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Abstract-The precise selection of the input and sampling frequencies, and selection of the record length are 
very important for dynamic testing of AD converters and modules by sine wave signal. IEEE Std 1241-2000 [1] 
and Std 1057-2007 [2] provide standardization in the ADC testing. Selection of optimal input testing signal 
frequency under these standards is resolved separately for applied deterministic testing methods. To compare 
results between each test method, it is necessary to use identical test conditions inclusive of identical input 
testing signal frequency. That is why an algorithm of input testing signal frequency selection was developed to 
allow both the sine-fit and the DFT methods to be applied. 
 

I. Time Domain Consideration 
 
In order to determine an ADC’s performance, it is necessary to secure maximum quantity of distinct input phases 
that are sampled by ADC in whole record, and if possible to get at least one sample for every ADC code.  
The well-known relation [1] Eq. (45) between number of testing signal periods and number of sampling periods 
can be used to secure maximum quantity of distinct input phases. It is required to find an integer J which is 
relatively prime to number of samples in the record M (usually M is a power of two), then optimum frequency is 
given by   
 

   J Topt1 = M Ts    (1) 
 

Algorithm for calculating a near-optimum frequency fnearopt which is close to any desired frequency is described 
in [1] (Eq. (47), (48)) in three steps. First one is finding an integer r, such that desired frequency is 
approximately fs/r; r ∈ N. The second is calculating the number of full cycles D that can be recorded at the 
frequency fs/r : 
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and the final step is calculating the near-optimum frequency by 
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where  r is an integer number, 
 D is the number of acquired full periods of input sine wave with frequency fs/r, 

 fs is the sampling frequency, 
⎣ ⎦  rounds the X to the nearest integer towards zero. 

 
 
This algorithm is offered for three or four-parameter sine fit method. Using input signal with frequency fnearopt 
guarantees (rD − 1) distinct sampled phases uniformly distributed between 0 and 2π radians. It means that 
number of sampled phases is less than but almost equal to number of samples M.  
The frequency fnearopt achieved by the described algorithm is very close to frequency that is an integer fraction fs/r 
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of sampling frequency. It could not be really important in the case of the sine fit test method but there could be a 
serious problem in the case of DFT test method. 
 

II. Frequency Domain Consideration 
 
The spectrum of acquired data record contains fundamental and higher harmonics, spurious and intermodulation 
components.  
The harmonic components are mostly dominant in the record and levels of these components have to be 
measured. These components lie at integer multiple of fundamental frequency and they are aliased to the first 
Nyquist zone (basic frequency spectrum between 0 and fs/2) provided that their frequencies are higher than fs/2. 
The fundamental frequency fnearopt is close to an integer fraction of sampling frequency fs/r and the frequencies of 
higher harmonic components are integer multiples of fundamental frequency. In that case, the aliased harmonic 
components can be mutually overlapped. This effect could be enlarged by the leakage or by the window main 
lobe size if the WDFT is applied as it is demonstrated in the following example.  
The test signal frequency is selected to obtain the maximum of distinct phases according to algorithm described 
in IEEE 1241 Std. The test signal with frequency (3) fnearopt ≈ 666 687 Hz is acquired with sampling rate of 
10 MSa/s to get data record of 32 768 samples (r = 15, D = 2184). There are (rD − 1) = 32 759 samples which 
have distinct input phases uniformly distributed between 0 and 2π.  
Let's assume 20 higher harmonic components non-optimally aligned in the first Nyquist zone and that are 
mutually overlapped with the DC component and seven harmonic components in the first Nyquist zone. The 
frequency spectrum of sine wave test signal with the input test frequency given by (1) is shown in Fig. 1. 
The sine wave signal with frequency fnearopt computed by (3) can be applied successfully to sine-fit and histogram 
test method but the level of any harmonic component cannot be directly estimated in the frequency domain. The 
frequency spectrum of such signal computed by DFT has non-optimally distributed higher harmonic components 
which are overlapped in the first Nyquist zone. For these reasons, the signal with frequency fnearopt is not suitable 
for DFT test method. 
 

 
 

Figure 1. Frequency spectrum with 20 mutually overlapped higher harmonic components 
 
To avoid the overlapping of higher harmonic components another approach has to be proposed. The frequencies 
of higher harmonic components can exceed fs/2. In that case, the frequencies of higher harmonics are aliased. 
They lie in the first Nyquist zone. Position of each aliased harmonic component represented by DFT bin in the 
frequency domain is given by, 
 

                    |.|
s

in
sina f
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where  fa is aliased frequency, 
 fin is frequency of input signal > 

2
sf , 

  rounds to nearest integer 
 
To prevent overlapping of higher harmonic components, it is necessary to select the input frequency fin in the 
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way, that all harmonics lie uniformly distributed in the first Nyquist zone. This requirement is fulfilled if the 
input test signal frequency is in accord with the following equations,  
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where  k ∈ N (must be odd number), 
 h is the number of significant harmonic components in the spectrum, 
 b is the estimated number of non aliased harmonic components in the basic spectrum. 
   
 

 
 

Figure 2. Frequency spectrum with 20 non-overlapped higher harmonic components 
 
However, there are two necessary conditions that have to be fulfilled. The first one is that (h + 1), which 
represents number of intervals, is relatively prime to k. The second one is that k, which represents a position of 
fundamental harmonic component as a multiple of interval 

1)  (2 +h
fs  , is an odd number. If any of the mentioned 

conditions are not met the algorithm fails. The simple solution preventing the algorithm fail is based on 
increasing of the significant harmonic components in the frequency spectrum until both of the mentioned 
conditions are met.  
Assume that the frequency spectrum of tested ADC contains up to 21 harmonic components including 
fundamental, h = 21, and seven harmonic components, b = 7, are required to lie in the first Nyquist zone (0 to 
fs /2 ). The last requirement limits the frequency of input test signal in the range from 

82 ⋅
sf  = 625 kHz to 

72 ⋅
sf  = 714.285 kHz. 

The test signal with frequency fopt2 ≈ 681 818 Hz is acquired with sampling rate of 10 MS/s to get 32 768 
samples as shown in Fig. 2, where the test signal frequency is selected in accord to prevent overlap of higher 
harmonic components in the frequency spectrum. 
 

III. Algorithm of Optimal Test Frequency Determination 
 
There are several frequencies fopt1 which pass (1) and which can be used as the test signal frequencies in order to 
achieve maximum quantity of phases in the time domain. 
To use both sine-fit and DFT dynamic test methods, it is necessary to find an optimal frequency that maintains 
maximum quantity of input phases and does not have any overlapped components in the frequency domain as 
well. That frequency could be found by following algorithm: 

1.  Calculate series of frequencies that passes (1) 
2.  Calculate desired frequency that passes (6) 
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3.  Choose one frequency from the series of frequencies calculated in the first point with minimum 
difference to frequency calculated from the second point, see Fig. 3 

4.  Verify, if there is not overlap of aliased components in the first Nyquist zone 
 

Figure 3 shows differences between single frequency calculated by (6) and series of frequencies calculated by 
(1). The small differences usually do not influence a uniform distribution of higher harmonic components in the 
frequency spectrum, but for many harmonic components and significant differences, it is better to verify whether 
there is not overlap of aliased components. 
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Figure 3. Frequency difference between the single frequency fopt2 and series of frequencies fopt1  
 
 

IV. Example of Optimal Frequency Determination 
 
As an example of optimum sine wave frequency determination, we will consider the same test setup as discussed 
in previous section (sampling frequency fs = 10 MHz, acquired M = 32 768 = 215). 
The input testing signal frequency that has maximum quantity of distinct sampled phases is given by (1). The 
number of acquired periods of testing signal J has to be relatively prime to the number of acquired samples M. If  
M is a power of two (even number) the J may be any odd number. More general, let J to be a prime number, in 
this case the M could be any number. 
According to first step of algorithm mentioned in the previous section is required to find the series fopt1 of 
frequencies that pass the (1) using the prime numbers J from the range 215/16 to 215/14 corresponds to the test 
signal frequency range. 
The second step of algorithm determines such test signal frequency which causes an optimal distribution of 
aliased higher harmonic components and prevents theirs overlapping. The first Nyquist zone will be divided into 
(h + 1) = 22 intervals (distances between adjacent aliased harmonic components). The position of the 
fundamental harmonic component k as a multiple of interval 

1)  (2 +h
fs  is calculated by (5). The position k must be 

an odd number, which is fulfilled for h = 21 and b = 7; then k is equal to 3. The optimum test signal frequency 
evaluated using (6) is fopt2 = 681 818.2 Hz. 
The test signal frequency which should be an optimum for the both mentioned criteria fopt should be selected 
from the series of frequencies fopt1 in such a way as to obtain minimum frequency difference to frequency fopt2. 
The minimum frequency difference 860 Hz is achieved with the frequency  fopt ≃ 682 678.2 Hz. 
The final step of optimal test frequency determination is the verification of non-overlapping of aliased harmonic 
components in the first Nyquist zone. The difference between fopt2 and fopt is 860 Hz which causes the maximum 
frequency shift of the highest harmonic component equal to 22 · 860 = 18 920 Hz. This frequency shift is 
insignificant compared with the distance between adjacent aliased harmonic components kHz 227.272

1)  (2
≅

+h
fs , 

therefore the frequency fopt ≃ 682 678.2  Hz is desired solution that pass all mentioned requirements. 
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V. Conclusions 
 
The optimum test frequency determination for the time-domain and frequency domain ADC testing was 
discussed. There are two requirements which have to be met. The first requirement is to get maximum quantity 
of distinct input phases in the acquired data stream. The second one is to avoid overlapping of higher harmonic 
components aliased in the first Nyquist zone.  
Proposed algorithm serves for determination of frequency which is in accord with both requirements. The 
algorithm was verified by means of MATLAB simulations and practical measurements. 
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