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Abstract

Traditional ADC dynamic parameter testing algorithms have high requirements for signal amplitude, purity, and coherence,
which not only have high test cost but also low efficiency. Therefore, a set of ADC dynamic parameter testing algorithms was
developed to relax the testing conditions. The algorithm fits the clipped signal through an interpolated fitting algorithm to
obtain the residual sequence to relax the input signal amplitude limit; reduces the parameter fitting error and spectral leakage
on the spurious components by data preprocessing, restores the ADC's own parameters by external noise cancellation method.
Under 14-bit signal source, 5.2-V amplitude, and 0.3 leakage, the signal-to-noise ratio, signal-to-noise-and-distortion ratio,
effective-number- of-bits, and total-harmonic-distortion of the 16-bit ADC chip 7606 have errors from the typical values
of 0.39 dB, 0.23 dB, 0.16 bit, and 7.24 dB, respectively, which are within the manual range. The results demonstrate the

functionality and robustness of the proposed relaxed testing algorithm.

Keywords Analog-to-digital converter (ADC) - Dynamic parameter test - Incoherent sampling - Low-precision signal -

Clipping identification

1 Introduction

With the rapid development of automotive electronics, medi-
cine, and other fields and the improvement in the working
speed of digital circuits, electronic systems require increas-
ing signal sensitivity, and the signal acquisition circuit has
become an important element in assessing the performance
of electronic systems. Therefore, a test method for high-
precision analog-to-digital converter (ADC) performance
parameters has become a focus of current research [1].
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The performance of an ADC measure the ADC's ability
to digitally reconstruct the analog signal, and the commonly
used test methods include sinusoidal fitting and spectral test-
ing. The sinusoidal fitting method [2] searches for the best
matching function of the ADC output sequence by minimiz-
ing the mean square deviation, and the effective -number-
of-bits (ENOB) of the ADC can be measured based on the
fitting residuals between the original sequence and the fit-
ted sequence. The spectrum testing method [3] measures
the ADC dynamic parameters by analyzing the relation-
ship between fundamental, harmonic, and noise compo-
nents through the Fast Fourier Transform (FFT). The latter
method can test all dynamic parameters of the ADC and
multifrequency testing, so it is more applicable. However,
the challenge of this approach lies in the stringent require-
ments imposed by IEEE Standards 1057 [4] and 1241 [5]
on the test conditions of ADCs, which include signal source
amplitude, purity, and coherence.

In the actual spectrum test, the signal frequency and clock
frequency are limited by the accuracy of the equipment, it is
difficult to achieve complete synchronization, the spectrum
will appear trailing, leakage and other phenomena, increas-
ing the spurious component. Therefore, researchers typically
use such methods as the addition of windows and coher-
ent substitution to suppress spectral leakage. The window
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function method [6—8] mainly enhances the continuity of
the first and last ADC output sequences through the window
function; thus, the signal can be expanded continuously. Dif-
ferent windows have different performances, usually using a
window function with a narrow main flap and side flap atten-
uation greater than the ADC bottom noise to suppress leak-
age and accurately obtain spectral information. Because of
the contradictory nature of the main and side flap parameters
of the window function, this method requires a high degree
of professionalism from testers. The coherent replacement
method [9, 10] extracts the spurious components of the ADC
output sequence according to the input signal parameters
and coherently reconstructs the ADC output sequence using
frequency transformation. This method depends on the fit of
the algorithm to the input signal parameters and the accuracy
of the reconstructed signal. It is difficult to achieve better
suppression when the fitting error is large.

Moreover, harmonics are higher order nonlinear func-
tions of the input amplitude, and the true parameters of the
ADC can only be effectively evaluated when the input signal
is equal to full scale. When tested at full scale, the ampli-
tude is susceptible to factors such as device aging and clock
jitter, resulting in clipping distortion of the waveform and
the addition of extra spurious components to the spectrum.
Thus, precision equipment is usually employed to control the
input signal amplitude such that it is always slightly below
full scale. To eliminate the dependence on external high-
precision equipment, Xu et al. proposed the use of tradi-
tional code value estimation [11], parameter estimation [12],
and other methods intended to reconstruct clipped signals
and perform spectral analysis. However, the accuracy of the
method is affected by the parameter fit and the larger the lim-
iting cutoff range the larger the dynamic parameter test error.

In addition, the test standard also stipulates that the lin-
earity of the signal source should be 3 ~4 bits higher than
the ADC under test, which is difficult to realize due to the
high cost of the signal source for high precision ADC test.
In digital signal processing, average filtering [13] is typically
used to reduce random noise. However, for low-precision
signal sources, it fails to achieve the test results. Although
the traditional noise cancellation method [14] can measure
the ADC parameters under a low-purity signal source, it is

Fig.1 ADC dynamic test block

necessary to adjust the input signal amplitude repeatedly, so
it is not suitable for large-scale testing.

Therefore, in order to break through the limiting condi-
tions of spectrum testing, this paper proposes a set of engi-
neering-friendly algorithms for dynamic testing of ADCs,
which are mainly based on digital signal processing tech-
niques to solve the problem of spectral distortion caused by
amplitude limiting, phase discontinuity, and signal source
noise under non-standard testing conditions.

In Section 2, the dynamic testing of ADCs based on spec-
tral analysis is discussed. In Section 3, the proposed dynamic
testing algorithm is introduced. The performances of the
algorithm in simulations and experiments are discussed in
Section 4. Section 5 concludes the article.

2 Fundamentals of ADC Dynamic Testing

The block diagram of spectrum test of ADC dynamic param-
eters is shown in Fig. 1. The board captures the ADC out-
put sequence and analyzes the power relationship between
signal, noise, and harmonics in the spectrum by discrete
Fourier transform to obtain the ADC dynamic parameters.
The important performance parameters of the ADC include
the signal-to-noise ratio (SNR), signal-to-noise-and-distor-
tion ratio (SINAD), total-harmonic-distortion (THD), and
ENOB.

The ratio of the signal power P, to the ADC noise power
P, is the SNR, which reflects the internal noise of the ADC,

P
SNR = IOlg(ITS). 1)

For an ideal ADC, there is only quantization noise caused
by the encoder quantization error, the quantized noise power
Pq 18,

0.5Lsb
b _ J-ostw (Viy — code - Lsb)’dV,,,  (Lsb)?

(@)
q Lsb 12

Here, code is the ADC output code value, Lsb is the ADC
quantization level F,/2V — 1, and F| is the ADC limiting
voltage.
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The SNR of an ideal ADC is related to the number of
ADC bits N,

P
SNR, 401 = 101g(P—s) = 6.02N + 1.76. (3)
q

The THD is the ratio of the total harmonic power P, of
the system to the signal power P,

Py
THD = 101g(F) 4)
which is mainly affected by the nonlinearity of the compo-
nents, and is generally used to describe the degree of distor-
tion of the waveform after the signal has been sampled by
the ADC.

The ratio of total system spurious power to signal power
is the SINAD,

P
SINAD = 101g(——
g( o Ph) 5)

which reflects the spurious components generated by the
ADC and evaluates the overall dynamic performance of the
ADC.

The ENOB is related to the spurious component of the
ADC:

ENOB = SINAD—1.76

6,02 4
Wik—1.76 (6)
ENOBideal = 6.02

which not only determines the resolution of the ADC but
also measures the conversion quality of the signal over
the Nyquist bandwidth. It is mainly used to reflect the
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Fig.2 Frequency domain of ADC output sequence

equivalence between the actual and ideal ADC bits. The
ideal ADC has no distortion, and the SNR is equal to the
SINAD; therefore, its ENOB is determined only by the quan-
tization noise.

Since the spectral spuriousness is the sum of the ADC's
own spuriousness and external spuriousness. Therefore,
Egs. (1) to (6) can effectively characterize the dynamic
parameters of the ADC provided that the test setup meets
the standard test conditions and the spectrum is free of
large-component spuriousness other than the ADC's own
spuriousness.

When the test setup does not meet the coherence, purity,
amplitude and other conditions required for standard testing,
phase discontinuity, limiting, signal source noise and other
factors will not only increase the spectral noise floor and
increase the amplitude of the spectral harmonic component,
but also reduce the amplitude of the spectral fundamental
component, as shown in Fig. 2. At this time, the spectral
spurious can’t be equivalent to the ADC itself spurious,
the Egs. (1) to (6) can’t be correctly characterized by the
ADC dynamic parameters, so it is necessary to study how
to reduce the spectral leakage under non-standard conditions
by means of digital signal processing and to separate the
ADC own noise and external noise.

3 The Proposed Algorithm

In order to realize ADC test under non-standard test conditions
and reduce test difficulty and cost. This paper proposes a test
algorithm based on the traditional spectrum test method to
solve the problem of spectrum distortion caused by limiting,

- Spectrum diagram of overrange signal
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Fig.3 Overall flowchart of spectrum testing algorithm under relaxed
conditions

phase discontinuity, and source noise through digital signal
processing technology. The algorithm is divided into three
main parts and the overall flow is shown in Fig. 3. First, the
input signal parameters are fitted by a spectral parameter esti-
mation algorithm to obtain the residual sequence of the two.
Then, the data preprocessing algorithm reduces the parameter
fitting error and spectral leakage, and the dynamic parame-
ters of the ADC with external noise are obtained through the
spectrum. Finally, the noise estimation algorithm separates
the intrinsic noise and random noise to offset the external
noise input in order to restore the ADC's own performance
parameters.

3.1 Clipping Recognition and Reconstruction

The input signal model of the ADC is shown in Eq. (7).
x(t) = A sinQzft+ @)+ V. + hf +ny, @)

where A, f,p, and V,  are the amplitude, frequency, phase,
and DC of the input signal, respectively, f is the higher-
order nonlinear distortion, and n,; is the sum of the noise.

The digitally reconstructed sequence of the signal after
sampling by the ADC is shown in Eq. (8), with x(n) repre-
senting the Nth sampling point of x(¢).

1 1
V) > 5V
x(), =3 Vi, < x(n) < 3V ®)
—3Vox(n) < =3Vj, n=0,1..N — 1

x(n) =

@ Springer

The frequency domain expression of the ADC output
sequence is shown in Eq. (9). The number of frequency
domain sample k = 0, 1...2V — 1 corresponds to the spectrum
index number L,, and i = 1,2...2".

N-1

Y(k) = FFT(x(m)) = Y, x(m)e ¥y )
n=0

In incoherent sampling, the spectral index L, correspond-
ing to the fundamental frequency is a non-integer that falls
between the L;_; and L, spectral lines and is affected by
spectral leakage and the fence effect. The frequency estima-
tion error caused by the fence effect is

Fs
fErr € (0’ ﬁ) (10)

In addition to increasing the number of sampling points N
to reduce the impact of the fence effect on parameter acquisi-
tion, the spectral line L, corresponding to the largest compo-
nent of the spectrum and its left and right two spectral lines
L, L, canbe used to correct the actual frequency spectral
line L;, as shown in Fig. 4. The relationship between the
spectral lines is given by Eq. (11),

n € (-0.5,0.5) :
n=L,—-L,
n—1=L—L,,. (11

n+1=L—L,,.

To improve the correction effect and reduce the influence
of spectral leakage before frequency correction, the classical
cosine window with a good side-flap performance is used.
The time and frequency domain expressions are shown in
Eq. (12):

E Y(L)
Y(L,)

. Y(L,.)
z
E Y(L,.)
g
<

" ! ‘Lp—l Lp Li Lp+1‘ !

Spectrum index

Fig.4 Schematic diagram of spectrum interpolation
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-1 Digital sequence x(n
w(n) = ¥ (=1)ia; cos 2’"” l (n)
i=0
-1 i ikmes 2km
27k (=1)e™ qm—sm(kzr)a
W(=) = ;0 I (12) Spectral interpolation
= - N calculate f
Ya =1,Y (-1)a =0.
i=0 i=0
A
Here, I is the number of window function terms, and g; is Th it
the window function coefficient. When N is sufficiently large, lreel—p arameter fitting
then cos(9) 1, sin(8) = 6, (10] < 1). calculate 4, ¢, V,
x(n)=A Sil’l(Zﬂ'f% + @)w(n)
A (JOrf340) _ iCnfh+0)
2_, (¢ ik v w(n), 13 Construct an ideal
X(ﬂ) = e/(/’W( ”( 2y, (13) clipping signal x,;, (1)
k; = ;N, k=0, 1...2N 1.
Equation (14) with the actual amplitude of the spectrum res(n) = x(n) = Xelipping (n)
Y(L) yields,
Fig.5 Flowchart of the parameter fitting algorithm
p i a;(=m)N sin(—nm)
=4 2 (1 e,
N
. a sinl L4 — 2
(2 L, )_ y Z (- )z ;(1 (ri)[\;)- (l(zlﬂ 1) )’ (14) = g [x(n) — x(n)]
N
X(M,,H) _ Z (—1)i % 1<”1an)l;((,zl nz) = ; [x(n) — A, cos(27rf ) — B, s1n(27rf )= Co?
x — Mr)T(x — Mr),
By substituting the sampled discrete points L,, L, ;,and  x — [ x(1) x(2) x(3) ]T’ r=[4, B, C, ]T’ (18)

L, into Eq. (13) yields the ideal amplitude correspondlng to
the spectral line.
Setting the amplitude ratio function [15] and associating

Eq. (14) with the actual amplitude of the spectrum yields,

_ Y(Lp+])_ Y(Lp—l) _ X(Lp+])_X(Lp—l) —f_l(é)
Y(L,) X(L,)
(15)
RS () 3
nm= QYL+ (L, )+Y (L, )’ n € (=0.5,0.5 (16)
Li=(L,+n), f=2L-1.

The amplitude and phase parameters are obtained using a
three-parameter fitting algorithm for a sine wave with mini-
mum residuals. The expression for the fitted sinusoidal func-
tion is,

x(An) =A, cos(erf%) + B, sin(27t]A‘]£V) + G, (17)

The residual matrix is constructed, and the unknowns
Ag, By, Cy are solved in Eq. (18).

cos(znf%) sin(ZHfI%) 1
cos(27tf%v) sin(27tfllv) 1

/\ A
cos(x f (NN;I)) sin(2z f (NN;D) 1

The ideal clipping sequence is constructed based on the
desired parameters is show in Eq. (19).

1 ;o 1
) EV{s,x(n) >A§VfS 1
xclipp[ng(n) = x(n)r _Evff < X(I’l) < EV]‘S s
1 2 1
R R =5 Vi x(n) < =3Vg
x(n) = A sinQzf < + @) + C,, (19)

~ 3 > arctan_—B" Ay >0
A=/A2+B% §=
0" %o @ arctani +7, Ayg<0’

(40 By Cy ] = (MTM) (MTx),

The residuals of the ideal and actual clipping sequences are
as follows, and the accuracy of the spurious component of the
resulting ADC output sequence is affected by the parameter
fitting error err(n):

res(n) = X;,(n) = Xjipping(n) = err(n) + hf +nyy. (20)
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The overall flow of the first part of the ADC dynamic
testing algorithm is shown in Fig. 5. Compared with the
traditional interpolation algorithms [16, 17], one can directly
obtain the input signal parameters without calculating the
higher-order inverse function. Compared with the sinusoidal
four-parameter fitting method [18], it is unnecessary to con-
sider the problem of iterative convergence. Compared with
FIRE [19], the trigonometric method [20] not only reduces
the leakage error but also reduces the error of the fenestra-
tion effect. Compared with the overfitting algorithm [13,
21, 22], there is no dependence on the selection of the set
of over-zero points.

3.2 Data Preprocessing

According to the sampling formula, the non-integer sam-
pling period J is transformed into an integer sampling period
Jin» and the corresponding number of sampling points N,,,,
is obtained to intercept the signal, which can convert an
incoherent sequence to a coherent sequence.
. N2 F .
Jim = 1nt(FSf)’ Nnew = TJimv Nint = lnt(Nn
f
In actual testing, problems such as aging equip-
ment can result in the actual sampling frequency set
not being an integer multiple of the signal frequency,
so the truncated sequence is only an approximate cor-
relation sequence, the significant spectrum leakage
remains after the FFT %’ € (0,0.005). The main flap con-
vergence can be enhanced by the Hanning win-
dow to reduce the spectrum leakage:

o) 21

2zn

x(n) = x(m)wn) = %x(n)(l — Ccos ).n=1,2..N,,,.

(22)

The time and frequency domain effects of data preproc-
essing on the residual signal obtained in the first part of the
algorithm are shown in Figs. 6 and 7. The sequence after
data preprocessing not only leaves an integer number of
sampling periods but also has better continuity at the begin-
ning and end of the sequence. For a single-frequency sine
without extracting the fundamental, the suppression effect
is better than that of the Blackman window with 58.1-dB
side-flap attenuation, but the effect of the fundamental
component is slightly worse than that of coherent replace-
ment [9, 10]. However, when the object sequence becomes
a residual containing periodic characteristics, the leakage
suppression effect is much better than that of coherent sub-
stitution because it does not contain a large component of
the fundamental wave, and coherent substitution does not
change the residual frequency.

new
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Time domain diagram of incoherent residual component

SHHHHEH é
i”n"n”n”l\"n"n"n"n"n"n"n"tf
T \HHH |
RN e
~Trr
R ’ii\"n"n"n"
TN

(b) Intercepted sequence time domain

645 Time domain diagram of truncated residual component with window

04

Amplitude(v)
o
o &

o
o
o

0.1+

015 . . . . . ,
0 0.002 0.004 0.006 0.008 0.01 0.012

Time(ms)

(c) Preprocessing sequence time domain

Fig.6 Time domain effect of algorithm



Journal of Electronic Testing (2024) 40:457-468

463

Frequency domain diagram of incoherent and coherent signal
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When the effect of the algorithm’s processing of the
leakage is compared with the direct input of the coherent
sequence, the resulting spectrum is not perfect. Therefore,
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Fig. 8 Flowchart of data preprocessing algorithm

when calculating the spectral parameters, the fundamental
harmonic amplitude is adjusted to improve the test accuracy.

Taking the power sum in the range of [—1, 1] around
the even harmonics as the actual power value can reduce
the effect of additional spuriousness caused by leakage and
period residuals. Here, A is the estimated amplitude, and
Y(k,)|is the residual value corresponding to the fundamental
frequency in the residual sequence.

P, = @A+ Yk,
1

(23)

P,=2Y Yk, +i), h=246..10.

i=—1

The overall flow of the second part of the algorithm in
ADC dynamic testing is shown in Fig. 8. Compared with the
traditional algorithm, the energy convergence and side-valve
attenuation functions of the complex window function can
be realized with the most basic window function by trans-
forming the residuals, and the periodic residual spectrum
leakage can be suppressed.

3.3 Restoring ADC Parameters

When the purity of the signal source does not meet the test
conditions, the spurious component in the spectrum consists
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of the ADC, the signal source, and the spurious component
generated by the clock jitter.

P [k
SNRy, = 101e(5=5 76 )
PP, /K
THDfS = IOIg(W)s (24)

10-SNRs/10 — }210=SNR./10 . 1(~SNR../10
10THDR/10 — §21()~THDs./10 4 1()~THD,c/10_

Here, P, and P, are the noise and harmonic power gen-
erated by the signal source as a function of the signal ampli-
tude [2, 14]. P, and P, are the ADC noise and harmonics,
which are independent of the signal amplitude. SNR ;. and
THD,,, are the ADC's own parameters, SNR,. and SNR,,,
are the signal source parameters.

The THD derivation process is the same as SNR by
canceling the signal source spurious power through the
sequence. SNRy, is the SNR obtained by direct calculation
of the spectrum.

lofsNRm/lO _ lo—SNR_M/l()
= kIZIO_SNRuch/lO - k%lO_SNRuch/lO + 10~SNRy1 /10 _ 1()=SNR2/10
(25)
Spectral noise consists of intrinsic and random noise.
P, P, are random noise power and intrinsic noise power
of ADC. P,,,, P,,; are random noise power, signal source and

intrinsic noise power of signal source.

10—SNRf_V1/10 _ IO_SNR/SZ/IO
— k% Ponri +Puni kg Ponra+P i + Py +Poi _ PouotPyy (26)
P, P P P

s s s

Substituting the same amplitude sequence and ignoring
the effect of amplitude jitter, then k, = k, = k = 1. Here P,
is the total spectral noise power and is the total harmonic
power.

PAn = Pnl - Pn2 = (Panrl - Paan) + (P.mrl - Psnr2)

27
Ppp =Py = Py = (Pypyy — Popyo) + (P — Pyp)

The ADC's own parameters can be estimated from the
random power and the ADC's inherent quantization noise
power.

P
SNR e % 10l2(—p—
n n q
THD . ~ 101g(7 270 28)
- __n
SINAD g, = 101g( P =Pp+Py —Pn2+Pq)

_ SINAD,;~1.76
ENOB,, = =252

)s

In summary, the ADC parameter reduction algorithm
flow is as follows: firstly, the random power is estimated
by the noise power and harmonic power difference of each
segmented sequence, and then the ADC power is calculated
by adding the intrinsic power. In order to avoid the chance

@ Springer

error caused by random noise, effectively reduce the impact
of random noise on the test, and further reduce the test
error, the same picture value signal can be sampled in mul-
tiple groups, and then take the average value of the random
power and bring it into the Eq. (28) to calculate the ADC
parameters.

4 Algorithm Simulation and Verification

In this section, the functionality and robustness of the pro-
posed algorithm for dynamic parameter testing of ADCs
under relaxed test conditions are verified through simula-
tions, experiments and the test results are compared with
conventional test results and datasheets.

4.1 Simulation Results

MATLAB simulation results verify the effectiveness of this
algorithm. The 16-bit ADC is modeled by MATLAB so that
the sampling frequency is 200 kHz, the input sine wave fre-
quency is 1 kHz, the number of samples is 16,200, the phase
is 60°, and the signal source is 120 dB. The results of the
traditional algorithm and the proposed algorithm for differ-
ent amplitude sinusoidal waveforms are shown in Table 1.
From Table 1, it can be obtained that when the input
amplitude slightly exceeds the full scale, there is a certain
error in the input signal parameter fitting, which leads to
the failure of the traditional algorithm, and therefore the
input signal amplitude needs to be strictly controlled when
measuring the ADC parameters by the traditional algorithm.
However, for the proposed algorithm, the dynamic param-
eters can be accurately tested even if there is an error in the
amplitude fitting. For example, when the input amplitude
is 5.2 V, the errors of the measured SNR, SINAD, THD,
and ENOB with respect to the reference values are 3.46 dB,
14.02 dB, 2.78 dB, and 0.46 bit, respectively, which can be
eliminated by the third part of the proposed algorithm.
Moreover, from Table 2, the proposed algorithm also has
superior results in suppressing spectral leakage when the
number of sampling points is 16,384 points and the input
signal is 5 V for non-coherent sampling. From Table 3, the
proposed algorithm remains effective even when the input
signal purity is 80 dB, and the test results are not affected by
external input signal noise. When the input signal is 5.2V,
the test results of the proposed algorithm have an error of
1.06 dB, 1.9 dB, 0.74 dB, and 0.13bit for SNR, SINAD,
THD, and ENOB, respectively, compared to the reference
value, which is effectively improved by the third part com-
pared to Table 1. Moreover, in the actual test species, this
error can also be improved by increasing the test sample

group.
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Table 1 Test performance of Arithmetic Input ampli-  Estimated SNR  THD SINAD (dB)  ENOB
different ADC dynamic test tude (V) amplitude (V)  (dB) (dB) (Bit)
algorithms under overrange
Reference 5.00 5.00 98.71 106.35 98.03 15.99
Interpolation [10] 5.00 5.00 98.66 —106.57 98.02 15.99
5.05 5.04 52.72 -55.75 58.61 8.17
Fitting [17] 5.00 5.00 98.71 —106.30 98.02 15.99
5.05 5.04 67.80 —68.38 64.80 10.47
Proposed 5.00 5.00 98.46 —108.32 98.43 16.05
5.05 5.04 98.37 —114.78 98.32 16.03
5.10 5.08 96.81 —116.71 96.70 15.8
5.20 5.16 95.25 —120.37 95.23 15.53
Table 2 Test performance of Arithmetic Input SNR  THD SINAD (dB) ENOB
dlffer.ent ADC dyr.lamm test amplitude  (dB) (dB) (bit)
algorthms under incoherent V)
sampling
Direct FFT 5.00 3143 -51.40 31.41 4.93
Blackman [8] 5.00 96.11 —119.93 96.11 15.67
Coherent Replacement  Interpolation [17]  5.00 9790 —-109.63 97.88 15.97
Fitting [10] 5.00 96.34 —111.54 96.32 15.71
Proposed 5.00 9578 —115.60 95.78 15.62

Table3 ADC dynamic parameter test results of the proposed algo-
rithm at 80 dB signal source

Input Estimated SNR THD SINAD (dB) ENOB
amplitude amplitude (dB) (dB) (bit)
V) V)

5.00 5.00 97.37 —-113.65 97.27 15.86
5.05 5.045 97.63 —114.13 97.53 15.91
5.10 5.08 97.31 -113.10 97.20 15.85
5.20 5.16 97.65 —108.25 97.29 15.86

To verify the robustness of the algorithm for ADC
performance testing under loose test conditions, 500 ran-
dom parameter simulation experiments were conducted,
in which the input signal purity, amplitude, and leakage
size were randomly generated in the ranges of 75-95 dB,
5-5.2 'V, and 0-0.5, respectively. The errors between the
parameters SNR, SINAD, THD, and ENOB and the ideal
parameters are shown in Fig. 9. The SNR and SINAD ratio
errors are centrally distributed within 0—1 dB, the effective
number of bit errors is centrally distributed within 0-0.2,
and the THD error is centrally distributed within 0-5 dB.

In summary, the algorithm proposed in this paper can
effectively relax the dependence of high-precision ADC
test on high-precision signal source, reduce the test error
caused by limiting, and reduce the test cost.

4.2 Experiment Results

To verify the practicality of the proposed algorithm further,
a test system using an ACX720 series field-programmable
gate array (FPGA) equipped with an ADC was employed,
and a dynamic performance test of the AD760 commercial
high-precision ADC was conducted under loose conditions.
The overall scheme of the ADC dynamic parameter test
is shown in Fig. 10, and the test system was constructed
as shown in Fig. 11. A high-speed and low-power Artix-7
series FPGA was used as the core processor, and the sam-
pling clock and power supply of the ADC were generated
by dividing the frequency of the FPGA crystal. The system
was configured with the number of sampling points and sam-
pling frequency through the Ethernet, and the FPGA drove
the ADC to perform sampling after it received the data, and
then stored the ADC output sequence captured by the serial
port in a DDR3. After completing the sampling, the FPGA
sent the data to a PC through the Ethernet for calculation.
The test results of the 16-bit ADC chip 7606 are shown
in Table 4 when the sampling frequency is 200 kHz, the
signal source frequency is 1 kHz, the signal source reso-
lution is 14 bits, and the number of sampling points is
16,384 points. The measured SNR, SINAD, THD, and
ENOB have errors of 0.39 dB, 0.23 dB, 7.24 dB, and 0.16
bits, respectively, compared to the typical values in the
datasheet when amplitude is 5.2 V. Although the value
of THD has a large error from the typical values, it is
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Robustness of the algorithm to SNR under loose conditions
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Fig.9 Robustness of the proposed algorithm

Fig. 10 General scheme of
ADC dynamic parameter testing

Robustness of the algorithm to SINAD under loose conditions
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within the range of the minimum and typical values given
in the manual. In addition, the test results of devices such
as the 16-bit ADC ADS8361, ADS8689, the 14-bit ADC
AD9248 etc. under this algorithm are shown in Table 5.
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5 Conclusion

To address the limitation of high-precision ADC test-
ing under severe testing conditions, an ADC dynamic
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Fig. 11 ADC test system

parameter testing algorithm was developed for relax-
ing ADC testing that can measure the ADC dynamic
parameters by over-ranging signals when coherence and
purity do not satisfy the testing conditions. This enables
the dynamic testing of ADCs to be separated from high-
precision equipment, reducing test costs and improving
test efficiency. The simulation and experimental results
demonstrate the functionality and robustness of the
algorithm under loose test conditions. The accuracy of
the 16-bit ADC chip 7606 has an accuracy of 99.56%,
99.74%, 98.89%, and 93.23% for SNR, SINAD, ENOB,
and THD, respectively, compared with the typical values
of the handbook under the test conditions of an amplitude
of 5.2 V, purity of 80 dB, and leakage of 0.3. Moreover,
the harmonic distortion has an error of 7.24 dB compared
with the typical values. The harmonic distortion is within
the specified range of the manual, although it has an error
of 7.24 dB from the typical value. The low dependence of
the algorithm on the accuracy of external devices enables
it not only to be used in ADC test prototyping projects but
also to be ported to digital-analog hybrid automatic test
equipment (ATE) testers to expand the scope of testing. In

Table5 Dynamic parameter test results of ADC devices under
relaxed conditions

chip Data SNR (dB) SINAD THD (dB) ENOB
source (dB) (bit)
ADS8689 Reference 91.53 91.53 —-112.73 1491
proposed  90.76 89.35 —104.49  14.55
ADS8361 Reference 83.21 83.06 -94.78 13.51
proposed  81.98 81.56 —88.94  13.25
h Reference 73.48 73.00 —88.21 11.83
proposed  72.11 71.82 —-92.36 11.63

addition, the ability of the algorithm to test the dynamic
parameters of overrange signals lays the foundation for
sharing a common set of sampling data for static and
dynamic parameter testing of ADCs, which can be used
to improve the efficiency of ADC testing.

In addition, since the algorithm still has the ability to
test dynamic parameters when the input signal amplitude
exceeds the full scale of the ADC, the collected data can
be used directly for dynamic parameter testing to avoid the
repetition of the sampling process when the static param-
eter testing algorithm is performed using a signal slightly
larger than the full scale. Moreover, when the algorithm
carrier board is an FPGA, its parallelism can also be used
to realize the simultaneous testing of static and dynamic
parameters of the ADC.
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Table4 AD7606 dynamic

Algorithm Amplitude (V) SNR (dB) SINAD (dB) THD (dB) ENOB (bit)

parameter test results under

relaxed conditions Reference 5.00 89.00 89.00 —107.00 14.49

Traditional [17] 5.00 83.03 78.12 -79.78 12.68

5.05 61.69 60.72 -67.70 9.70

5.10 48.68 46.33 -50.11 7.40

5.20 4233 38.33 -40.53 6.07

Proposed 5.00 88.89 88.38 -109.81 14.46

5.05 87.14 86.99 -103.15 14.15

5.10 89.57 89.30 ~101.66 14.54

5.20 89.39 88.77 -99.76 14.33
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