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Abgtract

Multi-stage analog-to-digital converters are the dominant choice in applications that

require both high speed and high accuracy, such as video and wideband radio.

Existing characterization methods only provide information about the performance of the
ADCs at the system level, and therefore offer little insight into the causes of nonlinearity.
In this thesis we propose a method geared specifically toward multi-stage architectures
that can characterize the internal blocks and estimate the differential nonlinearity (DNL)
and the integral nonlinearity (INL) of the A/D and D/A subconverters, and the gain of the
inter-stage amplifiers. This method has been applied to a two-stage ADC and a pipeline
ADC.

An adaptive on-line digital correction algorithm derived from the characterization method
is also presented. A pipeline ADC was designed to test this algorithm, and digital
correction resulted in an improvement of the Spurious-Free Dynamic Range by 6dB over

three quarters of the bandwidth.
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Glossary of Terms

AR actual stage/inter-stage gain
A, Ak .................. estimated stage/inter-stage gain
A A ideal stage/inter-stage gain
AD .. ... Analog-to-Digital
ADC ................... Analog-to-Digital Converter/Subconverter
d.o.oo digital output of overall A/D converter
Ao length of reference region for bound estimation
O adjustment step for digital correction agorithm
dy, dy _ [EREERERRERRRRTY digital output of A/D subconverter
.................... igital output of conversion stage of pipeline
Dk digital f i f pipelineADC
D{, D'k ................ comparator outputs of conversion stage of pipeline ADC
Dk- .................... digital output of substage (magamp) of two-stage ADC
j
DIA ... Digital-to-Analog
DAC ................... Digital-to-Analog Converter
Al D/A subconverter error: |} — 1y
DNL ................... Differential Nonlinearity (def. page 24)
Atl [ coarsef/first A/D subconverter threshold error: t 1 k ~t 1k
At2 Ko fine/second A/D subconverter threshold error: t,, | —fz K
DVM ... ... digital voltmeter
E[]................... expected value
ENOB.................. Effective Number of Bits (def. page 25)
FFT . Fast Fourier Transform
FS . o Full Scale
o bin height
N average bin height
h o height of bin j of unidimensional histogram




hj Ko height of bin (], K) of bidimensional histogram

HLJ. PRI EERERREPRRRY height of bin | of reference histogram

h+, h[( ................. average bin height in the vicinity of the transition region
INL ... Integral Nonlinearity (def. page 25)

lk ..................... actual D/A subconverter output levels

Tk ..................... estimated D/A subconverter output levels

Tk ..................... ideal D/A subconverter output levels

LMS ... Least Mean Square

LSB... .o Least Significant Bit

LSBk .................. voltage corresponding to L SB of A/D suconverter k
My oo actual lower bound of section K of residue

Mg estimated lower bound of section K of residue

M ottt actual upper bound of section K of residue

M Koo estimated upper bound of section K of residue
MSB ................... Most Significant Bit

pdf . ...... .. ... probablity density function

RRLRy o nominal signal range at the input of converter / subconverter
Ri n Ri N1’ Ri pD - input range of ADC converter / subconverter

er, ..................... reference for the calculation of upper bound

r[( ..................... reference for the calculation of lower bound
RSD.................... Redundant Signed Digit

SFDR ........ .. Spurious-Free Dynamic Range (def. page 25)
SINAD ................. Signal-to-Noise-and-Distortion Ratio (def. page 25)
SNR. ... Signal-to-Noise Ratio (def. page 25)
D summer

0 variance

L overal ADC thresholds

t LK "o actual thresholds of coarse/first A/D subconverter




t LK frrrr e estimated thresholds of coarse/first A/D subconverter

tl, K fr e ideal thresholds of coarse/first A/D subconverter

t2 [Pt actual thresholds of fine/second A/D subconverter
f2: K e estimated thresholds of fine/second A/D subconverter
fz’ K orrr e ideal thresholds of fine/second A/D subconverter

TH. .o Track-and-Hold

\7i Mo reconstructed input voltage

V;’omp, V;omp ........... actual comparator thresholds in conversion stage
\A/;romp, V;omp ........... estimated comparator thresholds in conversion stage
Vr of V;ref , V; of e actual reference voltages in conversion stage

\7ref , V;Lef , \A/;ef ....... estimated reference voltages in conversion stage

Vv, e K o s residue of stage K

V, e Kot residue of suconverter containing stages K to |

Xi



CHAPTERL  |ntroduction

This thesis proposes a new method of characterization of multi-stage A/D converters,
capable of estimating the errors introduced by each of the internal blocks. It also proposes
an adaptive digital correction mechanism derived from the af orementioned method, which

was verified to effectively reduce the harmonic distortion of areal converter.

1.1 Motivation

Multi-stage analog-to-digital converters predominate in applications that require high
speed and numbers of bitsin excess of ten, such as video and wideband radio applications.
Flash converters, though faster, are not common beyond eight bits because their
complexity increases exponentially, while folding and interpolation architectures, though

showing good performance, are rarely found in commercial parts for the time being.

The (numerous) techniques currently used to test and characterize this type of A/D
converters are identical to those used for any other type of A/D converters. the beat
frequency and envel ope tests, the servo-loop code transition measurement, the Fast Fourier
Transform (fft) test, the sine-fitting test, the code density test, and many others. A common

shortcoming of these methodsis that they only provide information about the performance
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of the ADC at the system level, such as the overall differential nonlinearity (DNL) and
integral nonlinearity (INL).

We propose a method geared specifically toward multi-stage architectures that can
characterize their internal blocks and estimate the DNL and INL of the A/D and D/A
subconverters, and the gain of the interstage amplifiers. The characterization can even go
one step further and identify the sources of problems at the component level, for instance
by revealing V,, resistor, capacitor, and current mismatches, low gain in amplifiers, or
hysteresis. One might ask, who needs this kind of information? Probably not the users of
the ADCs, since they only need to know whether the chip meets the requirements imposed
by their applications. On the other hand, the design engineers might find this inside
information very handy: after all, if they know which blocks degrade the performance of
the ADC, they also know what to do in order to fix it. The component-level information
could also be used to characterize a process, especially in terms of matching, with a better

accuracy (more than ten bits) than it would otherwise be possible.

The method proposed here is to some extent related to the standard code density test,
inasmuch as both use histograms. However, they do not use the same kind of histograms:
the latter uses unidimensional histograms while the former uses bidimensional histograms.
There is also a significant difference of complexity. In one of the variants of the new
method, the code density test is but one of the steps of along procedure involving system
solving, polynomial root finding, and least-squares approximations. There are however
simpler variants, applicable to particular architectures, some of them simple enough to be
turned into on-line digital correction logic. The extra complexity certainly pays off by the

wealth of insightful information it offers.

The method can be applied to any multi-stage analog-to-digital converter, from two-stage
to pipeline architectures, and was actually tested on two different chips. a two-stage A/D
converter, namely the AD9042 from Analog Devices [AD95], [Mur95], and a 14-stage
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pipeline ADC which we redesigned and fabricated from a previous version [Man96a],
[Man96b], designed by Timo Rahkonen, Antti Manyniemi, and Antti Ruha, from the

Department of Electrical Engineering of the University of Oulu, Finland.

Since the application of the proposed method requires an in-depth knowledge of the
converters, alarge part of thisthesisis devoted to their analysis. Mathematical models are

provided for both two-stage and pipeline ADCs, allowing for many possible nonidealities.

1.2 Thesis Outline

The thesis could have been organized in more than one way. We could have presented first
the general theory behind the characterization method and then the applications, but this
would have made the presentation rather dry, so that we decided to explain the theory

along with the applications.

The thesis comprises five chapters, apart from this introduction.

Chapter 2 deals with the architecture of a typical two-stage ADC, namely the AD9042,
focusing on possible sources of nonlinearity and developing a mathematical model to be

used in the characterization process.

Chapter 3 introduces the bidimensional histogram, which isthe basis of the new method of
characterization. After a short overview of current testing and characterization methods,
the new method of characterization is presented step by step in its most elaborate form (to
date). The advantages and limitations of the method are also discussed at length.

Chapter 4 describes the architecture of the pipeline ADC and provides a pseudo-two-stage
model for it, in order to emphasize the similarities with the two-stage architecture

presented before.
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Chapter 5 introduces a simplified version (same idea, different implementation) of the new
characterization method and an interesting spin-off of this method: an adaptive digital
correction mechanism which, when tested on the output data stream of the pipeline ADC,
improved the Spurious-Free Dynamic Range by 6dB over three quarters of the bandwidth.

Chapter 6 discusses the contributions of this thesis and possible future enhancements.




CHAPTERZ  Tywo-Stage A/D Converter

Architecture

Classic characterization methods can be applied in the same way to any A/D converter,
regardless of its architecture. On the contrary, the method that we propose, while offering
much more internal information than classic methods, requires an exact knowledge of the
converter architecture. Therefore, it seems only natural that we should devote a chapter to

the description and mathematical modeling of the ADC to be characterized.

The converter discussed here is the AD9042 from Analog Devices [AD95], [Mur95].
Although its implementation may be different from those of other two-stage converters,

the mathematical model can be applied with minor modifications to any of them.

2.1 Introduction

The AD9042 is a high-speed 12-bit A/D converter fabricated in a fast complementary
bipolar technology. Its block diagram is presented in Figure 2.1.

The analog signal is applied at the input of the ADC, amplified by A1, sampled and held
by TH1, and then quantized by the coarse ADC. The DAC turns the 6-bit digital output of
this first conversion (d;), into an analog signal to be subtracted from the output of THZ2,
which issimply adelayed version of the output of TH1. In the subsequent clock cycle, the
differenceis held by TH3, amplified by A2, and quantized by the 7-bit fine ADC.
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Vi n p w
DAC
Vout,DAC
d, (6 bits)

DIGITAL ERROR CORRECTION LOGIC

PSPPIV

D11 D1g Dg Dg D7 Dg D5 D4 D3 D, D1 Dg

FIGURE 2.1 Two-Stage ADC Architecture (AD9042)

The operation of the two-stage ADC is illustrated in Figure 2.2. Assuming ideal
components, the transfer characteristic of the branch containing the coarse ADC and the
DAC will be a perfect staircase, and the residue will have a sawtooth shape, with identical
1] tah” .

The outputs of the two A/D subconverters are combined in the digital error correction
block by overlapping the MSB of d, (D26) and the LSB of d; (Dlo)’ so that the overall
digital output is calculated as

d,(6 bits) — D, D;,D; Dy Dy Dy +
d,(7 bits) - D,.D2,D2,D2,D05,D5 Do g2

or smply
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Vout TH2 Vout,DAC
A A
> >
Vin Vin
ViR,THS = Vout,TH2 - Vout,pDAC Vri"'due =A2VinTH3
> >
Vin Vin

FIGURE 2.2 Residue asthe Difference Between Input and Quantized I nput, Amplified by A2

d = 2° [d, +d, (EQ2.2)

Without the one-bit overlap the input-output characteristic might have deadbands because
of component nonidealities. This technique is called range overlap and is explained in the

following.

2.2  Range Overlap and Digital Correction

The input range of an A/D subconverter is defined by the number of bits and the voltage
corresponding to one hit (i.e. the ideal value of the difference between two consecutive
thresholds), as follows:
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R, =2"LSB €23

Let Ri» be theinput range of the fine ADC, R; the nominal signal range at the input of the
coarse ADC, and R, the nominal signal range at the input of the fine ADC. From the block
diagramin Figure 2.1, it is apparent that

A,

R, = — [(Ry (EQ 2.4)

2
When designing a two-stage ADC, we could choose the gain A21 so that the signal at the
input of the fine subconverter covers its whole input range. In other words, the nominal

signal range would be equal to the input range (R, equal to Rj,»). Then,

R,
— (EQ 2.5)

N

In reality, the coarse ADC will suffer from errors, and the residue will have an irregular
form, as depicted in Figure 2.3 (right). Other components, such as the DAC, the summer,
the track-and-hold circuits, and the amplifier A2, will also suffer from nonidealities, but

the errorsin the coarse ADC are by far the largest input-referred errors.

Asaresult of these errors, if A, from (EQ 2.5) isused, parts of the residue will exceed the
input range of the fine ADC and will be clipped: any voltage above the input range will be
guantized as 27-1, and any voltage below the input range will be quantized as O.
Consequently, the overall input-output characteristic will have deadbands. The solution
used in the AD9042 to avoid clipping and deadbands is to make the gain A, half of what it

could bein theideal case:

1. the notation A2 is used for the amplifier as such and A, for its gain
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Vresidue Vresidue
A A
_____________ i
nominal
range input /
— — - |range |~ —/~ — — A L
Y
Vin > Vin >
Ideal Case Nonidea Case

FIGURE 2.3 Residue for Ideal and Nonideal Case

1 6 Rin
A, = EDZ (— (EQ 2.6)

N

Thus, for each value of dq, only about half of the range of the fine ADC is actually used.
This redundancy is normally meant to enable the overall converter to tolerate coarse ADC
errors (see Section 2.4 for a mathematical analysis and proof). In this thesis we will make
further use of this redundancy to characterize each of the components of the ADC
(Chapter 3).

Note that the reduction of % in the analog domain must be accompanied by a similar
reduction in the digital domain, otherwise the overall input-output characteristic would not
be linear. This means that the coefficient of d; in (EQ 2.2) is 2° and not 27, although the
fine subconverter has 7 bits.
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2.3  Sources of Nonlinearity in a Two-Stage ADC

The purpose of thisthesisisto provide a method capable of characterizing and if possible
fixing the nonidealities that affect (negatively) the performance of the ADC. These
nonidealities are briefly surveyed here and will be analyzed in more detail in subsequent

chapters.

A complete block diagram of the AD9042 has been presented in Figure 2.1. We will verify
(see Section 2.4) that the blocks relevant for linearity are the D/A subconverter, the

amplifier A2, and the fine A/D subconverter.

We will also prove (also in Section 2.4) that for this particular architecture the errorsin the
coarse A/D subconverter do not affect the overall ADC linearity. As to the other blocks, in
awell-designed ADC the track-and-hold circuits (TH1, TH2, TH3), the amplifier (A1) and
the summer (X) can be assumed not to cause any significant increase in nonlinearity. Note
that in terms of nonlinearity, again error in Al isirrelevant, whileagain error in A2 can be

a serious problem.

Figure 2.4 presents a simplified block diagram, including all the blocks capable of causing
significant nonlinearity. Some of the other blocks are not shown. All the calculations will

be based on this diagram and the notation will be explained at the beginning of the next

section.
+ .
Vin e I, (7 hiits)
residue = (t2,k)
Ax(Vin - Ik
coarse
ADC Vout,pac = lk
(t11)
dy (6 bits) =k

FIGURE 2.4 Simplified Block Diagram of the AD9042
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24 Residue Modeling

Most of the calculations required by the characterization process revolve around the

residue. Therefore it is necessary to provide aformal mathematical model for it.

L et Vi, be the analog input signd, t; i, k=0...64, the thresholds of the coarse A/D subcon-
verter, tp, k=1...127 the thresholds of the fine A/D subconverter, Iy, k=0...63, the output
levels of the DAC, and LSB; and LSB, the voltages corresponding to one bit of the coarse
and the fine subconverter respectively. The actual thresholds arefromt, 5 tot; g3 and from
tp 110ty 107. Wealsointroduced t; =0, t1 g4 = 64 LBy, tp o= 0, and tp 155 =128 LB, to
simplify the equations and we assumed the input to be between t; o and t; g4, otherwisethe
signal is clipped.

This choice of valuesfor t; g, t; 4, t2 o, and t; 10g implies that we are ignoring the overall
offsets and gains of the subconverters. In practice these parameters are of lessinterest than
nonlinearity, and therefore they are not covered in this thesis. The characterization method
that we propose (Chapter 3) could be modified to take them into account, but some

extremely accurate signal generators and measurement equipment would be required.

Ideal values will be marked with a tilde sign (e.g. fl,k) to distinguish them from real
values (e.g. tl,k)’ and the difference between them will be marked with A (e.g.

Aty = th—fl’k ). Estimated values will have a circumflex accent (e.g. ka).
The output of the coarse A/D subconverter may be defined as
dl(Vln) = k y tl,k<V|nSt1’k+1 k = 063 (EQ 2.7)

Thisdigital signal isfed to the D/A subconverter which turnsit into an analog signal:

Vout,DAC(dk) =1y, k =0...63 (EQ 2.8)
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Replacing (EQ 2.8) in (EQ 2.7) we obtain:

Voupac(Vin) = I, b <VinStin k =0...63 (EQ2.9)

Thissignal is then subtracted from V,,, and amplified by A, so that the residue is

Viesidue(Vin) = Ax(Vin—=1) U <VinStig k = 0...63EQ210

This equation enables us to visualize the effect on residue of coarse ADC errors (At ),
DAC errors (Aly), and gain errors, as shown in Figure 2.5. Note that only four sections of

the residue are represented (out of 64).

It can be seen that each of these errors changes the residue in a distinct way: each coarse

ADC error moves horizontally the transition between sections of residue corresponding to

Vresidugy Vresidued
PRI
; ! >Vi n > Vi n
ideal residue effect of coarse A/D error
Vresidued Vresiduch
ANl -
effect of D/A error effect of gain error

FIGURE 2.5 Effect of Nonidealities on Residue
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consecutive d; codes, each DAC error moves vertically the section of the corresponding dq

code, and again error will either lengthen or shorten all the sections of the residue.

Assuming an ideal fine A/D subconverter with infinite precision (i.e. assuming

Viesque = A 1AV, —1) = d, [LSB,), for agiven digital output (d; and d,) the
reconstructed input is equal to the sum of the contributions of the first stage (d; [LSB;)
and second stage (dZEJ‘—SBz):
As
- d2 [I_SB2
A2 (EQ 2.11)
s (D
A;
= —D\/ +gk—|k (EQ 2.12)

From (EQ 2.12) we can draw a number of conclusions:

« threshold errorsin the coarse ADC (Aty, = ty —fl,k) do not appear in the formula
and therefore have no effect whatsoever on the linearity (assuming they do not push the

residue out of the range of the fine ADC)

« DAC errors (Al K = | K —Tk) cause nonlinearity in the overall ADC input-output char-
acteristic

« again error in A2 causes both nonlinearity and gain error in the overall ADC input-out-
put characteristic. However, in some cases, asmall gain error (first termin (EQ 2.12) )
Is acceptable but discontinuities are not (second term). In order to eliminate the second
term, we only need to know the (A,l,) products; we do not have to estimate A, and |,
k=0...63, separately.
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How these errors affect the overall ADC characteristic is shown in Figure 2.6 (again, only

part of the characteristic is shown).

dA dA

. . > Vin > Vin
ideal residue effect of coarse A/D error

>Vin

effect of D/A error

effect of gain error

FIGURE 2.6 Effect of Nonidealitieson ADC Characteristic

Errorsin the fine ADC must also be taken into account as they affect the overall linearity

by making V,egque different from d, LSB,.

2.5 Residue Bounds

Of particular importance to the characterization process are the lower and upper bounds of

each of the 64 sections of the residue (Figure 2.7), where a section is considered to be the
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part of the residue corresponding to a single d; code. We will denote these bounds by my

and My, respectively, with k=0...63.

k-1 k k+1 k+2
VresidueA M

k-1
M
Mo Mgy

my v,
My+1

_ k+2
>Vin

FIGURE 2.7 Lower and Upper Bounds of the Residue

We can calculate my, and M, from (EQ 2.10) :

M, = Ay Lty — 1)
me = A, ity —1)

(EQ 2.13)

Let us assume for the moment that all M, and m are known (we will see later how they
can be estimated). Then it is possible to form a system of equations using (EQ 2.13) for k
= 0...63. This system has 128 unknown variables (Ay, tq  (k=1...63), and Iy (k=0...63)) and

128 equations, and isin fact quite easy to solve. First we arrive at
M ,—m, = A, E(tl,k+1_t1,k) , k = 0...63 (EQ 2.14)
which by summing for all k yields:

63

Z (M—my) = Ay Lty eq—110) (EQ2.15)
K=0
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Sincety g4 and ty o are known, we can calculate Ay:

63
Z (My—my)
A, = K= .
2~ TB4LLSB, FQ2i®

Then the coarse A/D thresholds and the D/A output levels can be determined progressively
from (EQ 2.13) :

M,—m

tier = T'(+tl’k : k =0...62 (EQ 2.17)
M, —m
ls1 = kaﬂ+|k , k = 0...62 (EQ 2.18)

where |0:O and t1,0=0.

The following chapters will show that the bounds (M, and my) can be estimated, and (EQ
2.16) , (EQ 2.17) , and (EQ 2.18) will be used to calculate the desired parameters.

Alternatively, if all we need are the (A.l)) products, we can use
(Aolyi) = (Al + M —my 4, k =0...62 (EQ 2.19)

Now if we go back to (EQ 2.2) we can seethat the first termis

~

~ ~
6 _ _ k
2", = A0d = A, [1?81 (EQ 2.20)
A better formulaf’g\r the digital output (EQ 2.2) can be found by replacing this term with
2'k .

the actua value,

1
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Lo (Rl
LSB,

+d, (EQ 2.21)

since the reconstructed input \7i n inthis case would be

\7_ _ (A~2|k) +d2 DN—SBZ

in — A2 A2 (EQ 2.22)
— (AZIK) + A2 [(Vin_ Ik)
Ao Ao
A2
= = LV, (EQ 2.23)
As

Please note the differences between (EQ 2.2) and (EQ 2.21) , and between (EQ 2.12) and
(EQ 2.23) . Although in (EQ 2.23) we still have again error, the nonlinear term from (EQ
2.12) has disappeared.

It is apparent that although (EQ 2.16) , (EQ 2.17) , and (EQ 2.18) are more suitable for
characterization, (EQ 2.19) may be a better option for correction, since it is easier to

implement (it does not require division).

2.6  A/D Subconverter Architecture

In Chapter 3 we will estimate the errors in the coarse and fine A/D subconverters. Some
knowledge of the architecture of these components is a prerequisite to interpreting the
estimated errors. Therefore, a brief description of the structure and operation of the
subconverters of the AD9042 is included in this chapter. Since their architecture is quite

unusual, the typical flash (subconverter) architecture is also presented.
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The two coarse and fine subconverters of the AD9042 are similar, except for the number of
bits, so that only the coarse ADC is explained here (Figure 2.8, top). Thisis based on a
cascaded architecture with five magnitude amplifiers (magamp) and a comparator. The
design of the first two magamps (those with gain of two, G=2) is shown in Figure 2.8,
middle-left, and their operation is illustrated in Figure 2.8, middle-right. The other
magamps (those with gain of one, G=1) have a different design, but their behavior is
almost the same, and at any rate their effects, referred to the input of the subconverter, are

smaller, so that they are not analyzed here.

The magamps are fully differential which means that as we (dc) sweep the positive input
voltage Vjp,, the negative input voltage Vi, will be swept in the opposite direction (Figure
2.8, middle-right; note that the horizontal axisis always V). The current through Qy will
increase and the one through Q, will decrease. At first Vi, is less than Vi, so that the
comparator keeps Q, and Qs on and Q3 and Qg off, thus steering the collector currents of
Q7 and Q, through Q4 and Qs, respectively, and subtracting them from the currents of the
sources, 2I-1 .4 and 21+l ., respectively. Since I, increases, the current through R,, and the
voltage across it, Vg, decrease. Similarly, |, decreases, therefore the current through Ry,

and Vy, increase.

When V,, becomes greater than V;,, the comparator turns Q4 and Qs off and Q3 and Qg on,
forcing the collector currents of Q; and Q, to go through Q3 and Qg, respectively. These
currents are subtracted from those of the sources. Since I, now increases and |, decreases,
the currents through and the voltages across the resistors R, and Ry, will reverse their

direction of change. The characteristic is shown in Figure 2.8, middle-right.

It is easy to see that with each magamp, the number of bit detection points doubles (Figure
2.8, bottom). Due to the shape of the transfer characteristic (Vo VS. Vjp), with a positive
slope at first and a negative slope afterward, the outputs are inherently in Gray code and
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FIGURE 2.8 Coarse ADC Architecture
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must be subsequently converted to binary. The latching is done after all the magamps have
settled.

In practice many things can go wrong with this circuit. The worst offenders are, in all
likelihood, Ve, resistor, and current mismatches. The effect of each of these mismatches
occurring in the MSB stage (magamp 1) on the thresholds of the following stages can be
seen in Figure 2.9. Both the threshold errors (Aty) and the difference between consecutive
threshold errors (At,-Aty,_1) have been plotted, and we will refer later to these plots to
understand the estimated INL and DNL (defined on page 25 and page 24, respectively) of
the subconverters. Since the At, —At, _, plots have been derived here from the At,
plots, the reader is urged to focus on the latter for the following explanation of the shape of

these curves.

In the case of V|, mismatch either in Q;-Q, or in the input transistors of the comparator,
the currents through Q, and Q, are switched (Figure 2.9-1.b) not at the point where they
are equal but at a different point, which causes discontinuities in the currents | D and | .
These discontinuities also appear in Vop and V,, in the central region (Figure 2.9-1.c)
but leave the rest of the characteristic unaffected, and as a result, the thresholds of the
following stages are not changed (At, = 0). The only threshold changed is that of
magamp 1 (the onein the middle in Figure 2.9-1.¢).

A current mismatch in 21 + | 4 for instance will not affect | o (Figure 2.9-2.b), but will
shift VOp (Figure 2.9-2.c) up or down. Let us assume that the curve is shifted up. Then the
thresholds (of the following stages) on the left side will decrease (Figure 2.9-2.e, watch for
instance the left bit-detection point which is one of the thresholds due to magamp 2,
considered to be ideal), while the thresholds on the right side will increase (watch the right
bit-detection point, which is the other threshold due to magamp 2).
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FIGURE 2.9 Effect of Mismatches

A resistor mismatch in Ry, for example will only affect VOp (Figure 2.9-3.c), and will
cause the thresholds on the | eft side to decrease and those on the right side to increase. As
opposed to the previous case, the change is not the same for all thresholds, because the

changein Vg, isnot constant.
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A common error in data converters is hysteresis. Although the AD9042 suffers from this
problem, we believe it does not originate from the A/D subconverters, so it is not discussed
here (see Section 3.9).

Other types of errors are also possible, but, in our opinion, al of them fall into two

categories:

 errorsthat cause symmetrical changesin all the thresholds of the following stages

except those next to the bit transition, e.g. resistor and current mismatches, and

 errorsthat cause only an asymmetric change in the thresholds next to the bit transition,

e.g. Ve mismatch.

Later we will derive plots of the threshold errors in both subconverters, and we will see
that both categories of errors are readily distinguishable.

The cascaded architecture presented so far is far from being a common choice. Most two-
stage ADCs use flash subconverters, like the circuit presented in Figure 2.10. For n bits,
there are 2" — 1 comparators which compare the input signal to a number of 2"—1
equally spaced reference voltages, in this case generated from a single reference by a
voltage divider with 2" equal-size resistors. Suppose that the input is between the
references V; and V , ;. The outputs of the comparators from A; to A; will be 1, and
the outputs of the comparators from AJ- +q1 10 A2n 1 will be 0. It is apparent that these
outputs constitute a thermometer code, which can be converted to a binary representation

by the decoder.

2.7 Summary

In this chapter we have seen the basic principles of the two-stage ADC architecture,

including range overlap and digital correction. A model has been developed for this
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FIGURE 2.10 Typical Flash Architecture

architecture, and the components relevant for linearity have been identified. Particular
attention has been given to the residue and equations relating internal parameters to
residue bounds have been found. The architecture of the A/D subconverters has also been

explained briefly.




CHAPTERS  Characterization of

Two-Stage A/D Converters

Many testing and characterization methods are available for A/D converters. This chapter,
after overviewing the existing methods, all of which are based on a black-box approach,
presents a new method which actually diagnoses the chip by offering more information
about what is happening inside the chip and how different blocks degrade the overall
performance. The application of this method is described in detail, as are its advantages

and limitations.

3.1 Definition of ADC Specifications

A number of performance metrics are used for the characterization of nonlinearity in
multi-stage A/D converters. The ones that are used throughout this thesis are defined in the
following [Raz95].

Differential Nonlinearity (DNL)  The deviation of the actual voltage difference between

two consecutive thresholds from itsideal value, LSB:
DNL, = (t,,;—t,)—LSB (EQ3.1)

where t, is the threshold that separates code k-1 from code k. Sometimes only the

maximum value is indicated:

24
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DNL = max(|DNLk|) (EQ3.2)

Integral Nonlinearity (INL)  The deviation of the actual value of a threshold from its
ideal value:

INL, = t,,,—k[LSB

(EQ3.3)
INL = max(|INLy) =

Sgnal-to-Noise Ratio (SNR)  Theratio of the signal power to the noise power (excluding
harmonics and dc) at the output of the ADC, usually for an input 1dB below full scale,
expressed in dB:

SNR = 10 Eloglog;% (€0 3.4)
n

Sgnal-to-Noise-and-Distortion Ratio (SNAD) The ratio of the signal power to the

power of all other spectral components (including harmonics but excluding dc)

Sourious-Free Dynamic Range (SFDR)  Theratio of the power of the signal to the power
of the peak spurious spectral component, in the worst case over the frequency range and

the best case over the level range.
Effective Number of Bits (ENOB) Defined by the following equation:

_ SINAD -1.76
ENOB = 500 (EQ 3.5)




Prior Art of ADC Characterization 26

3.2  Prior Art of ADC Characterization

Almost any book on data converters has a chapter devoted to testing and characterization
methods. These methods range from quick, qualitative tests (e.g. beat frequency and
envelope tests) to thorough tests that require extensive mathematical processing on a
computer (e.g. sinefitting and fft tests). A few of the more precise tests are briefly

presented here.

Servo-Loop Code Transition Measurement. A negative feedback loop like the one in
Figure 3.1 allows us to measure the threshold between any two codes [Bla94], [Cap95],
[Dem9l], [Raz95], [ SheB86]. Suppose that the output of the integrator is zero and we apply
acoded at the input B of the digital comparator. Then, A<B, so that +V . will be coupled
to the integrator and its output will increase until A=B, when -V 4 will be coupled to the
integrator and its output will decrease. The integrator output will then oscillate around the
threshold which separates codes d-1 and d, and this threshold can be measured with a
digital voltmeter (DVM). Once al the thresholds are known, DNL and INL plots can be
derived. Since the noise is integrated out and the digital comparator introduces an infinite
gain, the accuracy is very good even with a low-quality integrator. Furthermore, the
method can be easily automated. On the negative side, the method is rather slow, and its
performance is limited by the correctness of the model used. For instance it does not take

into account hysteresis.

Lo e e e = =

tVig _ ASB _ Al digital
Vg T~ integrator < ADC m==p comparator |

o 1*

FIGURE 3.1 Servo Loop
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FIGURE 3.2 Set-Up for the FFT, Sine-Fitting, and Code Density Tests

A number of other tests (FFT, sinewave fitting, code density) can be performed using the
circuit shown in Figure 3.2, which contains a signal generator, a logic analyzer, and a
computer. The digital output of the ADC is sampled by the logic analyzer and transferred

to a computer.

FFT Test. The discrete Fourier transform of the digital output signal for a sinusoidal input
(see Figure 3.3) providesinformation on noise and harmonic distortion [Dem91], [Raz95].
The power of the signal, harmonics, and noise, SNR, SINAD, and SFDR can be
determined from the spectrum. The method is very reliable and efficient, since it requires
relatively few samples compared to the code density test (which is explained later in this
chapter). The signal used for testing must be a very pure sinewave, and some L C filtering

may be required to meet this condition.

power
spectrum—*°[ A i

o | SFDR 1

—60 .

—70

—80

—90

—100

frequency
FIGURE 3.3 Power Spectrum of ADC Output for a Sinusoidal I nput
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Snewave Fitting. Another approach is to collect the samples of a sinewave, estimate its
parameters (offset, amplitude, frequency, phase) using mathematical software, and
calculate the noise and harmonic distortion by subtracting the estimated sinewave from the
actual sinewave [Dem9l], [Raz95].

Code Density Test. Suppose we apply atriangular waveform at the input of the ADC under
test and collect a large number of samples at the output. Assuming that the signal
frequency is not commensurate to the clock frequency (i.e. not related to the clock
frequency by aratio of integers), the value of the signal can be considered to be arandom
variable with uniform pdf. The probability of occurrence of a code will then be indicative
of its DNL. If the two thresholds that define the code are closer to each other than they
should be (DNL<0), the probability will be lower than average, since asmaller interval is
lesslikely to be hit. Conversely, if the thresholds are farther from each other (DNL>0), the
probability will be higher.

By plotting the number of occurrences of each code (this number is referred to as code
density) a so-called histogram is obtained (Figure 3.4, right). The number of samples

should be large so as to make the experimental code density plot an accurate replica of the

da code 5
Jﬂ
Ktd | oo . L
kK+3f------- |
_______ l E4N
k+2 | | L
k+1 |- - - | . ]
[ | |
k P [ | |
' T » Vi > d
ADC Transfer Characteristic ADC histogram

FIGURE 3.4 Code Density Test
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theoretical code probability plot. DNL and INL can be calculated from these histograms
using a procedure which will be described in Section 3.5 [Cap95], [Chi96], [Dem9l],
[Mor94], [Raz95], [Wag9l].

In practice it is difficult to ensure that the triangular signal has the linearity required, so
sinewaves are used instead. Although they do not have a constant pdf, they are
well-defined (ultralinear signal generators are employed), and therefore their pdf can be
calculated with high accuracy. The code density is then normalized with respect to the pdf,

and the procedure is identical to the one used for triangular waveforms.

What all of the above tests have in common is that they only characterize the ADC at the
system level, and therefore offer little or no information about the internal blocks of the
converter. The explanation is that they do not use the knowledge about the architecture of
the converter. In the following chapters we will show how this knowledge can be used to
devise a new method, that can characterize each of the blocks relevant for the overall

linearity.

3.3 Bidimensiona Code Density Tables

In Section 2.1 we showed that the digital output d of a two-stage A/D converter results
from combining the outputs of two A/D subconverters, d; and d, (refer to Figure 2.4). The
whole characterization process proposed here is based on the idea that we should build

code density tables not as a function of the overall output d, but as afunction of d; and d,.

A problem with this approach that comes to mind immediately is how to actually get d;
and d,. The AD9042, like all commercial parts, only provides d at the output and it is not
possible to calculate d; and d, from d, since some information is lost in the digital error

correction process. Analog Devices provided us with two modified parts for testing, in
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which an internal signal, the MSB of d,, could be accessed via two of the normally unused
pins. Once thissignal isavailable, d, can recovered from its MSB and the |ast six bits of d,
and d, from the first six bits of d lessthe MSB of d,.

Unfortunately, one of the parts suffered from missing codes, so that it could not be used
for testing. Therefore, al the plots and computations in this chapter refer to a single
AD9042 part, and we will not make any attempt to generalize.

The new code density table will be a 2% by 27 matrix instead of a vector with 212
components as in a classic code density test. An example is shown in Figure 3.5, using a
plane representation with the degree of darkness proportional to the frequency of (d,, d,)
pairs. Dark areas indicate pairs that occur frequently, while light areas indicate pairs that

occur rarely. We will call this representation a bidimensional histogram.

As we will show in Section 3.8, errors in the amplifier A2, the coarse A/D subconverter,
and the D/A subconverter can be estimated from these bidimensional histograms. Based
on these estimations we can reconstruct to a good approximation the residue, asin Figure
3.6. A quick comparison between Figure 3.5 and Figure 3.6 reveals the connection
between the bidimensional histogram and the residue: the residue dictates the shape of the
histogram and, as a result, the histogram contains information about the residue. It is this

information that will enable us to characterize the components of the ADC.

We are also interested in individual columns of the matrix, like the one plotted in Figure
3.7 using a stairstep representation. We mentioned before that the section of the residue
corresponding to a given d; code only occupies about half of the input range of the fine
subconverter. The same happens to the columns of the bidimensiona histogram: for a
given value of dq, only about half of the possible values of d, occur. A more in-depth

discussion of the shape of these histogram columnsis provided in Section 3.4.
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A

Vr&si due

FIGURE 3.6 Residue Plot

The last issue that will be approached here is the relationship between unidimensional and
bidimensional histograms, illustrated in Figure 3.8. The columns of the bidimensional
histogram, offset in steps of 64 LSB, and added together result in the unidimensional
histogram. On the other hand, it is not possible to reconstruct the bidimensional histogram

from the unidimensional histogram.

The relationship can be expressed as:

127

FIGURE 3.5 Bidimensional Histogram
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hj = h,; j = 0...63 (first half of first column)
h64i+j = hi,j +hi+1,j-64 I = 0...62, ) = 64...127 (EQ 3.6)
Nesrs2+j = Nes | j = 64...127 (second half of last column)

where h with an index refers to the unidimensional histogram, and h with two indices

refers to the bidimensional histogram.

3.4  Columns of the Bidimensional Histogram

In order to extract all the information available in the columns of the bidimensional
histogram, we have to understand the factors that affect them. These factors are analyzed

in the following.

We have mentioned before that the residue dictates the shape of the histogram. The
mechanism is illustrated in Figure 3.9. Since the residue signal for code d;=k ranges from

my to My, the output codes (d,) will range from m/LSB, to M,/LSB,. Hence it is possible

analog side digital side
Viesiduep 5
(fr— — — — — — — - - - r — - - N\

M ] | M /LSB,
fineaAl\DC fir&eAaC
ir’l(SSt rg%e signal code >ougplu Itrar%ge

range range
M e I |M/LSB;
/
\ O I J
Vin =

FIGURE 3.9 Relationship between Residue Sections and Histogram Columns




Columns of the Bidimensional Histogram 34

to estimate the bounds of each residue section from the bounds of the corresponding
histogram column. For convenience, from now on al the voltages will be expressed in
terms of LSB, or LSB, so that we can use the same notation for analog values and their
digital equivalent. For instance, M, will be both the analog upper bound of the residue and

the projection thereof on the digital axis.

A closer look at the histogram column reveal sthat its shape is not what we might expect to

see for an ideal ADC in which the residue has the same bounds (see Figure 3.10). In the

4000
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real case 127
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0
ideal case 127

FIGURE 3.10 Histogram Columnsin Real and Ideal ADC

ideal case (smulated using a random uniform distribution with the same number of
samples as in the real case), the heights of the non-zero bins are about equal, except for
two incomplete bins at the left and right end. The presence of incomplete binsis explained
by the relative position of m, and M, with respect to the closest thresholds of the fine
ADC. For instance if my coincides with the threshold t,; then bin j-1 will be empty while
binj will be of average height, and if my is exactly inthe middle betweent,; andt, ;. 1, bin

j will only be of half the average height.
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Note that in both cases (real and ideal) there is some randomness in the middle region of
the histogram. The signal applied at the input when building the histograms is in fact
deterministic (triangular or sinusoidal waveforms), but we may consider it random
because the number of samples used is very large (16 megasamples) and aso the
frequencies of the signal and of the clock were chosen to be incommensurate, to ensure
that all the codes occur. Note that we are not interested in the time when a particular code
occurs (this point of time cannot be considered random), but only in how often it occursin

arelatively long period of time.

However, two major differences can be noticed between the ideal and the real case. First,
in the real case the lower and the upper bounds are not abrupt but rounded, which makes
their accurate estimation a bit more difficult. This can be attributed to phenomena such as
noise, hysteresis, drifts, and so on, which occasionally combine to push the residue outside
of the nominal interval [m,M,].

Second, in thereal casethe middleregionisnot asflat asintheidea case. The explanation
liesin the nonidealities of the fine A/D subconverter: if the thresholds of this subconverter
are different from the ideal values, we should not expect the bins to have the same height
(since the bin height is proportional to the distance between the two thresholds that define
the code of the bin). This suggests that the agreement between the residue and the
bidimensional histogram is qualified by the linearity of the fine subconverter and it is this
linearity that we should study first.

3.5 FineA/D Subconverter Characterization

Residue bounds contain information about the errors in the amplifier A2, coarse A/D
subconverter, and D/A subconverter, and will be used for the characterization of these

components. On the other hand, the bounds do not contain any readily interpretable
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information about the errors in the fine ADC, so a distinct method must be devised to

evaluate them.

Code density tests provide part of the answer. If we had a histogram covering the whole
range of the fine ADC, we would be able to estimate its errors, but such a histogram is not
available. All we have are the columns of the bidimensional histogram, and there are two
problems associated with them: most of them occupy only about half of the range (Figure
3.10, top), and there is a large amount of randomness in them, even for large data sets of

16 megasampl es.

A solution to the latter problem is to increase the number of samples until the randomness
is small enough compared to the expected bin heights. How many samples would be
necessary? It can be easily demonstrated that if pg is the probability of hitting a bin (e.g.
for auniform distribution and a 12-bit ADC, pg is 212) and n the number of samples, the

expected value of the bin height is

h = E[h] = np, (EQ3.7)

and itsvarianceis

o= JEIN’—E[N?] = ,/pe(1—po) Qs

It follows that the coefficient of dispersionis

O, 1-p

o

— (EQ3.9)
h NPo

(EQ 3.9) indicates that the accuracy isinversely proportional to square root of the number

of samples. For instance, for a coefficient of dispersion of 1% we need 40 megasamples.
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Getting so many samples can be along and tedious task in the absence of automated test
equipment. An alternative to increasing the number of samples is to use information not

just from a single column, but from all the 64 columns. In Figure 3.11, two columns (31
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FIGURE 3.11 Overlapped Columns of Bidimensional Histogram (Uniform pdf)

and 32) have been overlapped. It is easy to see that in the central region, the histograms
follow the same pattern. In the case of a uniform pdf (for a triangular waveform), thisis
valid for all the columns, so we could simply average (the full bins in) the rows of the
bidimensional histogram to get a more accurate estimate. Incidentally, this would also
solve in part the other problem. Individual columns cover only half of the range, but some
of them are shifted to the right, and some to the left, and combined together they cover

more than half of the range.

However, if the input pdf is not uniform (e.g. for a sinusoidal waveform), we have the
situation depicted in Figure 3.12. Although the columns seem to follow a similar pattern,
there is a substantia difference between them, stemming from the fact that these columns

correspond to different sections of the pdf of the input signal.

This dependence on the pdf must be removed from the histogram, before any averaging
can take place. Just like in code density tests, this can be accomplished by normalizing the
histogram with respect to the estimated pdf. A general solution (that works for any input
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signal pdf) is to find a polynomial p(i) that fits the unidimensional histogram, in a

|east-sguares sense. To normalize the unidimensional histogram, we would use

porm — __hl_
| p(i)

Taking into account the relationship between the unidimensiona and the bidimensional

i = 0...4095 (EQ 3.10)

histograms (see Section 3.3), we can normalize the latter using:

norm _ hi,j

i = m I =0...63,] =0...127 (EQ3.11)

In the following we will assume that the bidimensional histogram has been normalized. In
our calculations (in MATLAB), second-order polynomials have been used for p(i), since
no improvement has been noticed for higher-order polynomials. The result of

normalization and averaging is the reference histogram presented in Figure 3.13.

We explained in Section 2.6 that the errors in the A/D subconverters of the AD9042 fall
into two categories. those which result in symmetrical changes on both sides of the
vertical axis corresponding to the threshold, and those which result in asymmetrical

changes in the codes next to the axis. The effect of these two categories of errors can be
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FIGURE 3.12 Overlapped Columns of Bidimensional Histogram (Nonuniform pdf)
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clearly seen in Figure 3.13. Theleft half (codes 0 to 63) is mirrored in the right half (codes
64 to 127), with respect to the MSB axis of symmetry d,=63.5. Also the first quarter is
mirrored in the second quarter, with respect to the secondary axis of symmetry d,=31.5.
The second quarter is mirrored into the third (d,=63.5) which is mirrored into the fourth
(d,=95.5). In other words, bins x, 63-X, 64+x, and 127-x should be equal, where x ranges
from 2 to 30. Only the codes next to the axes of mirroring are not symmetrical, which
means that the relationship between the bins mentioned above is not valid for bins 62-65
(next to the MSB axis), bins 0-1 and 127-128 (which would have to be symmetric to those
next to the MSB axis), and bins 31-32 and 95-96 (next to secondary axes of symmetry). In
the case of the AD9042, we can use these symmetries to recreate the bins that were |eft
empty because no column of the bidimensional histogram covered them. The final
reference histogram for the AD9042 is shown in Figure 3.14.

However, most two-stage A/D converters use flash subconverters, in which case we have

to make do with the histogram in Figure 3.13, since the other bins cannot be reconstructed.

MSB axis of symmetry
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FIGURE 3.13 Symmetriesand Asymmetriesin the Reference Histogram
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Note that the new histogram (Figure 3.14) covers the whole range of the fine ADC, and
has significantly less randomness than the individual histogram columns from which it

was created, because it contains information from all of them.

The next step is to apply the usual procedure from code density tests to the reference
histogram, denoted here by H. We know that the bin height Hy is proportional to the
difference between the thresholds that define the bin:

He = gty —tok) (EQ3.12)

where q is aconstant. Adding (EQ 3.12) for k from 0 to 127 we obtain:

127
z He = gty 15—t 0) (EQ3.13)
k=0

t;108 and t,q areby definition 128L SB, and O, respectively (see Section 2.4). g can
be then calculated from (EQ 3.13) as:

127
2 M
— k=0

q =
t108 =10

(EQ 3.14)
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FIGURE 3.14 Full-Scale Reference Histogram d2
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FIGURE 3.15 Threshold Errorsin the Fine A/D Subconverter

By replacing g in (EQ 3.12) and rearranging the terms, aformulafor the thresholds of the

fine subconverter can be derived:

t —t
2 - % 2,128 2,0
Lok = o+ H =5 (EQ3.15)

2 M
k=0

The results have been plotted in Figure 3.15. Only the estimated errors are presented, i.e.
the deviations (Af, ) of the estimated values (i, ) from the ideal values (T, = K).
The top plot represents the difference between two consecutive errors, which is indicative
of differential nonlinearity. One can verify that this plot is smply a scaled and offset
version of Figure 3.14. The bottom plot is the cumulative sum of the differences shownin

the top plot and isindicative of integral nonlinearity.
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Note that the bottom plot has a different kind of symmetry from the top plot: the mirroring
happens with respect not to a vertical axis but to a point. For instance, the left half is a
mirrored version of the right half with respect to the point {63.5,0} . These symmetries are
in good agreement with the expected behavior of the subconverter, as explained in Section
2.6.

The change corresponding to bit 6 (MSB) of the fine subconverter can be clearly seen at
d,=64. Also the changes corresponding to bit 5 are quite obvious at d,=32 and d,=96.
Overadll, these errors do not exceed +/-0.25 LSB,, and they must be taken into account
when estimating the bounds of the histograms.

3.6  Histogram Smoothing

Now that the fine ADC has been characterized, out next goal is to characterize the coarse
ADC, the DAC, and A2, based on residue bounds which can be estimated from
histograms. Before proceeding to estimate them, it is necessary to remove from the
histograms any distortions caused by the fine ADC errors. We call this procedure

histogram smoothing.

We have already talked briefly in Section 3.4 about the distortion of the histograms caused
by the fine ADC. For an ADC with no threshold errors, the envelope of the histogram is
proportional to the pdf, as depicted in Figure 3.16 (MATLAB simulations with a 100,000
samples from asignal with atriangular pdf). Note that we have represented the histograms
using a stem representation, instead of the customary stairstep, in order to make the
envelope obvious. It is easy to notice that the binsin the code density plot are proportional
to the area delimited by two consecutive thresholds, marked on the pdf plot with vertical
dashed lines.
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FIGURE 3.17 Relationship between pdf and Histogram for ADC with Threshold Errors

In redlity, the fine ADC suffers from threshold errors, as we have seen in the previous
chapter. As a result, the histogram might not reflect accurately the pdf. Figure 3.17
illustrates this situation, with random threshold errors between -0.3 and 0.3 LSB. It ishard
to believe that the histogram at the right actually originates from the pdf at the left, but this

isindeed the case.

What we would need is a procedure to make the histogram agree better with the pdf, and
this should not be too difficult since we have aready calculated the errors that cause the

distortion.

Let p(x) be the pdf, and t, the thresholds of an ADC. If the number of samples is very
large, we can estimate the bin height by:

pdf code [
density

:' ~ 11,

ar|1al 0g input range digital output range

FIGURE 3.16 Relationship between pdf and Histogram for 1deal ADC
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U1
h, Oconst. I p(x)dx (EQ3.16)
t
This formula can be approximated as
h, Oconst.(t,,; —t,) Djljk D (EQ3.17)

Therefore the bin height is set by the pdf at the midpoint between the two thresholds and
the difference between the two thresholds.

(EQ 3.17) indicates that the histogram is in fact a plot of pars

Oy + Ty ﬁk
0 const.(ty, —t) Lhp . On the other hand, the plot of the pdf
O

is made up of pairs{x,p(x)}. A comparison between the two forms suggests what we have

to do to correct the distortion in the histogram. First we have to adjust the bin height

h, < hy Dfl_i (EQ 3.18)

_tk

tk+ tk+1

and then we have to adjust its position too. Instead of 5

we should put it at

t + T
2

can be seen in Figure 3.18. Note that the bins are now at irregular intervals, but their

(note that we are using estimated values, because thisis al we have). The result

envel ope reflects the pdf with high accuracy.
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FIGURE 3.18 Relationship between pdf and Smoothed Histogram for Real ADC

We can now apply this procedure to the columns of the bidimensional histogram, using the
thresholds estimated in Section 3.5, (fz,k)- An example of a smoothed histogram is shown
in Figure 3.19.

h
before
smoothing
0 d, 127
h
after
smoothing
0 d, 127

FIGURE 3.19 Smoothing Histograms

Thereis still randomnessin the histogram because we used afinite number of samples, but

systematic errors have been eliminated, so that we can now go on to the next step.
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3.7 Bound Estimation

After a histogram has been normalized and smoothed, the histogram bounds should
coincide with the residue bounds. The last difficulty in estimating these bounds is the fact

that they are rounded by noise.

Histogram bounds without and with noise are depicted in Figure 3.20. In the noiseless
case the estimation of the bounds is straightforward. If j isthe rightmost full binand j+1is

the empty bin next to it (Figure 3.20, left), we would estimate M, as:

h h h
1%:%____ 1+ — — — - 1= — — — — — —
/ /
/ /
/ /
/ y
y ’ V2 — — — -
Y /
bin # / w7
6 I bin#-1 - 77™in 4
/ /
Gl bl @
no noise/ no partial bin no noise/ with partial bin with noise
FIGURE 3.20 Histogram Bound without and with Noise
My = fj+1 (EQ 3.19)

If there isa partial bin after the last full bin, the estimate would be

~

. oh.
Mg = tj+ﬁ(tj+1_

~

t j) (EQ 3.20)

where hj isthe height of binj and h isthe average bin height. It is easy to see that when
h j goesto zero (partial bin almost empty) the estimate My goesto t j»andwhen h j goes
to h (partia bin a@most full) the estimate I\7Ik goesto fj+1, which agrees with (EQ 3.19) .
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This formula does not work any more for the case with noise. M, is probably located
somewhere between the last full bin (i.e. bin not affected by rounding) and the first empty
bin.

There are a number of solutions to this problem, al of which assume that the noise is
additive and has symmetric pdf. The solution presented here is based on the observation
that in the presence of noise, if there were a bin centered exactly at the bound, its height
would be about 1/2 (see Figure 3.20, right), i.e. half of the average bin height which is 1

because the histogram has been normalized.

Let us approximate the shape of the transition region with a polynomial f using the

|east-squares method, so as to mi nimize

2
bt a0 0
Z > o0 "o
i1
where j; and j, are the limits of the transition region, and j, - j; istypically 7-8 LSB,. A
low order polynomial (second- or third-order) hasto be used to ensure that the randomness

is averaged out. Regardless of the noise level, the value of the polynomial calculated at the
actual bound M, should be equal to 1/ 2, so that

O 10
Mg = % f(X) = (EQ 3.21)
s 7

A similar approach can be used to estimate the lower bounds, m,. The estimates of the
upper and lower bounds thus obtained are shown in the figure below. The reader is urged
to compare Figure 3.21 to Figure 3.5. The former is in fact the estimated contour of the

latter, and they are in good agreement.
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We aso need to know the variance of these estimates, preferably expressed in LSB,.
Finding a mathematical formula is quite a difficult task, so we preferred an empirical
approach. We used N=16 sets of 1 megasample derived from the same input signal,
calculated the bound estimates for each of them, and then estimated the variance of the
population of bound estimates:

~ ~ 2
Z(Mk—Mk)
on(1Meg) = N_1

This is valid for 1 megasample and must be divided to »/N for N megasamples. The

(EQ 3.22)

resulting variance for 16 megasamplesislessthan 0.1 LSB,.

The same approach was used for the estimates of some of the component errorsin the next
section (coarse A/D errors and D/A errors) and the resulting variance was less than 0.1

LSB, for simple estimates and less than 0.35 LSB, for cumulative sum estimates.

128

0 | 16 | 32 | 48 | 64

FIGURE 3.21 Bound Estimates




Component Characterization 49

3.8 Component Characterization

We have seen previoudly that the parameters of the components can be calculated from
residue bounds (Section 2.5), and we estimated the residue bounds (Section 3.7). We can
now proceed to calculate the parameters from the estimated residue bounds. The

components covered here are the amplifier A2, the coarse ADC, and the DAC.

The first parameter we should calculate is the gain, since we need it for the other

parameters. From (EQ 2.16) we can obtain:

63

Z(Mk_mk)
A — k=0
Az = 64

~

A, = 1.0005,5\2 (EQ 3.23)

In the following chapters we will use the value 1.0005-64 for the gain, although its effect is

small enough not to have any impact.

Next we calculate the threshold errors in the coarse A/D subconverter. Using (EQ 2.17) ,

we arrive at:

A~
A

A~ ™ Mk_mk
Aty = Aty + A— -LSB, , k = 0...62 (EQ 3.24)

2
Since Aty is by definition always zero, (EQ 3.24) enables us to calculate al the Aflyk
errors one by one. The results may be seen in Figure 3.22. Both the differences between
two consecutive threshold errors and the actual threshold errors have been plotted, since

the former are indicative of differential nonlinearity and the latter of integral nonlinearity.

Although this plot seems to be very different from the plot of threshold errorsin the fine

ADC, Figure 3.15, in fact it obeys the same rules of symmetry, because the two
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subconverters have similar architectures. For instance, in the top plot, the left half is
mirrored in the right half with respect to the middle vertical axis. The transition
corresponding to bit 5 (MSB) can be seen clearly at d;=32, and the transitions
corresponding to bit 4 can be seen at d;=16 and d;=48.

The results shown in Figure 3.22 can be further used to obtain information about errors at
the component level. Consider for instance the middle of the top plot. The two errors
corresponding to the MSB stage (at 31 and 32) stand out: their asymmetric component is
due to V|, mismatch, and their symmetric component is due either to resistor or current
mismatch. A comparison with Figure 2.9 indicates that we are probably dealing with a
current mismatch. We can also study the following stages, but the errors become smaller

and smaller and are more difficult to distinguish.

Vpe mismatch

current mismatch

0 I I I I I I I
0 8 16 24 32 40 48 56 64

FIGURE 3.22 Threshold Errorsin the Coarse A/D Subconverter
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In the same fashion we can calculate the output level errorsin the D/A subconverter. (EQ
2.18) can be rewritten as:
) M=t
——_ 8B, , k =0..62 Q3.2
Ao

where Al is zero.
The results are shown in Figure 3.23. Note that the units used to plot the coarse A/D errors

and the D/A errors are different: the former are in LSBy, the latter in LSB;/A,. The errors

in the coarse ADC are much larger, but do not affect the linearity of the overall ADC since

1F T T T T T T T 7
A~ A 0.5 i
Al — Al
(LSBy/A,) O ]
_O.5k . .
-1t I I 1 I I 1 I ]
0 8 16 24 32 40 48 56 64

-1 I I I I 1 I I
0 8 16 24 32 40 48 56 64

FIGURE 3.23 Output Level Errorsin the D/A Subconverter

they are removed by the mechanism of range overlap and digital correction (see Section
2.4). On the contrary, the errorsin the DAC, albeit an order of magnitude smaller, result in

significant nonlinearity. In fact, of al the sources of nonlinearity discussed in Section 2.4




Discussion of Characterization Method 52

and estimated in the current chapter (DAC errors, inter-stage gain error, fine ADC errors)

the DAC errors are the main cause of ADC nonlinearity.

3.9 Discussion of Characterization Method

Before concluding Chapter 3, we would like to review the steps involved in the
histogram-based ADC characterization method that we are proposing. Some fine points,
the limitations of the method, and other possible uses of the bidimensional histogram are

also covered here.

The steps of the method, described in detail from Section 3.5 to Section 3.8, are outlined

in the following.

1. Data sampling

Two issues must be considered when sampling data for characterization. First, the larger
the number of samples, the more accurate the estimates are. The largest sample sets we
used were of 16 megasamples, which led to a 0.35 LSB accuracy. Automated test
equipment, like the one used for standard code density tests would be most helpful.

Second, the input signal used for characterization cannot be completely arbitrary. It must
cover the whole input range of the A/D converter, without leaving empty spots, and it
should have a pdf easy to describe mathematically so as to be able to normalize the
histogram (see next step). This requirement excludes some classes of signals, such as
those which can take only a finite number of values (e.g. an ideal squarewave can only
take two values), or periodic signals synchronized to the clock (e.g. a Sinewave whose
frequency is % f clock can only take amaximum of n values). On the other hand, one can
use sinewaves or combinations of them that are not (all) synchronized to the clock aslong

asthey are overdriven, so asto cover the whole range.
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2. Histogram Normalization

This step removes the dependence of bin heights on pdf. If the input signal is not known or
hard to describe, polynomial functions can be used to fit the unidimensiona histograms.
These polynomials are then used to normalize the bidimensional histograms. For

sinusoidal waveforms, one can use instead

p(i) = L (EQ 3.26)

~2 . ~ 2
T[A/A _(l _Voffset)

where the amplitude A and the offset Ve Must be estimated [Raz95]. This formula

accurately describes the pdf of such waveforms.

3. Fine ADC Characterization

The threshold errors of the fine ADC can be estimated from the columns of the
bidimensional histogram. Based on the architecture of the subconverter, we can predict the

form of itsthreshold errors and use these predictions as areality check for the estimates.

4. Histogram Smoothing

The correspondence between histogram columns and residue sections is distorted by the
errors of the fine ADC. Since estimates of these errors are readily available (from the

previous step), their effect on histograms can be removed through a simple procedure.

5. Bound Estimation

In the case of rounded histogram edges, the bounds can be estimated as the points where
the histograms are half the average full-bin height, which in the case of normalized

histograms is equal to one. Other approaches are also possible (see Section 5.2).

6. Coarse ADC, DAC, and A2 Characterization
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A simple system of equations relates the residue bounds to the component parameters,
which can therefore be calculated, providing information about the blocks of the ADC
most likely to degrade its performance.

The reader should keep in mind that these results are only as good as the model used for
the ADC. The residue was assumed to be made up of linear sections (Section 2.4), all
having the same slope. This may or may not be true; for instance, TH2, TH3, A2, or ~ may
have a nonlinear characteristic and this may result in distorted results. However, in a
well-designed converter, the linearity of these components is much better than that of the
subconverters. It is interesting to note that nonlinearity in TH1 or A1 is not necessarily a
problem for this method of characterization (although this would obviously degrade the
performance of the ADC) since it can be removed, to some extent, by histogram

normalization.

So far we have derived bidimensional histograms from all the samples of the input signal.
Nothing prevents us from constructing separate histograms for special conditions. An
example of such a condition is the sign of the slope of the input signal. In Figure 3.24 we
have superimposed a column from a positive-slope histogram and the same column from a
negative-slope histogram (both histograms coming from the same input signal). One can
see that their bounds do not coincide, revealing the existence of a hysteresis of about
2L SB,, which makes the transitions regions slightly wider than they would be in the
presence of noise only. We believe that this hysteresisis not due to the A/D subconverters,
because if it were, it should have different signs for different thresholds (because of the
folding characteristic), and different magnitudes (for instance the threshold corresponding
to the MSB substage should be the largest). In reality the hysteresis turns out to be
constant, and it may be caused by the S/H circuits.
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dp
FIGURE 3.24 Histogram Columnsfor Positive and Negative Slope I nput

One may aso envison histograms for different slopes, temperatures, power supply
voltages, and so on, in order to study how the parameters of the components of the ADC

vary with these conditions.

Another interesting application is fault detection. A/D converters occasionally suffer from
missing codes. Classic code density tests can point out this kind of problem, and with a bit
of detective work, the test engineer may be able to determine which block is out of order.
This task is much easier with a bidimensional histogram. Consider the bidimensional

histogram shown in Figure 3.25, obtained from areal chip.

dy

FIGURE 3.25 Bidimensional Histogram of Faulty ADC
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One can see horizontal light-colored lines through the histogram, evidencing missing
codes. We can tell immediately that the problem is located in the fine A/D subconverter,
because the lines are horizontal. If they were vertical, the problem would have been in the
coarse A/D subconverter. The missing d, codes are 7, 8, 23, 24, 39, 40, and so on, all of
which, written in Gray code as they are internally coded, end in ...100. On the other hand,
the Gray codes ending in ...000 are of double height, which means that all the ...100 codes
are turned into ...000 codes. A standard code density test would also reveal the missing
codes, but it is much easier to identify the location of the fault on a bidimensional

histogram than on a unidimensional histogram.

As with any other ADC characterization method, the cost is an important issue. The
hardware requirements are very simple: one internal signal (the MSB of d, or the LSB of
d;) must be accessed so as to reconstruct d; and d,, and build the bidimensional
histograms. An extra buffer and output pad can be easily included in the design to this
purpose, especialy if it isatest run. The software requirements are also easy to meet since
any mathematical software package with root-finding, system-solving, and least-squares
optimization capabilities can be used to write the programs necessary to anayze the

bidimensional histograms.

In Chapter 5 we will show that the errors estimated through this procedure can be used for
digital correction in the case of apipeline ADC, leading to an increase of 6dB in the SFDR
over most of its bandwidth. When we applied the same approach to the AD9042, no
improvement has been noticed. A probable explanation is the presence of dynamic errors.
Using another digital correction technique, namely phase-plane compensation [Hum92a],
[Hum92b], [Hum93], [Hum96a], [Hum96b], [Iro91], and [Iro96] (also see Section 5.5),
we have been able to prove the existence of such errors which are not taken into account

by our method. The use of the histogram-based characterization method for digital
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correction is presumably limited to multi-stage ADCs whose performance is limited by

static errors.

3.10 Summary

In this chapter bidimensiona histograms have been introduced as a means of analyzing
two-stage A/D converters. An experimental part was characterized and diagnosed as to its
key sources of nonlinearity, which were subconverter errors and interstage gain errors.
There are a number of difficulties with this approach, resulting from pdf nonuniformity,
fine ADC nonlinearity, noise, and other phenomena, and methods to go around these
difficulties have been presented. The nonidealities of the ADC can thus be estimated with
reasonable accuracy, providing valuable information to the design engineers about the

limitations of the blocks that make up the converter.




CHAPTER 4 pindineADC Architecture

In Chapter 5 we will show that the theory we have developed to estimate the errorsin a
two-stage ADC can be applied with minor modifications to a pipeline ADC as well. The
present chapter is devoted to explaining the architecture of the particular pipeline converter
that was used to test the method and finding a suitable model for it.

4.1 Introduction

We have seen in Chapter 2 that in order to build the bidimensiona histograms and
characterize a two-stage ADC, we need access to an internal signal. It will be shown in
Section 4.3 that the same is true when applying characterization to pipeline converters: we
need some internal signals in addition to or instead of the normal output. The problem is
that in commercial pipeline ADCs the required signals are not available out of the chip for
testing.

Conseguently, we decided to design a chip that meets the access requirement. Fortunately,
we did not have to start from scratch, since we had access to an earlier design by Timo
Rahkonen, Antti Mantyniemi, and Antti Ruha from the Department of Electrical
Engineering, University of Oulu, Finland. In its first version [Man96a], [Man96b](Figure
4.1), the ADC had 10 conversion stages, each of them having three possible outputs (-1, 0O,

57
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FIGURE 4.1 Block Diagram of 10-Stage Pipeline ADC

or +1). Thistype of stageis caled a 1.5-bit conversion stage, and when more of them are
combined into a pipeline ADC, this is caled a Redundant-Signed-Digit architecture
(RSD).

The operation of the stages is interleaved. The clock has two phases and the odd stages
clock on phase 1 (¢,), while the even stages clock on phase 2 (¢,). Each stage generates
(on@,if itisodd, and on @, if it iseven) adigital output which is passed through latches to
the digital error correction logic, and also an analog signal (the residue) which is applied at
the input of the next stage. The residue produced by each stage is delayed from the
preceding stage by half a clock cycle, so that 10 phases (i.e. 5 clock cycles) are necessary
for the signal to propagate up to the output of the last stage. The digital outputs of the
stages are delayed by latches a number of phases to make up for the latency on the analog
path so that all the bits applied at the input of the digital correction logic during a clock

cycle correspond to the same analog input sample.
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The chip was fabricated in a double-metal double-poly 0.8um BiCMOS technology

(AustriaMikro Systeme) and had the following performance metrics:

« power consumption 5.4mW at 2.7V (the chip was specifically designed as alow power
circuit)

« sampling frequency 300kSamples/sec

« SNR=58.5dB

« ENOB=9.4 (effective number of bits)

« SFDR=64dB

« DNL=0.5LSB

e INL=1.5LSB

Our version (Figure 4.2) has 14 1.5-bit stages (extra stages are provided for
characterization/correction) and its performance before (histogram-based) correction is
very similar to that of its predecessor. The 28 digital outputs of the 14 conversion stages
are not combined on-chip to build the overall digital output, but are made available out of
the chip through multiplexing. The odd stages supply their bits at the output on ¢,, and the
even stages on @,. The output is sampled on both phases, and the samples are collected by
alogic analyzer and transferred to a computer for analysis. Since no latches are included,
for reasons of simplicity, the delaying is done by software. This implementation, athough
inconvenient for normal ADC operation, is ideal for testing the characterization method

because it offers accessto al the internal signals.

Each 1.5-hit conversion stage provides at the output a pair of bits (D[<,DJkr), which can
take the values (0,1), (0,0), and (1,0) (more on this topic in the following chapter). These
two bits are then subtracted from each other, so that the actual output of the stage is

defined as aternary value

+ -
Dk = Dk_Dk (EQ4.1)

which can take the values +1, 0, and -1, and the overall ADC output is calculated as
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FIGURE 4.2 14-Stage Pipeline ADC with Accessto I nternal Bits
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It is apparent that there is a lot of redundancy in the definition of d: there are 14 stages

314 combinations, but d can only take 2> — 1

each with 3 possible outputs, for atotal of
values (between —27° -2 — 21 2% and 28+ 2%+ |+ 21+ 2% oo that
the average number of combinations for each possible output is 145.969. This number is
different for different outputs. for instance d = 16383 can only be written as
2B 4oty +2t4 20, while d = 16381 can be written either as
2B+ 0%y 42t 2% oras 2B 422+ 404+ 2° , and other outputs can be

written in hundreds of ways.

The purpose of this redundancy is to make the ADC insensitive to threshold errors, and
consequently eliminate the deadbands from the overall input-output characteristic. The
ideaisthat if a conversion stage makes an error in calculating the digital output (because
of threshold errors), the error will be corrected in the following stages and the output will
be right, though resulting from a different combination. For instance, suppose that the
analog input is such that d should be 212 Then, we would expect stage 13 to supply a0,
stage 12 to supply a+1, and al the following stages to supply a0, according to (EQ 4.2) .
If stage 13 makes an error and suppliesa+1 instead of a0, itsresidue will be negative, and
stage 12 will supply in al likelihood a -1, and the next stages will supply 0. The output
willbe 22 =22 + 0+ 0+ ... = 2™ whichistheright value.

Note that for this circuit we started the numbering of the conversion stages from the left
(stage O isthe LSB and stage 13 is the MSB). For the AD9042 we started the numbering
from the right (stage 1 was the coarse subconverter and stage 2 is the fine subconverter).
We used these (conflicting) notations because they are customary for pipeline and two-

stage converters, respectively.

The basic unit of this design is the conversion stage, which is explained in the following

chapter.
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4.2 1.5-Bit Conversion Stage

The structure and operation of each stage is presented in Figure 4.3. To minimize area and
power consumption, each stage contains only one offset-compensated operational
amplifier, in addition to capacitors and two latched comparators. As it was mentioned in
the previous chapter, the operation of consecutive stages is interleaved and consecutive

stages clock on alternate phases, ¢, or @,.

[ N i
Vi R VAV M Vout
s T
Cs
= 1S 3
I -
- D
Vcomp b k
odd stage on @, odd stage on @,
even stage on @, even stage on @;

FIGURE 4.3 Two-Phase Operation of 1.5-Bit Conversion Stage

Suppose we analyze an odd stage. On ¢, the signal V, is applied at the input and the
(equal-sized) capacitors are charged to

CV.
Ql = 2'” (EQ 4.3)

On @, the configuration of the switches is changed, and +V,, 0, or -V,¢ is applied at the
input, depending on the result of the conversion in the previous stage. Say we apply +V,gt.
Then, the two capacitors at the input are charged to
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— CVref
Q= 5%

while the two capacitorsin the feedback loop are charged to

— CVout
Q22 - T

Charge conservation requires that

2Q; = Qy +Qy

so that

Vout = 2Vin - Vref

(EQ 4.4)

(EQ 4.5)

(EQ 4.6)

(EQ 4.7)

We can derive in a similar fashion formulae for the other cases, when O or -V, is applied

at the input, and we can write the stage output as

EQVin_Vref
Vout = %Vin
Vin + Vref

To allow for possible nonidealities, we will use the following form:

+

EAVin_Vref
Vout = EAVin
DAVin + V;ef

where Aisnominally 2, and V:ef isnominally equal to Vo .

(EQ 4.8)

(EQ 4.9)
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Also on @,, V;t is compared by the two comparators to a pair of reference voltages,

+ +

\% and =V o, (Where Vo

comp >0> =V omp) to determine the digital output and

implicitly the reference that will be applied at the input of the next stage:

+

LM V,2V

Dy = comp
l:p Vin < Vcomp
D-k - %D VinZ_V_comp
Dl Vin < _Vcomp (EQ 4.10)
+
E 1 Vin 2 Vcomp
+ - - +
Dk = Dk_Dk = EO _Vcompsvin<vcomp
D‘l Vin < _Vcomp

This model will be used in the next chapters to define the residue of the first and second

stages.

4.3 Residue Modeling for Partition 1/13

The pipeline architecture presented here seems to be quite different from the two-stage
architecture we analyzed in Chapters 2 and 3. However, it can be described using a very

similar model and therefore it can be characterized using the same method.

First we divide the pipeline ADC conceptually into two subconverters, and examine the
residue produced by the first one and fed to the second one. We can choose the two
subconvertersto include 1 and 13 conversion stages, respectively, or 2 and 12, or 3and 11,
and so on. We will see later that, as we increase the number of stages in the first

subconverter, the estimation accuracy for its parameters decreases due to error
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accumulation and to the smaller number of bits in the second subconverter (which is used
to characterize thefirst one). Only the first two cases, 1/13 and 2/12, are studied here.

We will begin by analyzing the partition 1/13. (EQ 4.9) can be applied to stage 13:

+
V., -V +
EAB in ™ Vref,13 VinZVeomp 13
— - +
Vres,l3(vin) - EABVin _Vcomp,13 < V|n < VCOIT]p,13 (EQ 4.11)
Vi n< _Vcomp,13

UAVin + Vi 13
which can be rewritten as

Vres,lS(Vin) = A13(Vin_|13,k) , t13,k<VinSt13,k+l k=0..2 €ea12

where

0V. VAR
|13,k = 0 ref 0 ref

0 A’ Asp
O Ves - . Ve
Lz = %‘T’_Vcomp’ +Vcomp’+7D

Note that the equation above is essentially the same as (EQ 4.9) , except for some changes
in notation, which might seem unusual for the pipeline architecture. The reason for these
changes is that we want to emphasize the similarities between the two-stage architecture
from Chapter 2 and the conceptualy two-stage (but redly 14-stage) architecture

introduced in the current chapter.

We also need to define the digital outputs of the first and second subconverters. The former

isobviously

diz = Dy3 (EQ 4.13)
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and the latter is

d12_0 = D12212 + D11211 + ...+ D121 + D020 (EQ 4.14)

The overall output is then calculated as:

13
d =dj327 +dyy, (EQ 4.15)

The digital output of the first stage can be further written as

d13(Vm) = k—l, t13’k<V' <t13, K+11 k:02 (EQ 4.16)

n=

At this point we should note that d,5 and d;,_5 cannot be reconstructed from d, because
some information islost when the first two are combined into the last one. For example, if
d = 2" —1, we cannot know for certain if di3 =1landdypg=-1lordyz =0
anddq, o = 2" _ 1. Both combinations are theoretically possible, and we cannot know
which one actually happened unless we have at least access to D;5. Many similar

examples can be found.

Based on the equations above we can draw the transfer characteristic of the stage as in
Figure 4.4. Just as in Section 2.4, it can be (easily) proved that errors in the reference
levels (I134), gain (A13), and the second subconverter (stages 12 to O) are relevant for

linearity, while errorsin the thresholds (t;3 ) are not.

We introduce now the upper and the lower bounds of the residue, (M, and my, also
indicated in Figure 4.4), as the maximum and minimum values that the residue can take on
section K (i.e. the part of the residue corresponding to code d3 = k - 1), in the absence of
noise. These bounds can be expressed in terms of the parameters of the first subconverter
using (EQ 4.12) :
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Vres,13
A M,
|
My |
|
|
Y :
Aqgl 13,(1K gy
n
A13l132 |
M2 |
| |
| |
yolm) :
m I | I
?13,0 t131 t132 t133

FIGURE 4.4 Transfer Characteristic of First Stage

My = Az ltizpes —l13k)

(EQ 4.17)
M, = Az iz —l13k)

Thisisasystem of 6 equations and 8 unknown variables (A;3, ty3, for k=0...3, and |13y,

for k=0...2). Since we are mostly interested in linearity (and not in an overall offset of the

characteristic), we can choose |13 1 to be 0, and we al'so know that ty3 g = -t13 3, S0 that the

system can be solved (see page 15 for solution details) leading to the following equations:

tigper =

|13,k+1 =

2
Z (M —my)
M, —m
_kz\__l—(”l?”k , k =0..2 (EQ 4.19)
13
M —m
k—'<+1+|13,k , k=0..1 (EQ 4.20)

A13
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(please compare (EQ 4.18) to (EQ 2.16) , (EQ 4.19) to (EQ 2.17) , and (EQ 4.20) to (EQ

2.18) ). In conclusion, all the parameters can be calculated if the bounds are known.

If a small gain error is acceptable and only the nonlinearity must be removed, we only

need to calculate the Ayl 43 products, using

A similar model for partition 2/12 is also required and will be calculated in the next
chapter.

4.4  Residue Modeling for Partition 2/12

We begin this section by defining the digital outputs of the first and second subconverter
for partition 2/12, dy5.1, and dy;_q, respectively:

dig1p = D32+ Dyy (EQ 4.22)
_ 11 10 1 0
dijg = D327 + D27 + ... + D127 + Dy2 (EQ 4.23)
and the overall output is
12
d = d13_122 + dll—O (EQ 4.24)

Since both D5 and D, can take three values, theoretically there are nine possible
{Dy3 Dyy combinations: {-1,-1} , {-1,0} , {-1,+1} ,{0,-13 ,{0O, 0 ,{O,+1} ,
{+1-1}, {+1,04 , and {+1,+1} . The corresponding values of d;3_;, are
respectively: -3, -2, -1, -1, 0, +1, +1, +2, +3. Note that some values appear twice because
they can result from two different combinations. Thus, according to (EQ 4.22) {-1,+1} is
equivalent to {0,-1} . In the real chip, depending on the actual comparator thresholds of the
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conversion stages, we might have {-1,+1} or {0,-1} or both. It turns out (as it will be
shown in Section 5.1) that for this circuit we only have {0,-1}. The combination {-1,+1}

never occurs, and the same appliesto {+1,-1} whichisequivalent to {0,+1}.

As a result, the residue of the first subconverter for this partition will only have seven
branches, instead of nine. The parameters of this residue, which is in fact the residue of

stage 12, are calculated in the following.

The thresholds of the first subconverter are easy to determine: we already know four of
them, namely the two ends of the scale, _V_FS and \/7':8 and the two thresholds of stage
13, namely —V o 13 and V;omp,ls- Wezalso have to add the thresholds of stage 12,
referred to the input. Since the residue of stage 13 is calculated by subtracting —Vref,13 , 0,
or V:ef,13, from the input and amplifying the result by A5, referring the thresholds of
stage 12 to the input means dividing them by A3, and adding =V 43, 0, or V:eflls.

- - - +
- Vref,13 B Vcomp,12 - Vref,13 + Vcomp,12

The resulting input-referred thresholds are

A3 Az
- + + - + +
_Vcomp,lz Vcomp,lZ Vref,13 B Vcomp,lz Vref,13 + Vcomp,12
: : , and . However, we have
Az A3 A3 Az
. o ~Vie13t V;omp 2 Vi1~ V comp.12
to eliminate from thislist two thresholds, ’ — and . .

A13 A13 ’

since they correspond to the two combinations that do not occur, { -1,+1} and { +1,-1} .

. O Ves = Vier13— Veomp.a2 - —V comp,12
The remaining thresholds are [+~ > A + =V comp,13 A
O 13 13
+ + +
Vcomp,12 V+ Vref,13 + Vc;omp,12 VFSE

A13 comp,13 A13 ) D‘




Residue Modeling for Partition 2/12 70

(EQ 4.9) can be applied to stage 12 asfollows:

+
V -V +
A1 res,13 ref,12 Vres,13 >V comp.12
— - +
Vres,13-12 - DAlZVres,13 _Vcomp,lz < Vre5113 < Vcomp,12 (EQ 4.25)
%A V +V. Vies13 < _V;:omp 12
12 V res,13 ref,12 ' '

Using (EQ 4.11) and (EQ 4.25) we can calculate the parameters |13_12,k as the sum of

+

V, \Y
the input-referred contributions of stage 13, — ref’lg, 0, or ref,13’ and the input-
Az Az

Vv V'
referred contributions of stage 12, .12 , 0, or ref, 12 .

ApAgs AppAgs
Then, the residue of the first subconverter can be written as

Vies1312(Vin) = Az1oVin—liza2k s
(EQ 4.26)

ti310k <Vin<tizaoxer, K =0...6

where
Aiz1o = AAp
- - - - +
| _ Evref,13 Vie12 Vie1s  Viera2 0 Ve 12
= ,k - - 1 1 ] ]
152 ] A3 A1pA3 Az A1pA3 ApAg3
+ + +
Ve 13 Vref,13+ Ve 12 %
Az ’ Az A12A3 []
0V S _V;ef 13_V;:omp 12 - _V-com 12
= ) ) _V P,
t13-12,|( Eﬁ 2 1 A13 ’ Comp,]_3’ A13 )
+ + +
Vcomp,12 V+ Vref,13 + Vcomp,12 VFSB
A13 1+ ¥ comp,13: A13 2 0
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The plot of the residue is shown in Figure 4.5. Incidentally, both residue plots have been
made using parameters estimated through histogram analysis from a real chip, so we
believe they are accurate representation of the real transfer characteristics. Since the
architecture is insensitive to threshold errors, when the chip was designed little attention
has been given to setting the thresholds to a specific value. As a result, the characteristic
looks very uneven, which is absolutely normal (it does not lead to errors).

Vies13-12

A

»Vin

FIGURE 4.5 Transfer Characteristic of First Two Stages

The residue bounds can be determined in the same manner as for partition 1/13. Thistime
we choose |13 3to be 0 (since |13 3 corresponds to dy3 1, = 0), and we set ty3 9 = -ty37. The
solution of the system (see page 15 for solution details) relating the residue bounds to the

parameters of the first subconverter is:

6

Z (My—my)
k=0

Az = (EQ 4.27)
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t13-12,k+1 - A +t13-12,k 1 k =0...6 (EQ 4.28)
13-12
M,—m
— 'k k+1 _
l13.12k41 = AL +li3 ok o k =0..5 (EQ 4.29)
13-12

Just as in Chapter 3, the units for the analog voltages will be the LSB of the first and

second subconverters, for convenience.

45 Summary

In this chapter the architecture of a 14-stage pipeline ADC converter was presented. It was
shown how this can be conceptually modeled as a two-stage ADC, by dividing the 14
stages between two subconverters. A detailed mathematical description of the residue was

provided.




CHAPTERS  Characterization and Digjtal
Correction of PipdineA/D
Converters

It was shown previoudly that the operation of a pipeline ADC can be described using a
pseudo-two-stage model. In this chapter, we will apply the histogram-based method of
characterization to this model and we will show how this method could be turned into an

adaptive on-line digital correction mechanism.

5.1 Histogramsfor Pipeline ADC

We aways start the characterization process by sampling the data and building the
bidimensional histograms. In Chapter 3 we have used histograms of code density versus
the output codes of the coarse and fine subconverters. Likewise, for the pipeline ADC we
need histograms of code density versus the output codes of the first and second

subconverters.

The first partition analyzed here is 1/13, the output codes of which, d;3 and dy,.g, have
been defined in Section 4.3. d;3 can take the values -1, O, and +1, and d;,_ can take any
value between -8191 and +8191, therefore the overall bidimensional histogram will have
three columns and 16383 rows. The ratio of the two dimensions is too large for the plane
representation used in Figure 3.5, so that only individual column histograms will be

plotted. Typical histograms are shown in Figure 5.1 (this one was obtained from

73
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d13 =-1
di2.0
+819
di3=0
di2o
-8191 +819
h
d13 =+1
dqo.
-8191 0 +8191

FIGURE 5.1 Histogramsfor Pipeline ADC with 1/13 Partition

256kSamples of a triangular waveform of peak-to-peak amplitude less than full-scale;
note that the first and last histograms do not extend to -8191 or +8191, respectively).
These histograms show much more variance than the ones presented in Chapter 3. Thisis
due to the smaller length of the sample sets, and also due to the fact that this ADC has
more bits and therefore larger sets would be necessary to obtain the same bin height. It
was found that satisfactory results can be obtained even with these small sample sets, since

error accumulation is not a problem with the pipeline ADC (see Section 5.4).

For partition 2/12 the codes of the first and second subconverter have been defined in
Section 4.4 as dq3.1, and dq1.o. The histograms for the same triangular waveform are
presented in Figure 5.2. Since the number of possible combinations of the first two bitsis
nine, we could theoretically plot nine histograms, but two of them are empty and have not
been included here. The reason is that the corresponding {Dq3, D19} combinations,
{-1,+1} and {+1,-1} , never happen, proving that we were right in assuming that the

residue only has seven sections.
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h

D13 = -1

D12 = -1 d

diz312=-3 2005 TAOOE L0
h

D13: -1

D12: 0 d

di312=-2 2005 0 TA59E011-0
h

D13=0

D12 =-1 d

dis12=-1 Zpgs 0 Ao L0
h

D13=0

D12: 0 d

di3.12=0 7095 0 +2005 -0
h

D13 =0

D12 =+1 d

h312=*+1 7595 0 4095
h

D13 =41

D12 =0

4 — 5 dqq.

di3.12=+2 Z5ae 0 a5 -0
h

D13 = +1

Dp=+1

diz10=+3 d11.0

-4095 0 +4095

FIGURE 5.2 Histogram for Pipeline ADC with 2/12 Partition

An interesting observation is that for this ADC, under certain conditions of bias, al nine

combinations occur. The explanation is simple: the bias currents affect the thresholds of
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the comparators, which in turn determine the limits of each histogram. Sometimes the
thresholds that define a section of the residue get too close to each other or even switch
sides, which means that the corresponding combination will never occur. This is not a
problem in any way: al the possible values of the output code d occur and the linearity of

the converter is not affected.

The parameters of the first subconverter, gain (A), thresholds (t,), and normalized output
levels (l,), can be calculated from the bounds of these histograms, which are estimated in

the following section.

5.2 Bound Estimation

For bound estimation we could simply use the same method as for the AD9042.
Nevertheless, we will present here a less accurate but simpler method, which has the
advantage that it can actually be implemented in hardware as a digital correction
algorithm. In Section 5.4, after explaining the new method, we will compare it to the other
one. The point that we are trying to make is that the same idea, histogram-based
characterization, can be customized to particular requirements of complexity and

accuracy.

One of the major difficulties in estimating the bounds of the histograms is the
nonuniformity in the pdf of the input signal. In Section 3.7 we solved this problem by
normalizing the histogram with respect to the estimated pdf. Another possible solution is
to use for calculations only very small regions of the histogram. For instance, we can
assume that the pdf is nearly uniform over intervals of A = 64 LSB, which represent less
than 0.2% of the full-scale of the pipelineADC (FS= 32767 LSB).
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Nonuniform Histogram Locally Uniform Histogram
FIGURE 5.3 Nonuniform and L ocally Uniform Histograms

Of course, there are classes of signals for which this assumption is not true. Suppose the
input signal is a sinewave, or any periodic signal whose frequency can be expressed as
fignal = %fdock where m and n are smal mutualy prime integers. Then, the
histograms will be just a collection of spikes; the bins between the spikes will be empty
and in the vicinity of the spikes the pdf will be highly nonuniform (Figure 5.3 left).
However, any signal that does not satisfy this condition and covers all the 64-LSB intervals
(Figure 5.3 right) where calculations are made should lead to satisfactory results.

Another difficulty is the presence of noise which makes the transition (between the region
where codes occur and the region where codes do not occur) extend over an interval of
about 16 LSB. MATLAB simulation plots showing the shape of the transition region for

different noise variances o, can be seen in Figure 5.4.

As we might expect, the transition region becomes wider as the noise level increases.
Nevertheless, for a fixed arbitrary reference (er’, an integer) in the flat region (see Figure
5.5) and a fixed upper bound (M,), the area to the right of the reference is the same,
regardliess of the noise level. Hence we could define a statistic based on this area to
estimate My, by noting that the area added by noise to the right of M, is equal to the area
removed by noise to the left of My




Bound Estimation 78

8191

h,
j=r, +1
IS

~ +
Mk = I'k L+
hk

+0.5 (EQ5.1)

In the same manner an estimate of the lower bound can be defined as

r k—l

%
My =My=——=—

h;
1
— -05 (EQ5.2)
hy
Note that in the equations above we used two diffAerent average bin heights: one for the
upper bound (h;) and one for the lower bound (h_[(). Both are calculated in intervals of
length A in the immediate vicinities of the corresponding transition regions, to ensure that

the pdf nonuniformity of the input signal does not affect the accuracy of the estimations:

1
r; Mk ri: Mk r; Mk
FIGURE 5.4 Effect of Noise L evel on Shape of Histogram
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k = A (EQ5.3)

iy = it
The regions used for estimation may be seen in Figure 5.5. The average values are
calculated in the reference regions and the sums at the numerator of the middle term in
(EQ5.1) and (EQ 5.2) inthetransition regions.

Let us verify that (EQ 5.1) gives the right result in the noiseless case. We can express M
a M, = r; +n+a+0.5,wherenisaninteger and O < a <1 (any number can be
expressed in this way). The thresholds of the second subconverter are located at 1 + 0.5,
where | is an integer between -8192 and +8191. We are only interested in the bins from
+ . . .
I + 1 to +8191, since these are the ones summed in (EQ 5.1) . Out of these bins, those
for which both thresholds (each bin is defined by two thresholds and the bin is assumed to
be located in the middle of them) are less than M, will be full, i.e. their height will be

approximately h_lJ(r . Theindex of these bins must therefore meet the following conditions:

/

o

reference transition
region region
‘//////// - d
< A bt M 2

FIGURE 5.5 Regions Used in Estimation
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. . +
re <l & 1+1+05<r,+n+a+05 (EQ5.4)

It is easy to see that there are N full bins (i.e. N integer values of | that satisfy the
equation above).

Those bins for which both thresholds are greater than M will be empty. The bin with one
threshold less than M and one greater than M will be partially full. Thisbin is the one
defined by the thresholds ' + N+ 0.5 and ry, + (n+ 1) + 0.5, since

a+05 <r,+(n+1)+05

+ +
rn+n+05<r,+n
I . (EQ 5.5)
k

+
OO0
M

and its height will be ah_;(r. Now we can apply (EQ 5.1) :

~ A~

Lt Lt
nhy + ahy

~ + +
My = 1) + +05=r ., +n+a+05 = M, (EQ5.6)

+

hy
which isthe right result.

This approach also solves the last major difficulty in estimating the histogram bounds, to
wit the errors introduced by the nonlinearity of the second subconverter, which are
averaged out over the reference region and the transition region. This solution is not as
accurate as the one demonstrated for the two-stage architecture, but it is extremely simple,

and we will see later that it could be implemented with alittle digital circuitry.
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The bounds can now be calculated from (EQ 5.1) , (EQ 5.2) , and (EQ 5.3) . The results
are presented in Table5.1 and Table 5.2, for the histograms shown in Figure 5.1 and
Figure 5.2.

TABLE 5.1 Histogram Bounds for Partition 1/13

Bound my mp Mo My

Vaue (LSBy,9) | -5940.5 -2411.3 2220.8 5747.7

TABLE 5.2 Histogram Bounds for Partition 2/12

Bound my m, mg m, ms mg
Value (LSBy1.0) | -3051.1 -1839.6 -29454 -11158 -2403.9 -1097.3

Bound Mo M, M, M3 My Ms
Vaue (LSBy1.0) | 1029.7 22245 11350 29635 16569 2979.1

Note that the first lower bound and the last higher bound are always known. my and M, for
partition 1/13 are -8191.5 and +8191.5, and my and Mg for partition 2/12 are -4095.5 and
+4095.5, respectively. This is because the lowest / highest possible codes of the second
subconverter are £8191 and +£4095, respectively, and 0.5 LSB must be added or
subtracted since the thresholds that define a histogram bin are located 0.5 LSB to the left
and to the right of the bin position.

5.3 Component Characterization

We have seen the relationship between the parameters of the first stage and the bounds of
the residue in Section 4.3 for partition 1/13, and the bounds were estimated in Section 5.2.
The next step isto calculate the parameters, using (EQ 4.18) , (EQ 4.19) , and (EQ 4.20) ,
in which the actual values of the bounds are replaced by the estimated values.

The parameters can be easily calculated:
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Asz = 1.9960
t13x = {—8191.5,-2974.6, 2879.2, 8191.5} (EQ5.7)

113« = {—4088.86, 0, 4087.71}

These numbers must be tranglated into physical quantities for a reality check. The model
parameters used in the previous equation were defined in Section 4.3 in terms of physical
parameters, and the correspondence between estimated (7) and ideal (7) values can be
readily derived:

Vo= tis i Ves coss
comp < 81915 2 Qe

~ _ Agsliz ke

= — (EQ5.9)
ref 8192 ref

where we assume that there are no overall gain and offset errors (we have no other option,
since the proposed characterization method is insensitive to such errors and they are
anyway less important than the nonlinearity errors we are trying to estimate). Replacing
(EQ5.7) in(EQ5.8) and (EQ 5.9) , we obtain:

Az = 1.9960
. Vi . Y
Vcomp,13 = 0-36317':8 V:omp,ls = 0.35].57[:S (EQ 5.10)

Viet1s = 09963 Vigr1s  Vieris = 0.9960 Vief 13

In order to interpret these results, we must remember that real circuits are plagued by

various offsets and mismatches.

Threshold errors are not important, since they do not affect the overall linearity. The
thresholds of the comparators (V

comp+ Veomp) @e in this case set by a deliberate
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comparator offset (the transistors in the input differential pair of the comparator have
different widths). Gain and output level errors, on the other hand, can affect the shape of

the overal characteristic.

For this specific BICMOS ADC, the most likely source of nonlinearity is capacitor
mismatch. From Figure 4.3 it can be easily proved that

Vo = Ot ,Co+Cq, Epz+cﬂv

= (EQ 5.11)
out Cl + CF + CF ref

Intheideal case (C; = C, = C3 = C,) thissimplifiesto

Vo = 2V,

in— Vret (EQ5.12)

out

but in real circuits we can expect to have some mismatches between capacitors (around
0.1%-1%), which will lead to a gain (A;3) error, and an output level (V¢ 13, V:ref’13)

error, due to the first and the second terms, respectively, in (EQ 5.11) .

Another possible problem isthe op amp gain. It can be shown that (EQ 5.12) becomes for
finitegain

1

Vour = __'z'(zvin_vref) (EQ5.13)

1+%
A

However, for the gain to cause the reduction in the SFDR measured in the rea chip, it
would have to be very low (about 500 according to MATLAB simulations). The op amp
was designed to have a much higher gain (>10,000 according to HSpice simulations), so
that, in al likelihood, its contribution to the overall nonlinearity is smaller than that due to

capacitor mismatches.
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Unfortunately, there are nonidedlities that are impossible to detect with this
characterization method, for instance nonlinear capacitors, nonlinear op amps, and input-
dependent charge injection and sampling times. Thisis because the model we are using for
the basic conversion stage does not take into account these phenomena. A more elaborate

model could take them into account but the analysis would be much more difficult.

A similar analysis can be performed for partition 2/12. The equations to be used are (EQ
4.27) , (EQ 4.28) , and (EQ 4.29) . The resulting parameters are

Aisp = 3.9834
t1ax = {—4095.5, ~2809.48, —1485.07, —738.30, 745.07
1441.15, 2792.50, 4095.5} (EQ5.14)

113k = {—3069.09, —2044.63, -1024.35, 0, 1024.07
2043.52, 3066.86}

The correspondence between these parameters and physical parameters was presented in
(EQ 4.26) . Equations similar to (EQ 5.8) and (EQ 5.9) can be employed, with 4095.5
(4096) instead of 8191.5 (8192), and we can use the value of A3 previously estimated.

The end results are:

Az1, = 3.9834 A, = 1.9957
A Vv R Y

Veomp,13 = 0.36267':S VZomp,ls = 0.35187':8

A Vv R Y

Veomp1z = 0-3598—2F-S Veomp.12 = 0.3631—5-S (EQ515)

~ - ~ - ~ +
Vref,13 = O-9964\/ref,13 Vref,13 = O-9958Vref,13
Viet12 = 09962V et 12 Vyer12 = 0.9959V ¢ 1
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Please note the relatively good agreement between these results and those obtained for the

L ~ +- ~ - VEs
partition 1/13 (0.01% of Vef 13 for Vyef 13, and 0.05% of ——

A +[-
5 for Vcomp,13)-

5.4 Discussion of Characterization Method

The method we used for the pipeline ADC is quite different from the one used for the two-
stage ADC. A legitimate question is why we did not use the same method to characterize
both ADCs. Thisissue will be addressed in the present section.

The two methods are essentially the same. Both use bidimensional histograms and go
through bound estimation and parameter calculation. The latter step is necessarily
different from architecture to architecture, but for a given circuit design there is only one
way it can be done: by solving the system of equations that relates the parameters to the

bounds. Thisis straightforward and should not pose any problems.

On the other hand, different methods can be imagined for the extraction of the bounds
from histograms (this includes al the steps from normalization to bound estimation).
Some of them are more elaborate and also more accurate, like the one presented in
Chapter 3, while others are simpler but not as accurate, like the one presented in Section
5.2. Probably the best approach to finding the optimum trade-off between accuracy and
algorithm complexity isto start with the most accurate method and then check which steps

can be discarded without significant loss of accuracy.

If the input signal has auniform distribution, or isat least locally uniform in the vicinity of
the bounds, we may skip the histogram normalization step (see Section 3.5), and calculate

the average bin height in areference region next to the bound.

For the method explained in Chapter 3, fine ADC characterization would be the next step.

For pipeline ADC, this step is more or lessirrelevant, because all 14 conversion stages are
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identical, so that we only need to characterize one or two to get a feel for what might be

the main cause of nonlinearity.

Histogram smoothing may also be skipped if error accumulation is not a problem. For the
two-stage ADC analyzed in Chapters 2 and 3, this is a serious concern, because there are
63 thresholds and 63 output levels to calculate progressively, and an error in any of these
would show up in al the following parameters. For the pipeline ADC, there are only two
thresholds and two output levels to calculate for partition 1/13, and six of each for
partition 2/12 with only moderate error accumulation, but for higher-order partitions, error
accumulation may become a problem. We may also skip this step if the integral

nonlinearity of the fine subconverter is small enough in the vicinity of the bounds.

The last step before parameter calculation is the actual bound estimation (the previous
steps were just preparation). Two approaches have been presented here: one used the fact
that the bin-height at the bound should be half of the average bin height in the flat region,
and the other was based on the observation that, regardless of the noise level, the area of
the transition region delimited by a fixed reference in the flat region is constant. If the
number of samples is large enough, the results provided by these two approaches are
amost identical. On the other hand, as we will see in Section 5.6, the latter approach is
more amenable to hardware implementation. It is hard to imagine that the former could
actualy be turned into a circuit, because it is very complicated: it requires LMS and
polynomia equation solving. Of course, in the case of diagnosis, the computations are
performed in software so that it does not matter which one is used: either of them takes
only a few seconds (consequently the version presented in Chapter 3 should be used,

because it is more accurate).

We can now answer the question we asked at the beginning of the chapter. The first
method is general and can be used for any circuit, and in the case of the pipeline ADC it

provides very similar results to the second method. On the contrary, the second method
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leads to gross errors when applied to the AD9042, mainly because the histograms are not
normalized. With normalization, or with uniform (over the whole range) inputs, the errors
are much reduced. The test engineer will have to decide, from case to case, if a simpler
method can be used instead of the one presented in Chapter 3.

The main reason why we presented the second method of bound estimation is that it is

very easy to implement, asit will be shown in the following sections.

5.5  Prior Art of Digital Correction

From characterization to digital correction there is only one small step. If we know the
errors with sufficient accuracy, we should be able to make corrections for them, as long as

they do not cause deadbands (in this circuit they do not). It was proved in Section 2.5 that

if weuse
A .l
k
d= -8 +dy_g (EQ 5.16)
LSB,;
instead of
13
d = 2 d13+d12_o (EQ5.17)

the characteristic becomes linear (assuming an ideal second subconverter), athough the
gain may still be off. Consequently, for partition 1/13 we could use a small look-up table
to store (Aq3l130) and (A13l13 2) (notethat (Aq3l13 1) isaways zero). di3 would address the
table, the output of which would be added to dy5_g.

The idea of using look-up tables is by no means new. What is new is the manner of
calculating the valuesin the look-up table. So far, the most widespread technique has been

to measure off-line the correction coefficients by reconfiguring the converter by means of
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switches [Cra90], [Kar93], [Kar96], [Leed4], [Oli96], [Soed5], and [Suz90]. The analog
input of conversion stage j is set to zero, and its digital output is set to k. As a result, the
input to the next stage, j-1, is exactly (Ajl; ) and can be measured by the stages j-1 to 0.
The procedure starts from a low-order stage and goes on until the MSB stage. For better
precision extra stages beyond the LSB can be provided, or a circular structure may be
formed, so as to correct errors in stage O stage using stages MSB to 1, errorsin stage 1
using stages 0 and MSB to 2, and so on. It is also recommended to measure the
coefficients several times, and average the results, in order to remove the effect of noise.
The only implementation known to us that can be used on-line is based on an algorithm
that skips conversions randomly to do some correction and uses interpolation to estimate
the value that was skipped [M0097]. However, this implementation requires a reduced

frequency range for the input signal, to ensure that the interpolation results are accurate.

Another solution isto compare the outputs of the converter under test with the outputs of a
very accurate reference converter for the same input signa, [Rib91], [Tie90]. The

reference ADC would provide the coefficients for the look-up table.

A more elaborate approach is phase-plane compensation [Hum92a], [Hum92b], [Hum93],
[Hum96a], [Hum9eb], [Iro91], [Iro96], [Mou89], and [Reb87]. This requires that clean
sinewaves should be applied at the input of the ADC and uses sine-fitting to estimate the
errors for each possible code. Dynamic errors can be taken into account, by considering
the error coefficients dependent on both the current state and the previous state (or the
current state and the slope). The method is very accurate, but also very laborious and time
consuming. In its more elaborate and efficient implementations, a large number of signals
of different frequencies and amplitudes must be sampled in order to cover as much as

possible of the phase plane (i.e. the current-state/slope plane).

Another approach is based on the analysis of the fft of the digital output for a sinusoidal

input. The magnitude of the harmonics can be used to calculate the coefficients of a
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nonlinear (polynomial) model [Eva86] or even a nonlinear dynamic model [Eva90]. The

values in the look-up tables are then calculated from this model.

In the next sections we propose a new adaptive digital correction algorithm, derived from
the characterization method presented before, and we discuss its advantages and

shortcomings.

5.6 Adaptive Digital Correction

The formulae used for the characterization of the pipeline ADC are simple enough to

warrant an investigation into the possibility of turning it into an adaptive agorithm.

Suppose we have to measure the lower bound of the histogram. Let r[< be an adjustable
reference level. We define a frame containing two windows, as indicated in Figure 5.6.
Window A extends down from I to the bottom of the scale, while window B extends

from 1, to r +A, and thus has fixed length (A).

_____________ SOA .. BL >
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I
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r)h'kA 'rk' A '

FIGURE 5.6 Finding the Histogram Bounds
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For every code occurrence in window A, the frame is to be moved a small step (d) to the
left, and for every code occurrence in window B, the frame is to be moved (by ) to the

right. Mathematically, if j isthe current code, we can write:

BN PEt ) j<ry
I’k = |:| (EQ 5.18)
[Tk+ 9, e<j<rg+A

r[( must be initially located somewhere in the “flat” region. Since the frequency of codes
occurring in window A is higher than in B, the frame will tend to move left, and it will stop
only when the frequency is equal in the two windows. From that moment, r[( will simply
oscillate around a fixed position, i.e. it will be locked to it. We can calculate this position

by noting that after convergence

M re+A
Z hj [ z hj (EQ 5.19)
J:'8191 j:r[(

where it is assumed that j only takes the integer values in the intervals indicated by the
limits of the sums. Let us estimate mk using (EQ5.2) and (EQ5.3) :
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g
1hj
~ J_—
me = rg———=——-05
h
g
h. (EQ 5.20)
j
=8101
= ry—-———-05
o4 O

(] ]

oy hi/8s

0%«
'y

=r,.—A-05

SinceAisfixed and r'k can be found through the algorithm presented above, it follows that
(EQ 5.20) can be used as a statistic for the lower bound.

Needless to say, the algorithm can be applied for the higher bound as well, by placing the
variable-length window at the right of the fixed-length window. The estimate of the higher
bound will be

~ +
Mg =r1,+A+05 (EQ 5.21)

The algorithm converges indeed to the right values, as indicated in Figure 5.7, where the
estimates of M4, Mg, m,, and m; (from top to bottom) have been plotted versus time (for a
sampling frequency of 200kHz). At first, al the estimates start from the middle of the

range, and then they move toward the bounds.

The adjustment step & was chosen so that the randomness in the estimates after
convergence has been attained be less than 2 LSB. It is apparent that it takes quite along
time (10 seconds) for the estimates to reach the desired values. This time would be shorter

if we provided the algorithm with a starting point closer to the actual values.
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If this time is to be reduced, 3 should be increased at the beginning, when r; and r are
far from the bounds of the histograms, and reduced after convergence has been achieved,
to minimize the random noise in the estimates. These opposing requirements could be met

by a mechanism of “gear-shifting”, to adapt the step.

The gear shifting could be implemented, for example, using a shift register. Each time a
code occursin either window A or window B, O or 1, respectively, are applied at the input
and the register is shifted one position. The numbers of 0's and 1's are constantly
compared to each other, and if the difference between them exceeds a given limit, the step
o isincreased. An illustration of the operation of the algorithm is provided in Figure 5.8,
using steps of 1 LSBy, g and 1/8 LSB4,.o. A significant improvement in speed with no

increase in the random noise after convergence can be noticed.

Other solutions are certainly possible. For instance, a one-speed implementation followed

by alow-pass digital filter could provide a very smooth output.
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FIGURE 5.7 Algorithm Convergence
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Once the bound are estimated, (EQ 4.21) gives us the two parameters we need for

correction:

R ~ (EQ 5.22)
Since & may be lessthan 1LSB, _ ), the two parameters calculated above and also the
corrected digital output (EQ 5.16) will have afractional part. For instance, if the smallest &
we useis 1/8 LB ,_q, three extra bits would have to be provided in addition to the number
of bits used for the uncorrected digital output. Alternatively, digital filtering can be used to

round the output without significant loss of accuracy.
Although a circuit implementation is not provided here, we believe this would require
little digital circuitry. A minimal circuit to track one bound would include:

 one up/down counter for er’ (or r'k) and one adder for M k (or mk),

 two comparators, to check whether the current code falls within one of the two win-

dows, and

+8192

+4096 - 1

estimates (L SB)
(@)

-4096 | ]

-8192 ‘ ‘ : : : : ‘
0 1 2 3 4 5 6 7 8
time (sec)
FIGURE 5.8 Algorithm Convergence with Two Steps
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« logic, to determine the direction of counting, up or down.

The agorithm was tested with different calibration signals (triangular and sinusoidal
waveforms) of different frequencies (between DC and f o/ 2), and different test
signals (sinusoidal waveforms), in the same range of frequencies. If both the calibration
and the test frequency are less than f ../ 4, the distortion harmonics are reduced by
more than 6dB (Figure 5.9).

-SFDR
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e 5. corrected signal (fegibration=1kH2)
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FIGURE 5.9 Improvement in SFDR with Digital Correction

Some more improvement (1 to 2dB at low frequencies) can be obtained if we use the
algorithm presented in Chapter 3 instead of the adaptive algorithm presented here.
However, the former is more complicated and the calculations have to be performed off-

line on a computer.

The performance of the algorithm, just like the performance of the uncorrected converter,
seems to degrade at higher frequencies. This means that other types of nonlinearity are

present, aside from those included in the model developed in Section 4.3, only these are
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dynamic (either frequency- or slope-dependent). Dynamic errors usually result from
input-dependent sampling instants, which may be due to voltage-dependent “on”
resistance of MOS switches, or misalignment of complementary clock signals. Another
possible explanation would be input-dependent charge injection. These phenomena are

unfortunately difficult to model and investigate.

So far we have only talked about digital correction for partition 1/13. The same idea can
also be applied to partition 2/12. The corrected digital output would be in this case

A |
d = 1312 13-12Kk +d
LSBi345 10

(EQ 5.23)

However, no further improvement was obtained for this partition. On the contrary, the
performance is slightly worse, except at low frequencies (Figure 5.10), possibly because
of error accumulation.
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FIGURE 5.10 Digital Correction for Partitions 1/13 and 2/12
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5.7 Discussion of Correction Method

After presenting in detail the proposed adaptive digital correction algorithm, it is
necessary to compare it to existing algorithms, an overview of which has been provided in

Section 5.5, to determine its advantages and limitations.

We will begin with the advantages. First, this algorithm does not require any additional
analog circuitry, not even an extra switch aside from what is already in the uncorrected

ADC, since the correction is done entirely on the digital side.

Second, it is adaptive, which means that it can track nonlinearity errors even when these

change in time due to variationsin bias, power supply, or temperature.

Third, it is completely on-line: a major limitation of existing correction methods is that
they need an off-line calibration phase. For some particular signals, there is an interval
during which the input signal is not of interest, for instance the retrace interval in
television, and this can be used for off-line calibration. In other cases, for instance in a
cellular base station, there is no such interval, and an on-line algorithm which uses the
input signal (as opposed to a specia calibration signal) to correct the errors would be very
useful.

On the negative side, the proposed method is rather picky about the input signal. It is
necessary that this signal should satisfy the requirement of local pdf uniformity in the
vicinity of the bounds. We have seen in Section 5.2, that some signals are not suited for
this, therefore it cannot be used in all-purpose ADCs. However, there are applications in
which this condition is easily met, for instance in radio circuits, which use signals
containing a number of independent modulated sinusoids, and possibly a large dither. If
the requirement cannot be met, calibration can still be done off-line at alow frequency and

then turned off during normal operation.
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Another limitation is that it does not correct dynamic errors, unlike the phase-plane
compensation method. One must keep in mind, however, that this method is rather
complicated and, to our knowledge, seldom used.

In terms of performance, a disadvantage of our method is that it only correctsthe errorsin
the first conversion stage(s). There are off-line methods that can correct the errorsin al the
stages, and therefore have better performance. On the other hand, we are talking here
about pipeline ADCs, in which the discontinuities in the overall transfer characteristic
caused by errorsin a conversion stage decrease by afactor of two for each stage, from the
MSB to the LSB. The improvement obtained by correcting the error in conversion stage

14-j isonly oy, of what is obtained by correcting the error in the first stage.
2

5.8 Summary

In this chapter another version of the histogram-based characterization method has been
applied to a pipeline ADC. This version is slightly less accurate than the previous one,
presented in Chapter 3, but much simpler.

An adaptive digital correction mechanism derived from the characterization method
mentioned above was aso presented and compared to existing techniques. This
mechanism was shown to add one bit (6dB) to the SFDR of an experimental ADC over
most of the bandwidth.




CHAPTER®  contributionsand FutureWork

6.1  Contributions of Research

The thesis brings two maor contributions. a characterization method which provides
information about the performance of the blocks that make up a multi-stage ADC, and a
fully adaptive and fully on-line digital correction algorithm. To our knowledge, both
contributions are the first of their kind. Other contributions include the analysis of
nonidealities in ADCs and the redesign of a pipeline ADC, which was fabricated and
tested successfully.

As opposed to existing methods which only characterize the ADCs at the system level, the
method proposed in this thesis characterizes the ADCs at the internal block level, thus
offering much more insight into what limits the performance of the ADC. One can use this
method to study the nonlinearity of the A/D and D/A subconverters, the gain of the
interstage amplifiers, component mismatches, hysteresis, and other phenomena. None of
the existing characterization methods can provide the same range of information. Also, the
software and hardware requirements are comparable to those of the other methods: ssimple
programs in any high-level language and one buffer (in the case of the two-stage ADC or
the pipeline ADC in partition 1/N-1) or two buffers (for the pipeline ADC in partition 2/N-

2) would suffice.

98
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The digital correction algorithm was developed in Chapter 5 as a spin-off of the
histogram-based characterization and led to a 6dB improvement in the SFDR over most of
the bandwidth. Compared to existing algorithms it enjoys significant advantages. First, the
calibration can be performed using the normal input signal; no special calibration signals
or calibration time periods are required. Second, it tracks the errorsin an adaptive fashion,
adjusting in a matter of seconds if there is any change in the circuit parameters. Finally,
the correction is done completely on the digita side and no analog components
whatsoever are necessary. However, the algorithm has a few shortcomings, for instance it
only converges if the pdf of the input signal is nearly uniform, which means that it cannot
be applied in ageneral-purpose ADC. Also, it cannot correct dynamic errors such as slope-
dependent errors, and its performance is probably not as good as for some existing
techniques because it only corrects the errors in the first stage or the first two stages.

However, this approach isonly at itsfirst version and it has not said its last word yet.

The proposed characterization method and digital correction algorithm are based on the
concept of bidimensional histogram, which is a code density table as a function of the
digital outputs of the A/D subconverters of the multi-stage converter. This type of
histogram, as well as most of the procedure required to analyze it, has been introduced in

thisthesisfor the first time.

6.2 Proposalsfor Future Research

There are several ways in which the histogram-based characterization method introduced

in thisthesis could be improved.

Future work should probably start from the modeling stage, since a better model of the
ADC would enable us to extract more information out of the histograms. Consideration

should be given especialy to other types of nonlinearity, aside from subconverter and
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inter-stage gain errors, and to dynamic effects such as slope dependence. This would
imply a model with more parameters, and would require a different, more complex
approach than the one we have used, which was based on calcul ating the parameters from
the bounds, since thisis aready fully exploited - the number of unknown variablesis equal

to the number of equations.

Improvements could probably be achieved in the estimation procedure too, for instance by
calculating the confidence intervals of the estimates, or by using ultralinear signal

generators for better histogram normalization or for input S/H characterization.

More work should be done to better interpret the results, in order to identify the sources of
nonlinearity at the physical level. We have pointed out in Section 2.6 that different errors
(Vpe: resistor, and current mismatches) have different effects on the DNL/INL of the

subconverters so that it should be possible to recognize them.

The procedure could be easily automated. Modern test equipment can calculate and plot
DNL and INL for the overall ADC. The same equipment, without any modification, can be
used to sample data for histogram-based characterization. This data could be transferred to
acomputer or even processed locally if amicroprocessor with mathematical capabilitiesis

available in the test equipment.

We feel that the area of digital correction should also be looked into, either by developing
off-line calibration procedures or by implementing the adaptive on-line agorithm

introduced in Chapter 5.

In conclusion, the histogram-based multi-stage ADC characterization method has a great
potential, and the research presented in thisthesisis only thefirst step in what seemsto be

avery promising direction.
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