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Abstract: In this paper a method for evaluation the dynami@. PRESENTATION OF THE PROPOSED METHOD
performances of an analog-to-digital converter (ADgy
ramp testing signals is proposed. This method perthie
estimation with high accuracy of ones of the mogtdrtant
dynamic parameters of an ADC - signal-to-noise an
distortion ratio (SINAD) and effective number oftdi x(t):ﬁ(t+t0)-A-2A(k-1)+d, k=1,2,3,... (1)
(ENOB). Carried out simulations confirm that theposed T

method leads to accurate results.

We consider am-bit ADC. The test signal is a ramp
signal with amplituded, frequencyf,, and offsetd. For the
5—Iine the ramp signal is given by

whereT is the ramp signal period € 1) and 0<ty <T.
To test all the ADC output codes it is necessanlget
the peak-to-peak value of the ramp signal to ADIGScale
range FSR.
The signal obtained at the ADC output for takne is

Keywords: ramp signals, modulo time-plot, estimation of
the dynamic parameters SINAD and ENOB of an ADC.

1. INTRODUCTION

given by
Dynamic parameters of an analog-to digital converte _2A
(ADC) are obtained by time-domain methods or fremqye y(st)—?(st +m°Ts)' A'ZA(k'1)+d +e(m), 2
domain methods. The most common used time-domain k=1,2,3,...
methods are the sine-fit test methods which pesothe

estimation of three or four unknown sinewave patanse ‘Where:Tsis the ADC sampling periodTs = 1£y),

[1]-[4]. In the frequency-domain methods a sinewase to = meTs, in whichmy is integer, G mp <T/Ts,

applied at the input at the ADC under test. Thengdain e(m) is the ADC noise. _
algorithm, based on the discrete Fourier transf(iDfT) of WhenM samples of the ADC output are acquired, the
the corresponding ADC output codes is used to estithe ~ 'elationship between the frequendigandfs is

ADC dynamic parameters [1], [2,], [5], [6]. So, theost th_% 3)
employed methods for estimating the ADC dynamic fg M

parameters use the sinewaves as test signalssifidwgaves
are used because they are easy to generate iicpratthe Where J is the number of recorded ramp cycldsig an
frequency of interest with adequate fidelity. integer) and is the fractional part of the recorded cycles,
In this paper a time-domain method for dynamicO< & <1. Whend = 0 the sampling process is coherent with
characterization of ADCs by ramp testing signals ighe ramp input signall must be relative prime witM to
proposed. This method is an alternative to thetexigime-  test different ADC codes.
domain methods which use the sinewaves as tesalsign The rapport between the frequendiggndfs represents
The modern signal generators provide also, highurate the normalized frequency/= fi/fs.
ramp signals which can be employed to test the ADCs Moreover, to test all the ADC codes it is necabsam
By the proposed method ones of the most importarhave a number of samples which satisfy the follgwin
dynamic parameters of an ADC - signal-to-noise angondition [7]
distortion ratio (SINAD) and effective number oftdi M = 2" 1. 4)
(ENOB) can be estimated with high accuracy.

The performances of the proposed method are amhlyze TO estimate with high accuracy the dynamic pararset
by simulation. SINAD and ENOB of am-bit ADC by ramp testing signals

a method is proposed. This method consists inaheving
steps:



1) A ramp signal with amplitudd, frequencyf;, and offset
d (like the one given by the expression (1)) is agpht the
input of the ADC under test. The peak-to-peak valfiehe
ramp signal is set to ADC full-scale ran§&R.

2) M samples of the ADC outpy(0), y(Ty),..., Y(M-1)Ty)
are acquiredM must satisfy the condition (4). Alsd must
be relative prime withM.

3) The moduldr of the sample timets, = mTs are computed

t. =t, modT =(mT,)modT, m=012...,M-1.  (5)
Thus, the following vectot is obtained
t=[t 4 t,...t.] (6)

Then the elements of the vectdrare sort in ascending
order. Thus, the vectar, is obtained
f'a = SOFI(F) =[Fao E-al :[;2 "':[;(M -1)]

(7)

where sort(2) sorts the elements of vectarin ascending
order.
The sample valuesg(mTy), m= 0, 1, 2,..., M-1, are

reordering to correspond to the valué§, m=0, 1, 2,...,
M-1. Thus, the following vectoy, is obtained
Ya =[¥(to) Y(t) Y(E2) - Yty -y)] ©
8
= [yaO yal ya2 cee ya(M —1)]'
The elements of vectory, are plotted by points as a

function of the elements of vectfgr. This plot represents
also, the modulo-time plot of the acquired rammald8].

4) The modulo-time plot of the acquired ramp signal

obtained at the previous step is modified to achi@yplot in
which the points are represented in one periodpviahg a
line, beginning to the minimum (maximum) value §f
and up to the maximum (minimum) valueyofin the case
of an increasing (decreasing) ramp signal. For phoigpose
the elements of the vectotsand y, are reordering. Thus, it

follows the vectorst, and y,
-t: z[f;o f;l i-rz "'E(M—l)]

Yo =[y(to) y(t) y(t,) - y(t o)l
:[yro yrl yrz yr(M— )]

(9)
(10)

To understand much better how this modification bhaen
made in Fig. 1 is shown, in the case of a bipalaraasing
ramp signal, how the modulo-time plot of the rangnal,

¥. (t.) is modified to obtain the plo¥, (t, ).

ta(M 1) a

Ty

Fig. 1. (a) Modulo-time plot of a bipolar increasiny ramp signal;
(b) Modified modulo-time plot of a bipolar increasing ramp signal.

5) The best straight-line corresponding to the riedi
modulo-time plot is determined by means of the tleas
squared fitting algorithm

y=pt, +q (11)

where

trr?l_ l:rm
m=0 M m=0
and
T p M
= 2y E
PRz M[g -



6) The residual erraarr betweeny and Y, is computed |Af| 1

"~ . 20
er=y-y,. (12) fou2"d (&9
7) Finally, the dynamic parameters SINAD and ENGB a ¢ obtain small errors the valyemust be higher than 2,
estimated by A A i.e. 4 = 2. This leads to the following constraint for the
SINAD,, =20log [Y(M )' y(l)] [dB] (13) modulus of the relative error of the normalizedjtrency
V12 rms(err) Iaf| 1
Bl = (21)
and fo2my
rms(err) Due to the definition of the normalized frequenaythe
ENOB,, = n-Iogz[ } (14) limit situation we have
q/+12 o] _[af| | [af,| 22
in which rmsérr) is the rms value of the errerr andq is f fin £

the ideal ADC code width. )
where if|ffi, and pfJff; are the modulus of the relative
3. A CONSTRAINT IMPOSED TO THE MODULUS  ©rrors of the frequencidg andfs.

OF THE RELATIVE ERROR OF THE NORMALIZED We must point out that the constraint (21) is eessary
FREQUENCY condition for the Af|f because the performances of the

proposed method depend, as it follows from the $Bp
The performances of the proposed method depend up&Ron the accuracy of the peridd
the accuracy of the vectar values. From this reason the

input frequency and the sampling frequency mustrzevn
with very high accuracy.

4. COMPUTER SIMULATION

, The performances of the proposed method are arhlyze
We assume that the errors which affect the modale-t .y gimylation. The ADC output signal used in sintiokais

plot of the acquired ramp signal are caused onlythsy y(mTS)=x(mTS) +h(mTS) +e, (mTS),

inaccuracy off (the normalized frequency fs+Af). Based m=012... M-1 (23)
upon the determination of the modulo-time plot the e

difference between the values of the vecjgrand the ideal where:x(mTy) is simulated ramp input signal; fég —line,

ones is equal to the difference between the ADGpuiut X(MTy) is given by

signal samples and the ideal ones. The last difterdas (J+5)
equal to x(mT,)=2A —L(m+m,)- A -2A (k, -1)
e, (m)=2Am+m )af, m=012...,M-1. (15) M K =1,23,..
The squared rms value of the erepr, is given by h(mTy) = hy(mTy) + hg(mTy), in which hy(mTy) and

) 1M LE! 2 h3(st) are simula.ted.second and third harmonics(oiTy);
ey =Vn;)e”y (m)- ™M ngse”y(m) : (16)  for ky-line, hy(mTy) is given by

on 929)
After some calculus we obtain h, (mT,) = 4A, T(m+ m, )- A, - 2A, (k, -1),
2 2 =
a2 :M_ a7 k, =1,2,3,...
3 and forks-line, hy(mTy) is given by
To have very small errors caused by the inaccuchdy (J +5)
erryms Must bep times smaller than the standard deviation hy (mT,)=3A, T(m+m3)—0.5A2 - A, (K, -1),
of the ADC quantization error k,=1,2,3,...
-4 o L ,
el yms —T (18) e,(mTy) is simulated quantization noise.
V12 The amplitude of the ramp input signalAs = FSR/2 =
whereq = FSR/2" =2A/2". 2.5. The number of the recorded ramp cycle#s21. The
ADC tested has 8 bits. The number of the recordedptes
From (17) and (18) it can be established is M = 512. The ramp input signal and the harmonics are
1 characterized byy = 10,m, = 7 andn; = 3.
|af| =——. (19) The amplitudeA, is established as a function of the
H2'M parameter ENOB of the ADC under test.

The ADC sampling period i§ = 3us.

It is assumed that the quantization noise is umnifgr
distributed and quantization errors from samplesample
are statistically independent.

Based upon (3) and consideridgr 6 [1J, the modulus
of the relative error of the normalized frequergygiven by



d varies in the range [0, 1) with an increment of50.0
ENOB varies in the range [5, 8) bits with an incesmof
0.2 bits. A given ENOB value implies the amplitugeue
A2.

The parameters SINAD and ENOB are estimated by th¢
proposed method.

Fig. 2a shows the modulus of the relative erroithef
SINAD (esinap [%6] = 10QISINAD.srSINAD|/SINAD) as a
function ofd and ENOB. Fig. 2b shows the modulus of the
relative error of the ENOBefnog [%] = 100JENOB.s¢
ENOBJ/ENOB) as a function @ and ENOB.

i
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Fig. 3. (@) The erroresinap as a function ofd and relative error of
frequency fin; (b) The error genog as a function ofd and
relative error of frequency fiy.

Fig. 3 shows that the method leads to accuratéABIN
p and ENOB estimates whefif}|ffi, is smaller than 70 ppm.

02 g e Based upon the results obtained in Fig. 3 it feidhat
i the condition (21) is also a sufficient condition.

[Refative error of ENOB estimation| [%)]

Fig. 2. (a) The erroresinap as a function ofd and ENOB; 5. CONCLUSIONS

(b) The error genos as a function ofd and ENOB. In this paper a time-domain method for estimatings

: . of the most important dynamic parameters of an ABC
From Fig. 2 it followg that the parameters SINABda SINAD and ENOB — by ramp testing signals is progose
ENOB are accurately estimated by the proposed rdetho  »q 't is follows from simulation this method leads

ﬁs dpéecise(cjj above r:he performglcdefsfof the Proposeftcurate SINAD and ENOB estimates when the ramptinp
method depends upon the accurac@ndfs frequencies. signal frequency and the ADC sampling frequency are

Fig. 3 shows the erronap andeenos as a function of  qqwn with very high accuracy. A constraint imposed
0 and relative error of frequendy for the same ADC output y04yjus of the relative error of the normalizedyfrency is
signal (given by (23)), when ENOB = 7.4 bits an@ th 5i50 derived to ensure that the dynamic parametemn
relative error of frequencfy is 20 ppm. The relative error of Apc gre accurately estimated by the proposed method
frequencyfi, varies in the range [-70, 70] ppm with an  The proposed method does not require complex
increment of 5 ppm. This range was choosing becBiose  5|cylations. Moreover, the number of samples rezcgg0
(21) and (22) it follows that théf,|/fi, must be smaller than test all ADC codes is smaller in the case of a raegt
73 ppm to obtain high accurate results with theppsed  sjgnal than in the case of a sinewave test sigfrain these
method. reasons the proposed method can be an alternativieet



existent time-domain methods which use the sinewase
test signals.

The main drawback of this method is that this respia
very high accuracy ramp generator.
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