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Abstract — In this paper, we present an extension of the 
ANC (“Analogue Network of Converters”)-based method to 
characterize the harmonic components of a set of converters 
with random-phase harmonics using only digital test resources. 
The ANC-based method was primarily developed under the 
assumption that the harmonics’ phase is proportional to the 
input phase. This assumption is not valid for all converter 
architectures, where filtering effects may affect the harmonics’ 
phase. The improved ANC-based method is able to calculate 
the magnitude of the harmonic components regardless of their 
phase. The simulation results and the experiments show an 
excellent agreement between the values measured using the 
method and the values measured with a usual test setup, for 
the THD and SFDR parameters. 

 
Keywords: converter testing, harmonic characterization, 

random-phase harmonics 

I. INTRODUCTION  

The democratization of portable data and communication 
applications like mobile phones, laptops, or audio MP3 players 
is currently the mainspring of the lookout for integration of 
many different functions into a single package. Systems-in-
Package (SiPs) or Systems-On-Chip (SOCs) that integrate 
very different analogue or mixed-signal blocks have been 
developed toward this aim. 

Although they offer clear benefits such as device extreme 
miniaturization or connection length reduction, they imply in 
compensation very significant test challenges. Indeed in many 
mixed-signal circuits, the test of the analogue blocks may 
represent up to 90% of the whole test effort while these blocks 
represent only 10% of the whole chip area. The reason of such 
a challenge is twofold. Firstly, analogue testing is made of a 
long sequence of parameter characterization that is performed 
using very expensive instruments able to accurately measure 
analogue signals. Secondly, controllability and observability of 
deeply embedded analogue blocks are much reduced and the 
possibility of external testing may be limited, as far as the 
number of pads is greatly reduced. Consequently the internal 
accessibility of the whole system decreases drastically. Also, 
as signals become faster and systems are operated at higher 

speeds, external testing become more susceptible to noise, 
crosstalk and probing problems. 

To overcome these problems, several authors have 
proposed different Built-In-Self-Test (BIST) techniques where 
signals are internally generated and/or analyzed [1-7]. Another 
possible and less expensive solution consists in introducing 
Design-For-Test (DFT) features to internally transform the 
analogue signals into digital signals that are made controllable 
and observable from the chip I/Os [8-11]. As a result, only 
digital signals are externally handled by non-expensive digital 
test equipment (Low Cost Tester).  

In an example prototype for Set-Top-Box applications, like 
in most current mixed-signal systems, the converters are 
among the main components: 2 Analogue-to-Digital 
Converters (ADC) and 6 Digital-to-Analogue Converters 
(DAC) are embedded in the same SiP. The today 
specifications for these converters require a 10-bit resolution, 
but the next generations will make use of 12-bit converters. 
Testing this whole set of converters is a very complex task 
requiring a long test time because of the above mentioned 
problems of accessibility, signal integrity, accuracy of 
converter parameter measurements.  

In this context, an original DFT technique called 
“Analogue Network of Converters” (ANC) was developed 
that permits to test the whole set of embedded ADCs and 
DACs [12]. An extremely small circuitry is added to the 
original chip allowing the application of a fully digital low-
cost test to the System-in-Package/System-On-Chip. The basic 
principle consists in setting a test path made of DACs and 
ADCs. The fault masking is avoided by using a post-
processing algorithm that discriminates harmonics from the 
different converters inserted in the test path. The ANC-based 
method can also be exploited to test standalone ADCs using 
low resolution arbitrary waveform generators as it breaks the 
rule stating that the test equipment resolution should be at least 
2 bits higher than the ADC under test [13]. 

The ANC-based method was developed with the 
assumption that the phase of the harmonic components is 
strictly proportional to the input signal nominal phase. 
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However our experiments did not confirm this theoretical 
assumption. Indeed, we could observe that some harmonics 
may have a phase that is different from zero, despite the input 
signal phase is set to zero. In this paper, we present an 
extension of the primarily developed method to the estimation 
of the harmonics with a phase which is not correlated to the 
phase of the input signal. 

The paper is organized as follows. Section II gives the 
fundamental knowledge on data converter testing based on 
spectral analysis and highlights the issues related to the phase 
of harmonics. Section III depicts the summarized principle of 
the ANC-based method. The mathematical developments of 
the improved ANC-based method are then presented in section 
IV, followed by validations in section V. Finally section VI 
concludes the paper.  
 

II. CONVERTERS, HARMONICS AND PHASES 

A very popular test for data converters relies on spectral 
analysis. It is usually implemented in a DSP-based test 
architecture [9, 14]. Basically, a 1-tone sine-wave stimulus is 
sourced to the converter input, then an FFT analysis is 
performed on the output sample set. The resulting spectrum is 
subsequently processed to compute the dynamic parameters 
such as the Total Harmonic Distortion (THD) or the Spurious 
Free Dynamic Range (SFDR). The spectrum also permits to 
estimate an essential static parameter, i.e. the Integral Non 
Linearity (INL), using the method proposed in [15]. 

A typical spectrum considering an ADC driven by an ideal 
sine-wave at frequency f0 is illustrated in figure 1. This 
spectrum exhibits a fundamental bin at f0, the harmonic 
components being located at multiple values of the 
fundamental frequency, and noise at other frequencies. The 
fundamental component corresponds to the input sine-wave 
while other components are induced by the converter non-
idealities.  

 

Figure 1.  Output spectrum of an ADC under an ideal sine-wave stimulus 

From this spectrum, the dynamic parameters are evaluated. 
In particular, the typical definitions for the THD and SFDR 
parameters are given by: 
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where F is the amplitude of the fundamental and Hk the 
amplitude of the kth harmonic. 

To introduce the theoretical fundamentals, let us consider 
an ideal sine-wave applied to an ADC. Using a Fourier series 
expansion, the output signal can be expressed by equation (3) 
given hereafter. This equation distinguishes the sampled sine-
wave x(n) that would be delivered by an ideal ADC from the 
sum of all harmonic contributions introduced by the converter 
non-idealities. Hence H0 corresponds to the offset contribution 
of the converter and H1 corresponds to the contribution of the 
gain error and non linearity of the converter on the 
fundamental. The total amplitude of the fundamental 
component, previously defined as F, is the sum of H1 and the 
contribution of the ideal ADC, which is included in x(n) in 
equation (3): 
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where n is the sample index, i the input phase, k the phase of 
the kth harmonic, ( ) the noise that affect the converted signal, 
and n the nominal sampling phase given by: 
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where N is the number of samples and M the number of cycles 
(i.e. signal periods) in the sample set. 

The theoretical developments that mathematically link the 
harmonic components to the converter INL are given in [15]. 

The expression of the output signal can be easily linked to 
the spectrum presented in figure 1 by developing equation (3): 
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The sum term corresponds to the Fourier series expansion 

made of the complex harmonic values resulting from the FFT. 
Indeed, )cos( kik kH   is equal to the real part of the 

harmonic computation and )sin( kik kH   is equal to the 

imaginary part. 
 
 



Now if we consider the case of a converter with 
harmonics’ phase proportional to the input phase: 
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and by setting the input phase i to zero, equation (5) becomes: 
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In this case, the imaginary part of the spectrum is cancelled 
and only the real part of the spectrum directly corresponds to 
the amplitude of the spectrum.  

However if we consider the case of a converter with 
harmonics’ phase not correlated to the input phase, setting the 
input phase i to zero leads to: 
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In this case, it clearly appears that both the real and the 
imaginary parts of the spectrum have to be considered and 
used in the computation of the dynamic parameters. 
 

III. ANC FUNDAMENTAL PRINCIPLE 

The Analogue Network of Converters, presented in [12], is 
a DfT concept developed to enable the fully digital test of a set 
of DACs and ADCs embedded in a complex system. It can 
also be used to relax the requirements on the test equipment in 
case of stand-alone converter testing [13]. 

In the ANC-based method, the analogue outputs of the 
DACs are basically connected to the analogue inputs of the 
ADCs, and only digital inputs and outputs are required for test 
stimulus application and test response analysis. As illustrated 
in figure 2, the method requires at least two DACs and one 
ADC. The idea is then to exploit different configurations and 
different test conditions in order to separate the harmonic 
contribution of each converter.  

 

Figure 2.  Analog Network of Converters (ANC) concept 

The mathematical developments were established 
considering only static non-idealities of the converters, 
meaning that the harmonics’ phase of each converter was not 

taken into account. In this case, the model presented in 
equation (3) simplifies and becomes: 

 

        



0

cos
k

ink nkHnxns   (9) 

We are therefore in the situation where setting the initial 
phase i to zero results in the cancellation of the imaginary 
part of the spectrum, and the real part directly leads to the 
amplitude of the spectrum. 

 

To illustrate the method, let us first consider a test 
configuration in which the DAC1 output is directly connected 
to the ADC1 input. The spectrum of the resulting output signal 
is computed and the values of the harmonic components Hk

m 
are extracted. Obviously, the output signal is affected by errors 
of both converters. In other words, the resulting spectrum 
includes the harmonic contribution of DAC1 as well as the 
harmonic contribution of ADC1. According to equation (9), 
setting a zero initial phase shift, we can write the following 
equation: 
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where Hdac1k
FS and Hadc1k

FS correspond to the amplitude of 
the kth harmonic of DAC1 and ADC1 respectively, for a full-
scale input signal (FS). 

Equation (10) establishes a relation between the harmonic 
contributions of the two converters involved in the test 
configuration. In this equation, the left member is known and 
corresponds to the amplitude of the kth spectral bin measured 
on the spectrum, while the right member corresponds to the 
unknowns under calculation. 

 

This short example demonstrates the relationship between 
one configuration and its resulting equation, which leads to the 
fundamental idea of the ANC-based method. By using 
different configurations, we can establish different equations. 
The objective is then to determine the adequate set of 
configurations that results in a system of independent 
equations, which can be solved in order to discriminate the 
harmonic contribution of each converter. We have identified 3 
different configurations (DAC1/ADC1, DAC2/ADC1 and 
DAC1+DAC2/ADC1) associated with 4 different test 
conditions (related to amplitude and phase of test stimuli) that 
permit to obtain a system of five independent equations: 
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Solving this system permits to compute the amplitude of 
the harmonic components, for each individual converter. 

 

IV. EXTENSION OF THE ANC-BASED METHOD 

A limitation of the ANC-based method described in the 
previous section is that the phase of the harmonics is not taken 
into account in the mathematical developments. However, the 
method was proven efficient in practical experimentations 
with real converters [16]. This can be explained by the fact 
that in all experiments, the converters under study presented a 
phase of harmonics linearly proportional to the input signal 
nominal phase. In such a situation, when setting the input 
signal nominal phase to zero, the imaginary part of the 
spectrum is cancelled and the real part directly gives the 
amplitude of the spectrum. The system of equations 
established from the model given by equation (9) is therefore 
valid and leads to a correct estimation of the harmonic 
contribution of each individual converter. However the 
assumption that the harmonics’ phase is linearly proportional 
to the input signal nominal phase is not always verified and 
highly depends on the converter architecture. We have seen 
that this assumption is often verified for types of architecture 
that use a sample and hold stage, but it cannot be assessed for 
other architectures where filtering and noise may affect the 
harmonics’ phase. Our objective is consequently to improve 
the ANC-based method so that it can cover all the real-life 
cases. 

 

The fundamental principle of this improved version of the 
ANC-based method is the same, but the mathematical 
developments have now to be established using the complete 
model valid in the general case, i.e. the model described by 
equation (3).  

 

So let us consider again the configuration in which the 
DAC1 output is directly connected to the ADC1 input. 
Obviously, the output signal is still affected by errors of both 
converters. Now, considering the general case described in 
equation (3) and setting the input signal nominal phase i to 
zero, we can write the following equations: 
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Similarly, we can derive equations for all configurations 
and test conditions involved in the ANC-based method. We 
finally obtain a system of 10 independent equations given 
hereafter. 

 

This system can be solved to determine the real and 
imaginary parts of harmonic contribution related to the 
different converters. From this, the dynamic parameters such 
as THD and SFDR can be computed for each converter. 
Solving this system of equations therefore makes the 
independent characterization of each converter possible.  
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V. VALIDATION 

The theoretical extension of the ANC-based test method 
has been validated through simulation, using the converter 
model described in [12]. Converter non-idealities are included 
in the model based on real-life INL values extracted from 
measurements on several data converters. Sampling jitter and 
thermal noise are also considered. In addition, we also include 
a possible injection of an arbitrary phase shift on the converter 
harmonics. 

In order to validate the improved ANC-based method, we 
have considered a set of three converters, i.e. two DACs and 
one ADC. First, we have simulated each data converter in a 
stand-alone configuration and we have applied a usual test to 
get reference values for the THD and SFDR parameters. Then, 
we have simulated the set of converters in the different 
configurations and test conditions defined in the ANC-based 
method. From these five acquisitions, we have established the 
system of independent equations that links the measured 
harmonic contribution to the individual harmonic contribution 
of each converter (considering only the real part of the 
spectrum for the original ANC-based method and both the real 
and imaginary parts of the spectrum for the improved ANC-
based method) and we have solved the system. Finally, we 
have computed the THD and SFDR parameters using the 
estimated amplitude of the harmonic components.  

Results are summarized in Table I and II, which compare 
the values of the THD and SFDR parameters computed using 



the stand-alone configuration to the values of the THD and 
SFDR parameters computed using either the original or the 
improved ANC-based method, with and without phase shift 
injected on the converters harmonics. 

 

TABLE I.  MEASUREMENT OF THD AND SFDR VALUES WITHOUT 
PHASE SHIFT ON HARMONICS’ PHASE 

 THD (dB) SFDR (dB) 

  DAC1 DAC2 ADC DAC1 DAC2 ADC 

Ref -77.9 -74.3 -66.1 78.9 76.1 70.5 

Original 
ANC 

-77.2 -74.1 -65.8 79.3 75.6 69.8 

Inproved 
ANC 

-77.3 -74.2 -65.7 79.3 75.6 69.5 

 

TABLE II.  MEASUREMENT OF THD AND SFDR VALUES WITH  
PHASE SHIFT INJECTED ON HARMONICS’ PHASE 

 THD (dB) SFDR (dB) 

 DAC1 DAC2 ADC DAC1 DAC2 ADC 

Ref -77.9 -74.4 -66.1 78.9 76.1 70.2 

Original 
ANC 

-73.6 -73.2 -67.0 76.8 76.6 68.5 

Inproved 
ANC 

-77.7 -74.4 -66.2 78.8 76.1 70.4 

Analyzing these results, it can be seen that when the 
converters harmonics are not affected by a random phase shift, 
both the original and the improved versions of the ANC-based 
method produce an accurate measurement of the THD and 
SFDR parameters, with an estimation error that remains below 
0.7dB. However when the converters’ harmonics are affected 
by a random phase shift, the performances of the original 
ANC-based method degrades with an estimation error that 
increases up to 4.3dB for the THD parameter of DAC1. In 
contrast, the improved ANC-based method gives very accurate 
measurements, with an estimation error lower than 0.2dB. 
These results clearly validate the efficiency of the improved 
ANC-based method. 

 

VI. CONCLUSION 

In this paper, we have presented an extension of the ANC-
based method in order to handle converters with random-phase 
harmonics. Indeed, the ANC-based method was originally 
developed under the assumption that the harmonics’ phase is 
proportional to the input phase. Although this assumption is 
often verified, it is not valid for all converter architectures. 
New mathematical developments based on a general model 
that includes the harmonics’ phase of converters were 
therefore established. The efficiency of the improved ANC-
based test was evaluated through simulations, demonstrating 
an excellent agreement between the THD and SFDR values 
measured with a classical test setup and the THD and SFDR 
values computed with the method. 

Compared to the initial ANC-based test method, no 
additional resources are required, and the number of test 
configurations and test acquisitions remains the same. Only 
the size of the independent equation system is different, 
growing from 5 to 10. However, it is worth noting that this 
computation is performed off-chip using the tester digital 
signal processing resources and has a negligible impact on the 
cost of the test procedure. These developments therefore offer 
an efficient generic method to perform the harmonic 
characterization of a set of data converters using only digital 
external test equipment, without any assumption on the 
converter architecture and potential phase shift of the 
converter harmonics. 
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