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Abstract — The paper develops a method for designing
and calibrating adaptive ADCs robust to internal
amplifiers gain errors. As part of the proposed solu-
tion, a simple method of postproduction measurement
of the actual gain values of amplifiers utilizing the
internal ADC, is proposed and analyzed. Efficiency
and particularities of application of the proposed
approach are discussed on the basis of the results of
computer simulations.
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. INTRODUCTION

The sub-ranging method [1]-[6] has been long and
widely used in A/D converters (ADCs), because it ena-
bles an excellent compromise between speed, resolution,
complexity and power consumption. One of key factors
limiting the quality of achievable combinations of per-
formance and exploitation characteristics of a sub-
ranging ADC is high sensitivity of its resolution to devia-
tions of amplifiers gains from the nominal values due to
manufacturing process variations [1],[2],[7]. This, on one
hand, leads to high requirements to the precision of am-
plifiers, which increases complexity, size and power
consumption of a sub-ranging ADC. On the other hand, it
necessitates introduction of redundancy in form of using
less than all of the bits obtained in subsequent cycles of
conversion, as the less significant bits may be invalid due
to these errors and need to be corrected with use of dedi-
cated digital algorithms [1],[2] which slows down the
speed of conversion. Our researches show that transition
to adaptive version of the sub-ranging converter [3]-[9]
creates possibilities of a more efficient tackling of the
amplifiers imperfections, allowing improvement of the
achievable overall (performance and exploitation) quality
of a sub-ranging ADC.

A. Principle of functioning of adaptive sub-ranging ADC

The principle of functioning of an adaptive sub-
ranging ADC can be described on the basis of the block
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Fig. 1. Block diagram of an adaptive ADC

diagram shown in Fig. 1. Its analog part is the same as in
conventional sub-ranging ADCs. The captured sample V
of the input voltage signal V (t) is held at the output of
the sample-and-hold unit (S/H in Fig. 1) during K cycles
(iterations) of conversion. In each k -th cycle, the input
voltage V is compensated by means of the feedback
signal V,*2*° delivered to the subtraction unit (£) which
forms the residue signal e, :

+,

& = v _Vks-?AC (1)
Voltage V,*>*° is the analog equivalent of the estimate
VH computed in the digital part in the previous cycle of
conversion and formed by means of the internal N, -
bit D/A sub-converter (SDAC). Variable v® denotes the
analog internal noises. The residue signal e, diminishes
in subsequent cycles and therefore is amplified using the
appropriate, depending on the cycle number, internal
amplifier (from a bank of amplifiers) with gain C, corre-
spondingly increasing in subsequent cycles. The ampli-
fied residue signal e, is quantized by an internal coarse
flash A/D sub-converter (SADC) with resolution N, -
bit (2-6 bits), to give the sub-code (“observation”) §¢A°
The sub-code §*°° is used in the digital part of the con-
verter to determine the code (estimate) of the input sam-
ple according to the following relationship:
Ve =V + L% - LC, (Vk—l _Vks-?AC) ) 2
where L, is a digital coefficient whose value corresponds
to the value of the gain C,. The last term in (2)
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compensates the effect of truncation N, - Ny bits of
estimate V,_, before it is used to form its analog equiva-
lent V5 by means of SDAC ( Ny, > Neoae >> Noaoe )-

It is worth noting that in conventional sub-ranging
ADCs the output codes \7k are formed using components
performing simple low-level bit operations, whereas in
the adaptive sub-ranging ADC, the codes \7k are actually
calculated in a simple computing unit

B. Choice of adaptive ADC parameters C, , L,

One of the main problems addressed in hitherto re-
searches (e.g. [3]-[6]) on the adaptive ADC was its opti-
mization, i.e. development of the methods of determining
optimal values of the amplifiers gain coefficients C, and
corresponding coefficients L, in algorithm (2), such that
minimize MSE of conversion, or equivalently maximize
ENOB (effective number of bits) in each cycle of conver-
sion. The main findings of [3]-[6] and other works, can
be summed up as follows. In the pre-threshold interval of
cycles of conversion (k <k*), in which ENOB grows
linearly, the optimal coefficients C,,L, can be deter-
mined using the following equation:

D

- , L.=C*, @3

© Aspoc 1(2:C 1) +Agpnc /2+a\ﬁ0'a =6

where D is a half of the input range [-D, D] of SADC
(coinciding with input ranges of SDAC and of adaptive
ADC); Agpe =D-27Msee™® and Ay, =D-2 Meowe™
are the quantization intervals of SADC and SDAC, re-
spectively; o7 is the variance of internal analog noises;
o denotes the saturation factor dependent on the as-
sumed permissible probability « of saturation of SADC
(u#<1). Inthefirstcycle C,=D/(D+Agu/2+00,) .

The threshold number of cycles k* can be assessed
as the minimal value of k for which:

Agoe 1 2-C ) <aN20, +Age 12 . (4)

In the post-threshold interval of cycles of conversion
(k>k*), in which ENOB grows more slowly - loga-
rithmically, the gains C, can be fixed, but the coeffi-
cients L, should be continually adjusted as follows:

D A, PR
Ce=C = 2 2’ Lk:Ckl[l_P_le
A2 1124257 -1

CeRes
Oﬁ +Ck2 (AéDAC 112+ O-: + Pk—l) ,

=R~ (%)
where 052 denotes the variance of the SADC quantization
noise. Initial condition for (5) is P. = A%, /12+207 .
An adaptive ADC designed according to the algo-
rithm (2)-(5) is optimal in absence of the analog part im-
perfections but very sensitive to them when they appear.

II.  RELATED RESULTS IN THE LITERATURE

This work develops the results of [3]-[6] and other
works, concerning examination of the particularities of
functioning of the adaptive sub-ranging ADCs and their
optimization. It investigates a problem of development of
efficient methods of reduction of the influence of analog
components imperfections on the quality of conversion
that was addressed in many works concerning conven-
tional sub-ranging ADCs, e.g. [1],[2], as well as in recent
works concerning adaptive ADCs [8],[9].

Let us notice that the error of the amplifier gain in
a given cycle k of conversion increases the range of sig-
nal e,,, in the following cycle, which in turn increases
the probability of saturation of the internal converter
SDAC, and the probability of appearance of a large error
in the final estimate V, . To keep the probability of ab-
normal errors below the permissible value, one needs to
diminish the nominal gains C, . In known sub-ranging
ADCs, for this purpose, the gains of the amplifiers in
particular cycles are reduced by half [1],[2], which dec-
rements the speed of conversion by 1 bit per cycle. This
decrement by half, although excessive, is unavoidable
due to the principle of forming the output codes in con-
ventional sub-ranging ADCs. Determining the output
word as a juxtaposition of codes of successive observa-
tions §*°° imposes a constraint on possible nominal
gains values limiting them to exact integer powers of two
(as shifting a binary number by several positions is
equivalent to a decimal multiplication by an integer pow-
er of two).

In sub-ranging adaptive ADCs, thanks to a different
method of codes forming — actual computing estimates
V, inacomputing block, the constraint on possible gains
values is removed. The latter creates the possibility to set
the gains C, to arbitrary values, in particular to values
that are not lower than just sufficient for elimination of
SADC saturations due to amplifiers gains errors. This
possibility was first utilized in [8] and the initial results
obtained in [8] are further developed in this work.

Ill.  DESCRIPTION OF THE METHOD

The method for making adaptive ADC robust to gain
errors is based on the approach proposed in [8] and con-
sists of two stages. The first, pre-manufacturing stage,
consists in determination of new, adequately diminished
values of nominal gains that take into account the devia-
tions of the amplifiers gains modeled as follows:

Céam =C (L+ecy), (6)

where C® C, are the actual and the nominal amplifier
gain values in cycle k, respectively. The variable &, is



the relative gain error assumed to be a zero mean random
value limited to the interval [-5;,4.].

The second, postproduction stage consists in measur-
ing the actual gains C;* and setting coefficients L,
accordingly: [ = (€)™, Extending results of work
[8], let us additionally consider at the pre-manufacturing
stage, the possible inaccuracies of estimates C*, which
affect coefficients [°, using the following model:

~ -1
G =(C) Qe ()

Variable & , is the relative difference between
(e = (Ce)*  and the adequately set coefficient
L& = (C*)™, resulting from the inaccuracy of estimate
CeY; g , is assumed to be a zero-mean random value
limited to the interval [-5, .6, 1.

Let us now briefly describe the way of determination
of adequately diminished nominal gains, taking into ac-
count errors (6), (7). First, we determine the values
Ci ..,C& | optimal in absence of analog part imper-
fections, using the methods developed in [5],[6] and other
works. These gains are used as a basis for determination
of coefficients C® lower than C™",..,C{", but not
more than necessary to exclude SADC saturations due to
gain errors with probability not less than the value 1- u
assumed in determination of C",...,C%" . The nominal
gains C™,..,C&" have been chosen in such a way that
in absence of analog part imperfections the signal C""e,
is fitted to the input range [-D, D] of SADC, i.e. the gains
values CI",...C&" are maximal among values that
fulfill the following condition:

Pr{ICe [>D}=<u. (8)
The latter allows use of the following approximation:
C™ .max|e|~D. 9

Taking into account (9) and the expected identical equali-
ty for corrected gain C™® and signal e, in presence of
gain and gain estimation errors (denoted as &, ), we ob-
tain the following general formula for the coefficient y,
reducing the gain C™" to the maximal safe value C{**®:

G D maxlg| _maxe|
S c* maxfg|] D

Yk (10)

maxe,|

Using the last term in (10) as well as formulas (1), (2),
the second equation in (3), (6) and (7), one can obtain
formulas for the corrected gains C™ presented in
Tab.1 (to which we further refer to as correction
(Tab. 1)) that take into account maximal relative errors
6. and o, . For o, =0, taking into account that in
most cycles Ag,e /2+an20, << Agpe 1 (2CT), we
obtain the following approximate recursion:

Csafe 1_5
C((saf(e)* ~ C(ref) [L c ] , (11)
1<k<k k Cl 146,

which shows the general “mechanism” behind the gain
reduction realized by formulas (Tab.1) solely due to gain
errors &, . It responds to such factors influencing the
range of signal e, in given cycle k as: diminishing of
previous nominal gains to the maximal safe values (factor
c&® ¢, gain error in the previous cycle increasing
error of estimates V,*2*° in (1) (factor 1— 6, ) and possi-
ble positive gain error in the current cycle resulting in
overamplification of signal e, (factor 1/ (1+4.)).

Assuming 8,=0, Agpe/2+a20,<< Ay /(2C, ),
we obtain the approximate recursive formula:

(ref) (ref)

-1
safe ref C — _
C§<kf<)k* ~ ClE K ’ [L ' (1+ 6L,k—l) + % ’ 5L,k_1j 7 (12)

(safe)
Ck—l k-2

allowing analysis of the reduction solely due factors con-
nected with non-ideality of measurement of C® result-
ing in &, . The diminishing factor in (12), similarly like
its counterpart in (11) for a given J., depends on the
extent of diminishing of the previous gains (factor
C" /CZ%) and on the error &, , , in the previous cycle
(term 1+6, ,,). Moreover, in (12), there appears an
additional term (C"’ /C&%)-8,,, resulting from ap-
pearance of a relatively large error term &, , , <&, / C{"
in estimates V,*>* in (1), which makes the influence of
inadequacy of coefficient L much stronger than the
influence of gain errors to a large extent reducible by
setting coefficients L, in tune with C*: L= (C*V)™.

Tab. 1. Corrections of nominal gains c",...,c" that adequately diminish them to maximal safe values

(ref)
C(safe) _ C(ref) 1 C(safe) _ C(ref) . 1 . ASADC /<2C1 ) )+ASDAC /2+OC\EO'a
1 =™ J 2 =2 )
1+, 1+6, A 1+6,
¢ ¢ 5LD+2§§§5)((1;1))+(1+5L,1)~AS;A° +a, }2+25L,1+5§laa
1 e
C ) _ o (reh) 1 Aspoc /(ZCIEr—elf))—i_ASDAC /2+a\ﬁaa K> 2
k =k : , >2.
1+5C 5L,k—lASADC ASADC (1+6L,k—1)

+(1+ 5LVH)~AS%+ a\/2(1+ St 00 )aa

2604 (1-5,) 20 (1-0,)
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Once manufactured, the adaptive ADC in design of
which the nominal gains were corrected using (Tab.1),
has to be calibrated. Its calibration consists in measure-

ment of the actual gains values C*", and setting the
coefficients L, to the values calculated on the basis of
the estimates C(“‘) using (3),(5). To facilitate the post-
production adjustments we propose to implement a spe-
cial calibration mode in the adaptive ADC. In this mode,
the feedback is switched off (output of SDAC is zero)
and the adaptive ADC works as a flash ADC with gain
C® | depending on which amplifier is chosen. Instead of
determining the gain C®" of a given k-th amplifier
(L<k <k") directly, we determine the gain of the block
“amplifier + SADC” which has the same gain C** and
the transfer curve shown in Fig. 2. For this purpose, we
can use one of the methods for evaluation of ADC gain
and offset described in IEEE Std. 1241 [10], either the
independently based or the terminal based method de-
scribed in Sects. 7.4.1 and 7.4.2 of [10], respectively. Our
researches show that the use of latter, much simpler one
requiring measurement of only two extreme thresholds
T.[1] and T,[2"ec —1], (marked in Fig. 2 with blue), is
in many cases sufficient and hence, will be considered in
this work. The extreme thresholds can be measured by
identifying transitions of the codes at the output of SADC
in response to known voltages delivered to the input of
the adaptive ADC. On the basis of T[1] and
T [2"#c —1], one can calculate the gain estimates C(*
using the formula (37) from [10]:

2 Nsapc

ASADc ( — 2) )
T [2"e —1]-T,[1]

S (act) _
oY =

(13)

An algorithm for estimation of the gains C* ac-
cording to (13) and succeeding calculation of the coeffi-
cients I:k can be implemented in the digital part of the
adaptive ADC as a semi-autonomous calibration proce-
dure. In this case, values of the testing voltages have to be
saved in the memory of the adaptive ADC.

If value o, was taken with a relevant excess, possible
gain error of SADC will not worsen the efficiency of the
calibration procedure. The main practical issue needing
attention is the choice of the step AV, , of the sequence
of testing voltages. Too large a step will result in worse
estimation of the thresholds, and, in effect, of C®%,
which will cause drop of ENOB, too little will unneces-
sarily complicate and increase duration of the calibration
procedure. Analysis of this issue allowed us to obtain on
the basis of (13), the dependence between the step AV, ,
and maximal relative error o, , of [ (7) calculated
using C*" whose error is determined byA

cal, k

AVl:al,k F _
y P —

F

Nsapc
A SADC (2

ASADC (ZNSADC '2) ~
Césafe)

( 2) (19)
Céact)

§L,k =
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Fig. 2. Transfer function of the block “amplifier + SADC”

To ensure neglectible influence of the relative error
6, on ENOB of the adaptive ADC, i.e. to provide that:

max‘AV

<
O x>0 =

(15)

< max|AVk

S k=0

where AV, =V, -V, we established, using (2),(7), the
following requirements for &, , :

Aspoc /(zcl(safe)) +ao, fork =1
D Agpoc
1+6, 2CE® !
§ka = ¢ ' safe (16)
Agppc 1 (2C7°) +ao, fork >1.
Asppe Agioc | Aspac ’
206 " pcEm T T 2o,

Combining (14) and (16), allows obtainment of the direct
requirements for the value of the step A

cal k

AV,

ax =0 Fe =(/1~errL'k)'Fk, A<<1l, (@17)

under given coefficient A regulating the extent of ful-
fillment of (16); err_, is equal to value of the expression
on the right side of inequality (16). Closer analysis of
(17), (14), (16) shows that the required step AV_,, de-
creases approximately C, times per cycle.

The ranges Z, and Z, of the calibrating discrete
ramp signal guaranteeing successful determination of the
lower and the upper extreme threshold in (13), respective-
ly, can be determined using the following dependence:

Zuu —{ } (18)

For g =1, formula (18) gives the ranges of possible
values of the actual thresholds resulting from &, howev-
er, the assumed method of their estimation and preferably
larger step AV,  necessitate taking S =2.

A different approach to postproduction calibration of
adaptive ADCs with gains errors was investigated in [9].

cal k

sADC (2NSADC -1 l)
C(safe) (1+ﬁ 5 )

. SADC (2NSADC -1 _1)
Cf(safe) (1¢ﬂ'5c)




IV. RESULTS OF SIMULATIONS

The developed method for design and calibration of
adaptive ADCs robust to amplifiers gains errors was used
in development of relevant models of the adaptive ADC
in MATLAB. The potential advantages from application
of the proposed approach were assessed on the basis of
analysis of changes of ENOB calculated in accordance
with the IEEE Std. 1241 [10]:

FSR

NAD, V12

as a function of two variables - number of cycles
k=1..10 and maximal relative gains errors o
changed from 0 to 10%. FSR=2D in (19) is the full-
scale range of the adaptive ADC and NAD, is the rms
value of noise and distortion [10]. ENOB (19) was calcu-
lated on the basis of the results of conversion of the same
(in all experiments) sequences of signal samples V™
(m=1..,M), M =100,000, uniformly distributed in
the entire input range of the adaptive ADC. We assumed
step-wise models of SADC and SDAC with resolutions
Ngaoe =4 and Ng,,. =12, respectively; other parame-
ters had the values: FSR=2V, a=4, V, =0, analog
noise v® was modeled as a white Gaussian noise,
o, =10 uV. For these values of parameters k™ =4. The
actual gains errors were modeled according to (6); to en-
able comparison of the results for different values &, , in
all experiments instead of random values, we used the fo-
llowing pseudorandom sequence of errors &, : -0.9- 5,
0.8-6., -0.6-0., 0.7-5, for k=1,...,4, respectively.

Trajectories of ENOB in Fig. 3a were obtained for
adaptive ADC employing the standard algorithm (2)-(5).
The reason of the observed serious decrease of ENOB
values with growing gain deviation ¢, is fast increasing
frequency of saturations. There can be seen no interval of
tolerance — errors of relative magnitude of less than one
percent cause a significant decrease of ENOB, which
confirms that the adaptive ADC realized according to (2)-
(5) is very sensitive to gains errors.

Plots in Fig. 3b-d correspond to the adaptive ADC
with nominal gains reduced according to (Tab. 1), after
calibration performed according to the description in
Sect. Ill, for different values of parameter A regulating
the extent of fulfillment of (16). In order to determine the
values of the thresholds to be used in (13), we used input
voltages in the ranges (18), with g =2, which allowed
significant reduction of sizes of the calibrating sequences.
The corrected nominal gains C® and steps AV,
were determined according to the following algorithm:

1. Assume initially 5, , =0.

2. Find values C{*® using &, and (Tab.1).

3. Determine values o, for the given A, using

C™® and (16): 5, =A-err,,.

ENOB, =log, [

], NAD, = %i(\;k<m)_v(m>>2’ (19)
m=1
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4. Repeat steps 2-3 until values C™™ stabilize.

5. Determine AV, using &, ,Cand (17), (14).

The efficiency of the developed method for design
and calibration of adaptive ADCs robust to amplifiers
gains errors can be assessed by comparing plots in Fig.
3b-d to the reference trajectory of ENOB in Fig. 3a for
6: =0, which is the upper limit of adaptive ADC per-
formance achievable in absence of gains errors. For
A=1% (Fig. 3b), we observe almost full restoration of
growth of ENOB for all &.. The gentle decrease of
ENOB with growth of gains deviation J. is caused by
the necessary, increasing with J. and accumulating in
subsequent cycles, adequate reduction of the nominal
gains according to (Tab. 1). For A =10%, which allows
10 times larger step AV, ., the loss of resolution com-
pared to 1=1% is only by a fraction of a bit. For
A =50%, there can be observed a more significant loss
of ENOB, by about 1.5 bits in the last cycle. The results
show that the choice of 4=10%, provides a good com-
promise between complexity of calibration procedure and
achievable performance of the calibrated adaptive ADC.

Comparing the trajectories of ENOB in Fig. 3a-d for
o: =0, one can observe the strong influence on accuracy
of estimates V, of sole error O, resulting from the as-
sumed value y . For a given A, according to (17), (16),
6, needs to be 5-20 times smaller: for A =1%, o, ,
(0.06%,0.2%) ; for A=10%, o, (0.6%,2%); for
A=50%, o, €(3%, 9.5%). For given A and &, va-
lue 6, increases with the cycle number k, which indi-
cates its strongest influence on V, errors in initial cycles.

The results presented in Fig. 3 confirm the capability
of the proposed approach to reduce the negative influence
of the gains errors in a noticeably wide range of their
magnitude. In the simulations corresponding to Fig. 3b-d,
there were registered no cases of signal C*e, exceed-
ing the input range of SADC, which additionally con-
firms validity of gains corrections (Tab. 1) and formula
(17) for required (maximal) step of the calibrating signal.

V. NOVELTIES IN THE PAPER

The novelty of this work is development, as well as
simulational verification, of an efficient method of de-
signing and calibration of adaptive sub-ranging ADCs
robustified against amplifiers gains errors. The method
facilitates compromise between achievable performance
(ENOB) and simplicity of the calibration procedure, by
taking into account errors of actual gains measurement.

VI.  CONCLUSIONS

In the paper, there was proposed a method for manu-
facturing adaptive sub-ranging ADCs robust to amplifiers
gain errors, with the ENOB obtained in each cycle not or
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Fig. 3. ENOB of adaptive ADC: employing the standard algorithm (2)-(5) (a); with nominal gains corrected according to (Tab. 1),
after calibration, with coefficient 4 regulating the extent of fulfilment of (17) equal to: 1% (b), 10% (c), 50% (d)

only little worse than achievable in the case of ideally
realized amplifiers. Efficiency and feasibility of imple-
mentation of the proposed method was verified and ana-
lyzed using simulations. A more general conclusion of
the paper is that transition to adaptive version of the sub-
ranging ADC creates the possibilities of a more efficient
solution of the problem of strong influence of gain errors
on performance of the sub-ranging ADCs than the nowa-
days used. In effect, there can be reduced the require-
ments concerning precision of the amplifiers.
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