demodulation

IV. SIMULATION RESULTS

In this section, we investigate the effectiveness of the 
proposed algorithm through simulations. First, we analyze on 
a simple sine-wave the impact of the comparator threshold, 
number of acquired samples, and noise level, on the accuracy 
of the estimated amplitude. Then, we evaluate the 
performances of the AM-demodulation algorithm on a 
practical case study.  

A. Amplitude estimation results

A number of MATLAB simulations have been 
performed considering a simple sine
amplitude 1V and varying the 
sampling rate, for different values of the comparator 
reference level. For each simulation, we have estimated the 
amplitude over 10,000 periods of the signal, and we have 
computed the mean value and the standard deviation of the 
estimated amplitude. Results are summarized in figure
which gives the estimation error on the mean value together 
with measurement standard deviation under different 
conditions. 

the modulating signal (further called “the message”), and Ao  

Here again the demodulation principle is based on the Time 
Stamp determination previously introduced. The idea is to 
estimate, for each period of the AM-signal, the amplitude of 

eq (4). This amplitude directly 
corresponds to the amplitude of the reconstructed signal at 

summarizes the proposed flow, which is very 
demodulation case. The only differences 

uld be set with a reference level 
different than zero, and eq (4) is used to compute the 
message amplitude from the Time Stamps. 
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ESULTS 

In this section, we investigate the effectiveness of the 
proposed algorithm through simulations. First, we analyze on 

wave the impact of the comparator threshold, 
number of acquired samples, and noise level, on the accuracy 

mplitude. Then, we evaluate the 
demodulation algorithm on a 

Amplitude estimation results 

A number of MATLAB simulations have been 
performed considering a simple sine-wave signal of 
amplitude 1V and varying the noise level and the ATE 
sampling rate, for different values of the comparator 
reference level. For each simulation, we have estimated the 
amplitude over 10,000 periods of the signal, and we have 
computed the mean value and the standard deviation of the 

imated amplitude. Results are summarized in figure 5, 
which gives the estimation error on the mean value together 
with measurement standard deviation under different 










