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Abstract—This paper presents a background calibration scheme
for pipelined analog-to-digital converters (ADCs) that is robust and
has short calibration time. For a switched-capacitor (SC) pipeline
stage, by splitting its input sampling capacitor, a random sequence
can be injected into the ADC’s signal path, and then calibration
data can be extracted from the ADC’s digital output without in-
terrupting its normal conversion operation. Using an input-depen-
dent scheme to generate the calibration random sequence, no ad-
ditional signal range is required to accommodate the extra cali-
bration signal. Furthermore, using random choppers to scramble
signal can ensure that all necessary calibration data can be col-
lected within a given time regardless of input conditions, resulting
in a more robust ADC. A split-channel ADC architecture is pro-
posed to reduce the calibration time. The split-channel ADC con-
sists of two A/D channels that receive the same analog input but
employ different random sequences for calibration. The calibra-
tion time can be greatly reduced by comparing the digital outputs
from both channels and then removing the embedded perturba-
tions before extracting the calibration data. The proposed calibra-
tion techniques are analyzed by using both theoretical formulation
and system-level simulation.

Index Terms—Analog-to-digital (A/D) conversion, calibration,
digital background calibration, mixed analog-digital integrated
circuits.

1. INTRODUCTION

IGITAL background calibration techniques have been
Dapplied to pipelined analog-to-digital converters (ADCs)
to improve resolution and/or reduce power dissipation [1]-[3].
A pipelined ADC comprises several cascaded pipeline stages.
Each pipeline stage includes a sub-ADC to quantize the stage’s
analog input. The digital output of the sub-ADC then drives
a sub digital-to-analog converter (DAC) to generate a cor-
responding analog signal. The analog output of the pipeline
stage is generated by subtracting the sub-DAC’s output from
the stage’s analog input and then multiplying the residue by
a constant gain factor. Considering only the linear term of
the stage’s transfer function, to calibrate a pipeline stage is
to measure the conversion characteristic of the sub-DAC and
the gain factor of the pipeline stage. The calibration data are
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then used to correct the ADC’s digital output, yielding a linear
analog-to-digital (A/D) conversion characteristic.

The background calibration schemes mentioned above can
conduct the necessary calibration procedures while the ADC
is performing its normal A/D conversion operation. In some
schemes, extra calibration signal is injected into the signal path
and thus additional signal range is required [1], [2]. Although
there are schemes that require no extra signal range by changing
the circuit configuration of pipeline stages [3], they are not ro-
bust. A calibration scheme is called robust if its effectiveness
does not rely on the statistics of the input samples, and if all cal-
ibration data can be obtained within a given time regardless of
input condition. Furthermore, all the schemes mentioned above
require long calibration time since they are correlation-based
designs, which require a huge amount of samples to extract cal-
ibration data while large interferences are present. For a N-bit
ADC, the number of required input samples is on the order of
22N 111, [4].

There are other calibration schemes that require a much
smaller number of samples for calibration [4]-[7]. They all
need more than one A/D channels. There are schemes that use
a reference ADC to calibrate the main ADC [5], [6]. Those
schemes are not robust and require an additional accurate
albeit slow reference ADC. Other fast calibration schemes use
a split-channel ADC architecture, in which two parallel A/D
channels quantize the same analog input simultaneously [4],
[7]. At the same time, the two A/D channels are subjected to
different calibration arrangements by either injecting different
calibration signals or arranging different circuit configurations.
It is possible to calibrate both A/D channels rapidly by ex-
ploring the correlation between their respective digital outputs.
The previously published split-channel calibration schemes
have only been applied to cyclic ADCs [4], [7]. The scheme
described in [4] cannot be applied directly to pipelined ADCs.
Although the scheme described in [7] is intended for pipelined
ADC:s, it is not robust. In addition, it neglects the gain and offset
mismatches between the two A/D channels, which lessens the
advantages of the split-channel architecture. The mismatch
effect becomes more severe when calibrating internal pipeline
stages further away from the input.

In [1], the pipelined ADC was assembled with radix-2 1.5-bit
switched-capacitor (SC) pipeline stages. For those pipeline
stages subjected to calibration, their input sampling capacitors
are split into several equal fragments. A random sequence is
injected into one of the capacitor fragments. It is then possible
to calibrate the pipeline stage without interrupting its normal
A/D conversion. Although this calibration scheme is robust,
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Fig. 1. Pipelined ADC.

it extends the output signal range of pipeline stage under
calibration. A compromise has to be made between the number
of capacitor fragments and the extra signal range. A larger
number of capacitor fragments can release the extra signal
range requirement at the expense of longer calibration time.
Moreover, this correlation-based scheme inevitably requires
long calibration time.

In this paper, we extend the work of [1] and eliminate its
deficiencies. An input-dependent generation of the calibration
random sequence is proposed to minimize the number of capac-
itor fragments while eliminating the extra signal range require-
ment [8]. Random choppers are added to maintain the robust-
ness of the calibration scheme. Finally, a new split-channel ADC
calibration technique is proposed to greatly reduce the number
of required samples for calibration.

The rest of this paper is organized as follows. Section II gives
a brief review of the calibration scheme of [1]. Section III intro-
duces the proposed technique to generate random sequence used
in calibration. Also detailed in Section III are corresponding
techniques for calibration data extraction, ADC calibration pro-
cedures, and ADC output encoding. Section IV describes the
reason for adding random choppers. Section V describes the
proposed split-channel ADC calibration and its digital signal
processing procedures. Section VI presents a 15-bit pipelined
split-channel ADC design example. Finally, Section VII draws
conclusions.

II. SPLIT-CAPACITOR CALIBRATION SCHEME

The general form of a pipelined ADC is shown in Fig. 1,
which consists of P pipeline stages. For the jth stage, its
analog input, V;, is quantized by an internal sub-ADC. Its
digital output, D;, drives an internal sub-DAC to generate a
corresponding analog signal, V**(D;). The value of V(D)
is an rough estimate of V. The jth stage’s analog output, V11,
can be expressed as

Vigr = Gj x [V; = Vi (Dy)] . (D

The V;; outputis an estimation residue obtained by subtracting
V2(D;) from V;, and amplified by G; gain factor. If G; and
dea(D]-), for j = 1,---, P, are known, the ADC’s backend
encoder can correctly estimate the ADC’s input, V3, using the
digital outputs from all pipeline stages, Dy, Dy, -, Dp.

Fig. 2 shows a radix-2 1.5-bit SC pipeline stage and the
corresponding conversion characteristic of the pipeline stage
is shown in Fig. 3. The sub-ADC comprises two comparators
with thresholds at +0.25V,. and —0.25V/., respectively. When
¢1 = 1, the Vj input is sampled on capacitors C'¢ and Cj, and
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Fig. 3. Conversion characteristic of Fig. 2’s pipeline stage.

D; € {-1,0,+1} is determined by comparing V; with the
+0.25V,. and —0.25V,. references. When ¢o = 1, the V;
output can be written as

Vis1 =G x [Vj - Vi(Dy) - st} )
with
A C, + Cf 1
Gj = C.+C;+C 3
Cr R e
. C,
Vi (D) =V, - x Dj. @

C,+C f
In (3), Ag is the opamp’s dc voltage gain and C), is the capaci-
tance associated with the opamp’s negative input node. The V*
term represents the offset of the jth stage, which summarizes
the offset effect due to the input-referred offset voltage of the
opamp, the charge injection from the analog switches, and the
offset of the sub-DAC. Due to component mismatches and vari-
ations in fabrication process, supply voltage, and temperature,
both G; and dea(D ;) may deviate from the expected values of
G and V{#(Dy), respectively.

As detailed in [1], calibration of the jth pipeline stage in-
volves measuring the magnitude of R;(D.), which is defined
as

R;j(De) = Gj x Vi*(De) ®)
where D, is any possible value of D;. The transition height
of the V; — V4 transfer function in Fig. 3 is the step size of
R;(D.) when the D, digital code is changed by one. During
calibration, R;(D.) is measured and digitized by a backend
pipelined ADC which comprises the (j + 1)th, (j + 2)th,- - -,
and Pth pipeline stages.
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Fig. 4. Split-capacitor SC pipeline stage suitable for background calibration.

The split-capacitor SC pipeline stage shown in Fig. 4 can
be used to measure and quantize R;(D.) of (5) without in-
terrupting its normal A/D operation [1]. The capacitor C; is
split into two fragments of equal value, C; ; and Cj 2, such that
Cs = C5,1 4+ Cs2. When ¢ = 1, all capacitors are connected
to sample the V; input. When ¢, = 1, the ¢ - V. voltage is
connected to one of the C; fragments, C ;, where ¢ € {1,2},
while the D; - V; voltage is connected to the other C; fragment.
The q signal is a digital binary-valued sequence generated from
a pseudo random generator. A random sequence with a magni-
tude of R;;(D.) is injected into the signal path of the pipeline
stage. The output of the pipeline stage can be expressed as

Vitr = Gj x [V = Vi(D;) = Vi*] + Rji(D.) x (D; = q)
(0)

where
Cs K

Rj,i(DC) = RJ'(DC) X C.

(N
and D. is either +1 or —1, depending on the polarity of ¢q. To
measure R;;(+1), ¢ alternates between +1 and 0. To measure
R; ;(—1), g alternates between —1 and 0. Using the techniques
described in Section III-B, magnitude information of R; ;(D.)
can be extracted in the digital domain. Then, the magnitude
information of R;(D.) can be obtained by using R;(D.) =
Z'i, R;;i (De).

Fig. 5 shows the transfer characteristic of the split-capacitor
SC pipeline stage of Fig. 4, and the transfer function of the
pipeline stage now depends on the state of ¢. Introducing the
q sequence increases the required voltage range of V;1. If the
V; input is confined between 0.5V, then the V;1 output ex-
pands between +V,., comparing with the +0.5V,. span of the
Fig. 2 design. The extra output range requirement can be re-
duced by splitting C's into more fragments, but at the expense
of longer calibration time [1].

III. CALIBRATION WITH INPUT-DEPENDENT “gq”

In this section, a new scheme for generating the q random se-
quence is proposed to eliminate the extra output range demand
of the split-capacitor pipeline stage of Fig. 4. The ¢ generation
scheme is introduced in Section III-A. Its corresponding calibra-
tion data extraction is described in Section III-B. General proce-
dures to calibrate the entire ADC are detailed in Section III-C.
Encoding and performance evaluation of ADC’s digital output
are discussed in Section III-D.

1215

vi+1

-0.75V, -0.5V, -0.25V, +0.25V, +0.5Vy .~ W gat
................................ ~ g=0
................... ~7 ¥ g=+1
> Vi
Fig. 5. Transfer characteristic of Fig. 4’s pipeline stage.
| o Generator |—> q
+I+I I +I+I I +I+I I
| | | 2 C
+0.5V, |-05V, 0 y }
Vi
+025V, | - 025V, 1 —Vjs1
| -—/3_0{5,1 1
2
+I+| ] +'+| [ Ve XDj _Z
1
—/ Cs,2
2
Ve xq —

v.
-0.75V, -0.5V, -0.25V, i+ +0.25V; +0.5V, +0.75V,
/
eve b LS R
q:O
+0 5Vr """""""""""" PR P B / """""" PUSEE
g=-1—_."" 1 .~ . “<—Qq=+1
° p > Vi
—0.5Vy e I T — L2 I TURRRRURRRT
=V e |
Dj -1 ‘ 1] | +1

Fig. 7. Transfer characteristic of Fig. 6’s pipeline stage.

A. Input-Dependent “q” Generation

The output range of a split-capacitor pipeline stage can be
manipulated by input-dependent ¢ generation schemes [8], [9].
The proposed technique is illustrated in Figs. 6 and 7. Com-
paring with the Fig. 4 pipeline stage, the one shown in Fig. 6
adds three more comparators. They compare the V; input with
three references at 0 and +0.5V,.. The comparison results are
then used to determine the g sequence. The algorithm to control
the ¢ generation is illustrated in Fig. 7 and described as follows.
The V; input range is divided into four different regions, A1, A2,
B1, and B2, with boundaries at 0 and +0.5V,.. When V; appears
in the A1 region, g can only alternate randomly between +1 and
0. When V; appears in the A2 region, g is always +1. When V}
appears in the B1 region, g can only alternate randomly between
—1 and 0. When V; appears in the B2 region, ¢ is always —1.
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Fig. 8. Background calibration block diagram.

The resulting transfer characteristic for the new pipeline stage is
shown in Fig. 7. The voltage range of the V11 output can now
be confined between £0.5V}. as long as the V; input is confined
between +0.75V..

B. Rj;; Extraction

Fig. 8 shows the scheme to extract R;;(D.) in the back-
ground during normal A/D operation. The z-ADC digitizes
Vi+1 and generates a corresponding D, digital code. The
z-ADC is the backend portion of the pipelined ADC, com-
prising the (5 4 1)th, (§ + 2)th,- - -, and Pth pipeline stage. The
relationship between V;; and D, is defined as

G.
‘/}+1:é_XDz+Oz+Qz- (8)

z

This A/D conversion has a gain error of G, / éz, an offset of O,
and a quantization error of @) .. Here, G, represents the specified
stage gain factor and G. is the realized stage gain factor [1].

The R;;(D.) is then extracted from the ¢’ X D. correlation
in the digital domain. The ¢’ sequence has the same waveform
pattern as g, except its value alternates between +1 and — 1. The
¢’ x D, product is integrated on an accumulator. The resulting
W, :(D.) digital output is taken out only after M samples of
integration, where M is the period of the ¢ random sequence.
After averaging the samples over the entire M cycles, it is as-
sumed that E[¢'] = 0 and E[q X ¢'] = 1/2.

Note that, for a given pair of j and ¢, R; ;(+1) and R; ;(—1)
are extracted simultaneously. Two separate I2;; extractors are
required. Each D, sample from the z-ADC is either discarded or
directed to one of the extractors according to the corresponding
V; value. Two separate pseudorandom number generators, ¢,1
and ¢,-», are used to generate the ¢ sequence. If V; appears in the
Al region, ¢,-1 advances by one step, ¢ adopts the g,-; value, and
the corresponding D, is added to the R; ;(+1) extractor. If V;
appears in the B1 region, ¢, advances by one step, q adopts the
¢r2 value, and the corresponding D. is added to the R; ;(—1)
extractor. If V; appears in either the A2 or the B2 region, both
¢r1 and g, are frozen, q is set to either +1 or —1, and the corre-
sponding D, is discarded. Assuming that the R; ;(41) extractor
has received M samples for ¢+ = 1, it can be reconfigured im-
mediately for ¢ = 2, without waiting for the R; ;(—1) extractor
to collect all its M samples.
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The R;,; extractor’s output, W;,;(D.), is an estimation of
R; ;(D.). It can be expressed as

G. .
G— X Wj,i(Dc) = Rj,i(Dc) = Rj,i(Dc) — AR]',,L'(DC). (9)

The AR;;(D,) variation term is caused by the perturbation
of the normal A/D residual signal in V;;. Assuming that this
residual signal is uniformly distributed between 0 and +0.5V,.
or between 0 and —0.5V/,., its average power can be approxi-
mated to V,?/48. The correlation, integration, and dump func-
tion within the extractor can reduce the effect of this perturba-
tion power by a factor of M. Thus, the variance of AR; ;(D.)
can be expressed as

1 ‘f2
2 Y o I
0“(AR; ;) X 15 (10)

Once W; ;(+1) and W; ;(+1) forall ¢ € {1, 2} are extracted,
the W;(D,) calibration data are calculated by using

W;i(De) = Wji(De) + Wj2(De) Y
where D. € {—1,+1}.Incase of D, = 0, one can let W;(0) =
0. The relationship between W;(D.) and R;(D.) can be ex-
pressed as

& X WD) = y(D.) = By(Do) - ARy (D),

z

12)

Since R;j(D.) = R,;1(D.) + R;2(D.), the variance of
AR]'(DC) is UZ(AR]') = ZUZ(AR]',,;).

C. ADC Calibration

For a pipelined ADC, there is no need to calibrate all the
pipeline stages. In practice, only the first K stages are sub-
jected to calibration. Accuracy of the remaining pipeline stages
are ensured by circuit components’ inherent characteristics. At
the beginning, W;(D..) forall j € {1,2,---, P} and all D, €
{-1,0, 41} are initialized by setting W;(D.) = G; x D... After
the initialization, calibration proceeds backward and sequen-
tially from the K'th stage toward the 1st stage in every calibra-
tion cycle. Calibration of the K'th stage updates both Wi (+1)
and W (—1) using the techniques described in Section III-B.
The new W (D..) data are then used in calibrating the (K —1)th
stage. The procedures are repeated until the first stage is carried
out. The next calibration cycle begins by calibrating the K'th
stage again.

When calibrating the jth stage, the D, digital output of the
corresponding backend z-ADC is obtained by using the fol-
lowing equation:

Won(Dim)

D, = .
Git1Gjp2- G

m=j+1

13)

The D, output is encoded with the sub-ADC outputs from the
(j + Dth, (5 + 2)th,- - -, and Pth pipeline stages.
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It is assumed that random ¢ sequence with an identical length
of M is employed to calibrate each pipeline stage. A total of
4K M samples are required to complete one calibration cycle.

D. ADC Output Encoding

The raw digital output of the overall ADC, D,, can be en-
coded by using the following equation:

P
W;(D;)
Do=S 212 14
0 ;Gng---Gj (14

Neglecting quantization error, the relationship between the D,
digital output and the V; analog input is

DOO = g - Vl +Tj,i(Dc) - (D] — q) —|— (0] (15)
where
G1Gy---Gp
= 16
9= GGa G (16)
g
’l”iDC:AA = XR'_Z'DC 17
52(D0) = g X Ria(D.) (7
P
Vs
o=—gxy — >~ (18)
; G1G2 R ijl

In (15), g is the overall A/D conversion gain, o is the overall
offset, and r; ;(D,) is the magnitude of the pseudorandom noise
injected into the pipeline signal path for calibration. The rela-
tionship between W; ;(D.) and r; ;(D.) is

W;i(De)
G1Ga---G;

where 7;;(D.) is an estimation of r;;(D,) calculated from
W;i(D.). Let rj = ;1 + 7j.2, we also have

= fj,i(DC) = Tj,i(DC) - Arj,i(DC) (19)

W (D)
GGy --- G
The final digital output of the ADC is generated by sub-
tracting [W, ;(D.)/(G1G2--- G;)] - (D;j — q) from D,o. From
(15) and (19), the D, final output can be expressed as

= ’Ixj(Dc) = Tj(Dc) - ATj(DC). (20)

D,=g-Vi+o+ Ar;;(D.) - (D; — q) +Nenc 210

~~

Ncal

where the calibration noise, 7,1, is the residue introduced by
the calibration process. From (17), the average power of 7.,
can be found to be

2
Ncal = O'2<A7"j7i) = O'2<ARj7i) X %
(G1G2 -+~ Gj)?

In (21), the encoding noise, 7enc, is added to represent the in-
troduced error when using W,(D.)/(G1G2 - -- G;) = 7;(D.)
to encode D,q. Since the 7;(D.) data, for all j and D., are
slow-varying variables compared with a normal V; input, the
Nene €ncoding noise in (21) is input-dependent and difficult to

(22)
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be modeled. To simplify the analysis, it is assumed that the
Arj(D,) variables, for all j and D.., are random and mutually
uncorrelated. Then, the average power of 7, can be approxi-
mated to

Z L ~ 2-0'2(AR]"7;).

221 3
j=1

(23)
The total noise power due to both calibration and en-
coding is Neal + Nene = (11/12)0%(AR;;), with AR;;
expressed in (10). It is assumed that the first pipeline
stage is calibrated for worst case condition, in which
Nea = 02(A7'j,i) = 0.2502(AR]',Z') with 5 = 1. To esti-
mate the required value of M, let Nc¢a1 + Nene be less than the
average power of the ADC’s quantization noise, Ng,,. For an
ideal N-bit ADC with an input range of £0.5V;., its Ng, is
(1/12)(VT/2N)2. Thus, the required value for M is

K
Nenem )y 0 (Ar;) = 20°(AR; )

j=1

M > L gan- N2,
12
Large M is necessary to achieve high A/D resolution, but also
results in long calibration time. If the input is a full-range
sine wave, i.e., Vi(t) = 0.5V, sin(w;t), the signal-to-distor-
tion-plus-noise ratio (SNDR) of the D,, of (21) is

(24)

92~E[V12] NB

SNDR, ~ ~
Ncal + Nonc 11

x M. (25)

The equation assumes g =
noise.

1 and neglects the quantization

IV. INPUT SCRAMBLING USING RANDOM CHOPPERS

In the calibration scheme described Section III, each
R;; (D.) extractor must accumulate M samples to complete
one extraction. However, the valid samples depend on the value
of V;. If V; seldom appears in the Al region, then it takes a
long time for the R; ;(41) extractor to collect enough samples
to estimate R;1(+1) and R; »(+1).

Random choppers are used to ensure that all calibration data
can be collected within a given time regardless of input con-
dition. As shown in Fig. 9, a chopper, CHP1, is placed at the
j-stage’s input. The V; input is scrambled so that it can appear
in either the Al or B1 region of Fig. 7 with equal probability.
The CHP1 chopper is controlled by a binary-valued random
sequence, g € {+1,—1}. In CMOS fully-differential circuit
configurations, the CHP1 can be realized by using 4 analog
switches, so it passes the inputs directly when ¢. = +1 and
interchanges the inputs when ¢. = —1.

If the comparator associated with the O reference has an input
offset, then its output is a constant when V; = 0, regardless
of the CHP1 chopper’s current state. Thus, as shown in Fig. 9,
an additional chopper is placed at the inputs of the O-refer-
ence comparator. This chopper is controlled by a binary-valued
sequence, ¢., € {+1,—1}. Each O-reference comparator in
the pipeline stages subjected to calibration is required to be
equipped with an input chopper. The g.. sequence can be a
simple square wave alternating its value every clock cycle.
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Fig. 9. Split-capacitor SC pipeline stage with random choppers.

For an entire pipelined ADC, only the first pipeline stage re-
quires a CHP1 chopper. If the CHP1 chopper is embedded in
the ADC’s input sampling network, its design is not trivial. For
most ADCs, the CHP1 chopper can be placed behind ADC’s
sample-and-hold amplifier to lessen the matching requirement
of its analog switches.

Even with a CHP1 chopper, the calibration process will slow
down if the V; input is so large that it appears in the A2 or B2
region of Fig. 7 for most of time. But these are rare cases. A
practical application usually includes an automatic gain-control
mechanism that can prevent the ADC from being overloaded.

The use of CHP1 chopper modulates the ADC’s input with a
g. random sequence. Demodulation of the ADC’s digital output
can be expressed as g. X D,. As a result, the ADC’s offset,
i.e., the o term in (21), becomes a g. X o random noise in the
ADC’s final digital output, which degrades the ADC’s signal-to-
noise ratio (SNR) performance. Offset cancellation is covered in
Section V-B.

V. SPLIT-CHANNEL ADC ARCHITECTURE

The correlation-based calibration schemes usually suffer
from long calibration time when applied to high-resolution
ADCs. Referring to Fig. 8 and (6), the V,4; stage output
contains both the R;;(D.) calibration term and the nominal
A/D residue term. To extract R;;(D.) from the D, digital
codes, a large number of samples are required for the correlator
to attenuate the perturbation caused by the V; stage input, as
expressed by (10). To decrease calibration time, i.e., decrease
the M in (10), all signals other than the ¢ x R; ;(D..) term must
be reduced at the inputs of the R ; extractors.

Fig. 10 shows the proposed split-channel ADC architecture
that can be used to reduce the calibration time. The ADC is
formed by splitting the original single-channel ADC into two
identical parallel A/D channels. Both the A channel and the
B channel quantize the same analog input, V;. Their separate
outputs are then combined to produce the final D, digital
output. Each split channel has the same circuit topology as
the single-channel ADC but with devices half of the original
size. Comparing with the original single-channel ADC, the
operating speed and total power dissipation are preserved in
the split-channel ADC. Considering only the effect of kT/C
thermal noises, each split path contains thermal noises with
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Fig. 10. Split-channel ADC architecture for background calibration.

average powers twice as large as those in the original design.
But since both split paths convert the same analog input, the
combined digital output has the same SNR as the output of a
single-channel ADC [4], [7].

The two CHP1 random choppers in Fig. 10 are controlled
by two mutually-uncorrelated binary random sequences, g
and ¢Z, which alternate between +1 and —1. The choppers
are added to scramble the V; input for the reason described in
Section IV. The input scrambling is also useful in extracting
the input offsets of the two A/D channels, which is described in
Section V-B. The other two random sequences, qA and qB, are
injected into the respective pipeline stages for I2; ; calibration.
The ¢* and ¢P sequences are designed to be statistically
uncorrelated, and their generation is described in Section III-A.
The two A/D channels are calibrated concurrently.

Unlike the calibration procedures described in Section III in
which the R;;(D.) is extracted from the output of the backend
z-ADC, the calibration scheme described in this section extracts
R; ;(D.) from the overall ADC digital output. From (14), (15)
and (21), the raw digital outputs of the two A/D channels can be
expressed as

D O_qc
DoO_qc

s Vi (D) -
P Vi rd (DF -

¢*) + o™+ nde
qB) + 0P + nfnc. (26)

B o4 and of are the same as those

symbols are simpliﬁed notations for

The deﬁnitions of g4
of (15). The r and rB

Iyt
rﬁZ(D ) and 7 (D ), respectively. Both n and nB . are en-
coding noises due to the errors in 7% (D, ) and rP;(D..) estima-

tions, as defined in (21). In the equations mentioned above and
for the following analysis, a variable with a superscript of A or
B is denoted as a variable in one of the A/D channel. A variable
without the A or B superscript implies it can be applied to both
channels.

Fig. 11 shows the block diagram of the calibration processor
in Fig. 10. The D2, and DZ raw digital outputs from the en-
coders are subjected to identical signal processing procedures
in the calibration processor. Instead of sending D,q to the 7;;
extractors directly, the offset in D,, i.e., the o term in (26), is
eliminated by using the offset correction (OC) functional block.
The resulting D, is subtracted by D, generated from the other
channel to eliminate the g.gV; term in (26). If both o and ¢.gV;
can be removed effectively in the resulting D,g signal, the re-
quired number of samples for 7;; extraction can then be de-
creased to reduce calibration time. The output of the 7;; ex-
tractor is an estimation of r; ;, i.e., the 7*; ; defined in (19).
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Fig. 11. Calibration processor for the split-channel ADC.

It will become clear later that the D¢ signal in either channel
is a V; duplicate of the other channel. They can be expressed as
D =gtg™ - Vi+ gitq?
. [Arﬁi (D;71 — qA) — Ao + 0l
Dl =929" - Vi+g2q?
[Arfi (D = ¢%) = 40" + g ] @D
The g, is a gain correction factor generated from the gain correc-
tion (GC) functional block. Both Ar; ; and Ao are residues due
to non-ideal r; ; extraction and offset cancellation. Their values
will be reduced to a level as low as the ADC’s LSB. Neglecting
Arj i, Ao, and Nepe, if gng = ¢B, the qf_qBVi term in Dfo
of (26) can be eliminated by subtracting D = ¢ZD-4 from
DZE . The GC block adaptively adjusts the g:* GC factor so that
g2 x g ~ gB. The gain mismatches are defined as

Agt =g* — g2 x ¢

AgP =g — gt x g™ (28)
The detailed signal processing procedures of the calibration

processor are described in the following subsections.

A. Calibration Noise Reduction

As shown in Fig. 11, the r; ; random term in (26) is first sub-
tracted from D, to yield D,; and D,, respectively. The 7; ;
value used in the subtraction is an estimation of 7; ; obtained in
the previous calibration cycle using the 7; ; extractor. The dif-
ference between r;; and 7'; ; is Ar; ;, as defined in (19).

The r; ;q term is kept in D,;. The calibration processor ex-
tracts 7; ;q from D, to obtain a new 7; ;.

B. Offset Correction

Due to the use of the CHP1 random chopper shown in Fig. 10,
the only dc components in the D,,; and D,,» signals are the input-
referred offsets of the A/D channels [10], i.e., the o terms in
(26). Fig. 12 shows the block diagram of the OC block for the A
channel. The OC block uses the integration and dump technique
to estimate the channel offset from D-,. The D2, signal is first
subtracted by DZ,, and the result, D2, is then integrated on an

0s?

accumulator (ACC). The o, offset estimation is taken out only

091 ‘@—* DoAa

Reset (fg/ Mg ) -

A
B Dos
Dor —=(O—+| =

T ACC
A p A
Do2 . @_' Doa

Fig. 12. OC block diagram.

after M, cycles of integration, where M.. is the period of the ¢!
random sequence shown in Fig. 10. The difference between o
and o,. is defined as

Ao =o0— o,.

(29)

The OC block’s outputs D2 and DZ}; are generated by sub-
tracting o, from D2} and D2, respectively.

In Fig. 12, the reason to undertake D2 = D, — DE . before
the integration is to reduce the perturbation of the ¢*gV; term
in (26) and decrease the required integration time for offset esti-
mation. When the calibration process converges, Ao, Ar; ;, and
Nenc are reduced to a level close to the ADC’s LSB, the only sig-
nificant perturbation remaining in D7, is the AgV; term. Thus,
the variance of Ao can be approximated to

0?(Ao0) ~ 1\2 x {o*(Ag) - E [V{]}- (30)

C

C. Gain Correction

As shown in Fig. 11, D,5 = q. - D,4, thus D5 contains the
unscrambled g - V; term. In the GC blocks, D,5 is multiplied
by a GC factor, g., to generate D,g. The D,7 is generated by
scrambling the D¢ of (27) with the g. random sequence of the
other channel. The GC blocks are used to generate the g. gain
factors so that the Ag# and Ag® of (28) can be minimized.

Fig. 13 is the GC’s block diagram in the A-channel signal
path, which is similar to the adaptation scheme of [11], and is a
variation of least-mean-square (LMS) algorithm [12]. The GC
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block adaptively adjusts the g** GC factor to minimize the differ-
ence between D7 and DZ . The converged g2 yields g2 x g* =~
¢®Z. In Fig. 13, the difference between D’ and DZ is inte-
grated on the ACC1 accumulator. The bilateral peak detector
(BPD) monitors the ACC1’s output, A;, and generates a corre-
sponding triple-valued output, S € {+1,0, —1}. The BPD has
two thresholds, +D, and —D,. When A; > +D,, S = +1.
When 4; < —D,, § = —1. Otherwise, S = 0. In addition, if
S =+1orS = —1, the ACC1 accumulator will be reset in the
following clock cycle. Thus, —(D, + 1) < A; < +(D, + 1),
and S can only remain +1 or —1 for one clock cycle. The S
sequence is integrated on the ACC2 accumulator, yielding As.
The g2 GC factor is py X As.

This automatic gain-control loop has two design parameters,
i.e.,, Dy and pg. Small Dy and large 11, result in fast converging
speed but larger fluctuation in g**. On the other hand, large D,
and small i, result in slow converging speed but smaller fluc-
tuation in g**.

If the V; input is stable such that E[|V;|] is a constant, then
the gain-control feedback loop can be modeled as a single-pole
system with a 7, time constant expressed as

1 D,
Tg X — X . a3
g E(VA

The 7, must be much shorter than M, the period of the qA
and ¢® random sequences. This ensures that the GC adaptation
process has little effect on the overall calibration result.

This GC adaptation loop adjusts the g2 gain factor according
to the difference between DZ and g D24 As will be explained
later, both D4 and DZE contain encoding noise, 7cyc, and cal-
ibration noise, n.,1. Those noises cause g. to fluctuate. The be-
havior of the loop can be analyzed by using stochastic signal
processing technique [11]. It is desirable to make D, larger than
V' Nene + Near so that both the nep. and nq,; noises have little
effect on the BPD’s output, where Ng,. and N, are the av-
erage powers of Nnene and n.,), respectively. A semi-empirical
expression for the variance of Ag is

2 2 /
1% 2 FE [|I/L|] Nenc + Ncal
2(Ag)= 2L+ 2L 32
o*(Ag) 6 + 3 X D, X Visp (32)

where Vi sp is the ADC’s LSB voltage. If D, is large enough,
the Ag of (28) has a mean of zero and fluctuates between [P, P—
tgl, where P € [0, pig]. The probability density function of Ag
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is 1 — |Ag|/ g In such a case, the variance of Ag approxi-
mates to M?, /6, which is the first term on the right-hand side of
(32). The second term on the right-hand side of (32) arises from
the perturbation of 7, and n.,. Both noises are increased if
smaller M is used, then large D, is required. A compromise
should be made between the 02(Ag) and the convergent speed
of the GC loop.

D. r;; Extraction

As shown in Fig. 11, the input of the r;; extractor, D,g, is
generated by subtracting D,; coming from the other channel
from D,3. The r; ; extractors in Fig. 11 are identical to the R; ;
extractor shown in Fig. 8. The D,g signal contains the r; ;q term
which the r; ; extractors is in need of, and other terms which can
be regarded as perturbations and cause variation in the 7; ; ex-
traction. Among the perturbations, the AgV; term is much larger
than other ones that contain the residual Ar;; or Ao terms. As
the calibration process converges, both Ar;; and Ao are re-
duced to a level close to the ADC’s LSB. The variance of the
r;,; estimation can be approximated to

o?(Ar; ;) ~ % x {o*(Ag) - E[V?]}. (33)
Comparing (33) with (10), the required M for the split-channel
architecture can be decreased by a factor comparable to o2 ( Ag).
Since much smaller M can be used, it is critical to ensure that
the ¢ random sequence has equal number of zeros and ones for
consecutive M samples in each r; ; extraction cycle.

E. ADC Outputs

In Fig. 11, D and DE are the final digital outputs for the

two A/D channels. Both can be expressed as

D05 :g‘/z""qc A"'j,i (D] —(I) _A0+ncnc (34)

-~

MNcal

The m¢, calibration noise is introduced by the calibration
process. The n.n. encoding noise occurs when using the 7; ;
estimation to encode D,q. The average power of n., can be
expressed as

NC31:20'2(ATj7i)+0'2(A0)z(% + L >X02(Ag)-E V2]

M.
(35)
The average power of nen,. can be approximated to
2 2K 2 2
Nene = 2K X 0°(Arj;) = 573 x 0°(Ag) - FE [VL ] . (36)

Neglecting quantization noise, the SNDR of the D5 digital
output can be expressed as

g -E[V 4 1

Nea+ Nene  0%(Ag) = ZEH 4 L

The required M and M., can be estimated by letting N1+ None
approximate the average power of ADC’s quantization noise.

SNDR,5 =

(37
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TABLE 1

GAINS AND OFFSETS OF THE PIPELINE STAGES IN SIMULATIONS

Gain
Channel G Gy G3 Gy Gs G6/Gz6
A 1.90 1.90 1.90 1.90 1.90 0.95
B 2.10 2.10 2.10 2.10 2.10 1.05
Offset
Channel v 28 V3”b 28 VS"” Oz
A +0.05 +0.05 | +0.05 | +0.05 | +0.05 +0.05
B —0.005 | -0.05 | —0.05 | -0.05 | —0.05 —0.05
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In Fig. 10, the final ADC output D, is Dzt + DE . Assuming
that the calibration noises and the encoding noises are uncorre-
lated, the SNDR of the D, digital output is 3 dB better than the
one predicted by (37).

Referring to Fig. 10, a CHP1 random chopper is placed
in front of each A/D channel. It should be pointed out that
mismatches among analog switches within the CHP1 chopper
can superimpose a g.-like noise at A/D channel’s input. If this
g.-like noise has a non-zero mean value, it can cause offset
estimation error in the OC block, and its mean value is added
to the Ao. In practical cases, a minuscule increase in |Ao| has
little effect on the succeeding GC and r; ; extraction operations.
However, it can degrades the SNDR of the ADC’s final digital
output, as manifested by (34).

VI. A 15-BiT ADC DESIGN EXAMPLE

A 15-bit pipelined split-channel ADC was simulated by using
a C program to verify the proposed calibration techniques. The
ADC employs the architecture of Fig. 10, which consists of
two separate A/D channels. Each channel comprises 15 radix-2
1.5-bit pipeline stages. Each pipeline stage has a transfer charac-
teristic of (2), and its nominal stage gain is G; = 2. Referring to
Fig. 3, and let V,. = 1, then the ADC’s input range is £ 0.5. For
15-bit resolution, the ADC’s LSB step size is V,sp = 215 As-
suming the ADC’s input is a full-range sine wave, i.e., V;(t) =
0.5sin(w;t), we have E[|V;|]] = 1/7 and E[V;?] = 1/8. The
quantization noise power is N, = (1/12) x 2730,

For each A/D channel, only the first five pipeline stages, i.e.,
from the 1st to the 5th stage (K = 5), are subjected to cali-
bration and employ the schematic of Fig. 9. The CHP1 random
choppers in Fig. 9 is removed and replaced with a single chopper
at the ADC’s input as shown in Fig. 10. The gains and offsets
of the pipeline stages in each channel are assigned the values in
Table I. The last ten stages in each A/D channel, i.e., from the
6th to the 15th stage, are summarized as a single 11-bit ADC
with its own conversion gain and offset and an input range of
+1. Similar to (8), their functions are expressed as

A GAG A A A
Ve = GZ "D+ 0% + Q%
26
VB GZBG . DB +OB +QB (38)
6 _GB 26 26 26°
26

Both Q% and QZ; are quantization errors. For 10-bit resolution
over £ 0.5 input range, we have |Q%| < 271! and |Q5| <
2~ 11
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Fig. 14. Simulated g. and o. versus calibration cycle.

The ADC follows the calibration procedures described in
Section III-C. For a split-channel ADC, its 7;(D.) is getting
updated by calibration. A total of 5 x 4 M samples are required
to calibrate 5 pipeline stages in one 7; calibration cycle.

In addition to the 7; calibration, the OC block and GC block
shown in Fig. 11 operate concurrently. For both GC blocks, we
choose D, = 275 and p1, = 27!'*. From (31), the time constant
of the GC system is 7, = 26, From (32), (35), and (36), by
letting Neca1 + Nenc equals the Ny, quantization noise power
for 15-bit resolution, one can choose M, = 211 and M = 214,
resultingin 02(Ag) = 8.5x 1077, Neal & Nepe & 5.8 x 1071,
However, simulations show that a system with M, = 2'2 and
M = 2'3 can also achieve 15-bit resolution and has a shorter
calibration time.

Unless otherwise specified, the following simulations and
discussions assume that M, = 212, D, = 26, fg = 2—11 and
M = 213, The V; input is a sine wave with an amplitude of 0.5
and a frequency close to 1/10 of the ADC’s sample rate.

Fig. 14 shows the transient behaviors of the g. and o.
variables. The variables are shown against the progress of cali-
bration cycle. Each calibration cycle spans 20M clock cycles.
Both o and o are updated once every M. clock cycles.
Although both g and g? are continuously adjusted, there
are visible abrupt changes during initial calibration cycles.
The abrupt changes occur whenever ADC’s W; variables are
updated.

Fig. 15 shows the initial converging behavior of the calibra-
tion process in the split-channel ADC as well as the behavior
in the single-channel ADC. Each calibration cycle spans 20M
clock cycles, where M = 213 for the split-channel ADC and
M = 225 for the single-channel ADC. The SNDR of the split-
channel ADC is stabilized after five calibration cycles, while the
SNDR of the single-channel ADC approximates its final value
after only one calibration cycle. In a split-channel ADC, the
effectiveness of 7; ; extraction, OC, and GC, depends on each
other. The coupling effect slows down the calibration progress.
For this split-channel ADC with other design parameters un-
changed, the calibration cannot converge if M is smaller than
29,

Fig. 16 shows the SNDR performance of the split-channel
ADC with different M. It also compares the split-channel ADC
with a single-channel ADC that consists of pipeline stages
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Fig. 15. Simulated ADC’s SNDR versus calibration cycle.
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Fig. 16. Simulated SNDR performance with different values of J/.

identical to those in the split-channel ADC. The SNDR of the
split-channel ADC is calculated from the digital output of the
A channel only. For the combined output of the split-channel
ADC, its SNDR is 3 dB better than those shown in Fig. 16. The
SNDR values predicted by (25) and (37) are more pessimistic
than those obtained from simulations. Nevertheless, the equa-
tions are useful in the initial performance estimations. From
both theoretical calculations and simulations, the required M
for a split-channel ADC is significantly smaller than that for a
single-channel ADC of similar design.

VII. CONCLUSION

This paper describes a robust and fast background calibra-
tion scheme for SC pipelined ADCs. By splitting the C ca-
pacitor of a SC pipeline stage, a “q” random sequence with in-
formation regarding both the stage’s conversion gain and the
sub-DAC’s characteristic can be injected into the ADC’s signal
path. The information is then extracted from the ADC’s dig-
ital output without interrupting the ADC’s normal conversion
operation. By applying input-dependent generation of the “q”
random sequence, the Cs capacitor needs only to be split into
two equal fragments to save calibration time, while requiring
no extra signal range to accommodating this random sequence.
Using random choppers to scramble signal ensures that all nec-
essary calibration data can be collected within a given time re-
gardless of the input condition, resulting in a more robust ADC.
The split-channel ADC architecture consists of two identical
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A/D channels that receive the same V; input but employ dif-
ferent random sequences for calibration. The calibration time
can be greatly reduced by comparing the digital output streams
from both channels and then removing the V;-related term at the
inputs of 7; ; extractors and offset estimators. OC block and GC
block are employed to equalize the transfer characteristics of the
two A/D channels.

The proposed calibration scheme is most suitable for
high-resolution ADCs realized in nano-scaled CMOS technolo-
gies. Most of the calibration overhead is digital circuitry, whose
power consumption and area are scaled down with technology
scaling. The calibration mitigates the device matching and
opamp’s dc gain requirements, yielding analog circuits with
less power consumption. This calibration scheme requires no
extra output voltage range for the opamps, which is crucial for
circuits operating under low-voltage supplies. The proposed
scheme eliminates the concern for long calibration time, which
may become unacceptable in high-resolution ADC designs.
The scheme is robust since it can function under any input
condition as long as it does not exceed the specified ADC’s
input range.

Although only radix-2 1.5-bit SC pipeline stages are included
in the discussions, the techniques described in this paper can
be extended and applied to multi-bit pipeline stages as well as
pipeline stages with circuit configuration not in the SC form.
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