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1.1 Motivations

In recent years the medical evolution allows useibadways better results, for example now

is possible to understand the causes of somesllard prevent them with particular attention, or
also when the illness is already done, it is pdedib eliminate every trace and consequence of its
passage. Unfortunately this ideal world has noinbesached yet. Sometime there are illnesses
which are not possible to take care of definitiyelgd require a continuous control for how much
and what medicines are necessary to not worsen the
conditions of the patient. To solve completely tt
effects of this typology of illnesses, unfortungtas

not possible using electronic science but it calp h
this type of patient for getting better their styé

life. For example, people with diabetes have

constantly hold under observation own glucose le'

in blood and, consequently, to inject the requir
dosing of insulin to avoid possible dangerous stise

There are almost 250 million people affected hv
. ) ) The Gluco-test used for measuring glucose by
diabetes worldwide and the number is expectec introducing the drop of blood token from capillary

in the finger.
Source: www.118pescara.it

growth, ageing and life style. Without proper

grow over the next decade due to populati

treatment, diabetes can lead to cardiovasculaaskseidney failure, blindness, nerve damage, and
ultimately death. Diabetes is a leading cause attden most developed countries. These people
usually control their glucose level by stingingithewn finger and withdrawing a drop of blood.
This drop will be insert in a particular machineigihcan analyze the blood and returns the glucose
level found. When the person knows the value them @&ssume the right dosage of insulin by
injection with syringe. Electronic science, in this
environment, had designed test machine for anajyzin

blood always smaller and the required quantity of

blood to ensure a correct value is always lesss&he

Syringe typically adopted by diabetic people for last technological steps allow to keep under cdritre

injecting the correct insulin dosage, the shape iscritical parameter everywhere, using a little maehi
studied for children use.

Source: www.bioblog.it with dimension comparable with a normal mobile

phone.
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That practice is recommended to do at least 3-ddiat day, near the meals, when the ingestion of
food introduces a large variation in the valuele glucose.
Naturally, during a day, there are a lot of factdrich gives
-' their own contribution to glucose variation and tleal
. think to do is a permanent control of glucose leR#cent
studies thinks possible to read the glucose withtaking
. blood, but reading the small effects of the gluceaeation
. on interstitial liquid of the skin. The difficult fothis

technique is that these effects are very littlet, the high
advance level of electronic micro-sensors usedwsll®o
The breakthrough Nanopump, which  stydy alternative ways. The other problem is tedhjthe
relies on microfluidic MEMS

technology. right dosage of insulin. To solve these problemaasv
Source: www.st.com

possible to use a micro-infusion pump. The purpafsthis
micro pump is to release exactly the correct dosHge

liquid. It is based on Nanopump realized in MEM <0

technology. =
MiriMed <5pg
With injections, the insulin just sits there... anlittle
pool. The level of activity directly affects whehat
insulin goes into bloodstream. If people are jutsing
at a desk, it will go into the system more slovBt if
people go for a walk or a run, it will go into tegstem
much more quickly. This makes blood sugars e

harder to control with injections. Pumps contindgpus

lka The Nanopump in use.
Source: www.diabetescaregroup.info

pancreas) so people don't have this inconsisterncy

send a little bit of insulin every few minutes @i

problem. And it is a different insulin fast-actingedictable insulin.

Naturally the described example of the diabetesnly a little application of how electronics can
change in better the life of people. Anyway thisample allows to illustrate all the possible
applications for electronic research. In fact fuiges a system for data acquisition, a system for
elaboration of the data, memorize the history ad@and apply a possible solution for the problem.
Really is not possible to close the loop becauséeaith laws. In fact they require the human
intervention for applying the therapy, but in thedtr is possible to design an electronic circuit
which allows to read the glucose rate in the bl@l decide how much insulin inject by

micro-infusion pump. Anyway this example can hedpta synthesize the main rings of the chains
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for realizing the entire system. In the followinigure the block diagram of the measurement system

is done, and the electronic part was detailed bette

Digital

Elaboration —» Information

Patient —>{ Sensor [ Amplifier = ADC

Block Diagram for measurements of parameters

Observing this chain is possible to understand hawh the electronics is an important part of the
entire system. The first block in control the paesens chain is the sensor, this important deviee ha
the purpose to react with elements under test (pgsanly that one) and to convert the information
to electric parameter. For example a micro-stripfortune sensible paper can increase its electric
resistance with contact to the element. Naturallthis case the piece of sensible paper can be used
only once. To measure the variation of resistandhis sensor is possible to apply a voltage in the
extreme parts and “read” the current which flowshe circuit. Usually the variation of resistance
are very little and then also the expected curvaniation are very little. To read the information,
then, it is mandatory to use an amplifier with {h@pose to widen the dynamic range of the
information signal. This analogical signal is udsdan Analog to Digital Converter (ADC) for
converting to a number, with opportune approxinmatibhe obtained number is the value of the
measured current. The block of digital elaboratanws the transfer function of the sensor and its
purpose is to calculate the value of the desirgdrpater knowing the value of the current. The
useful value of the under observation parametdoige by an opportune display which can be read
to the human operator.

The second proposed chain is relative to the gapbcation to the patient.

Human Digital

Control Elaboration Actuator Patient

Information |—»|

Block Diagram for carrying out the care

In this chain the starting point is the knowingtlo¢ value of the parameter under observation. The
first block is done by the human control which hlas purpose to know how to do and must to
apply the desired therapy by a particular devideerirthe device has to know how has to do. After
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human control by an opportune keyboard, the tratsdhinformation are elaborated digitally. In
this case the digital elaboration block knows tlamgsfer function of the actuator and calculates the
exact behavior which it has to have for applying ttesired care. Then the information which
digital block gives to actuator is the exact bebathat the ladder one has to do.

How was written before both the chain are very ingoat for improving the quality of life and
electronics has an important role in this environine

The most important issue which electronics hateesis make portable devices which can do the
same controls and the same therapies. To make tabfrdevices means to adopt very little
circuits, and a very low power circuits which alldovuse a little batteries.

This one is the most important challenge that edeats has to solve next years.

1.2 Research goals

The purpose of this work is to realize a very lowpo Analog to Digital Converter (ADC) for

biomedical application. The specs required by types of application are not very pumped neither
as it regards the bandwidth neither as it regdrdsésolution bit. The research has focused on the
design of an ADC based on Successive Approximaigorithm, with a sampling rate of 100 kS/s
and a resolution of 10 bit. The design is oriertteaninimize the power consumption, keeping in
account the state of the art in ADC design. Thennsééps of this work are the study of the best
architecture which allows to reach the goals, toiah the architecture of each main block which
compose the system and, to design all the systdam pairticular care to the power consumption.
After the design on silicon of the ADC the work lumbe to design an opportune testing board whit

the purpose to characterize the specs of ADC.

1.3 Thesis Organization

The work started with consideration about the icadly of ADC, which specs are considered

for characterizing the system. Then it continueth wie choice of architecture and the design of the
main block which are present in the system. A desigthe entire system, keeping in account the
limits of each block and the required specs. Finrghdesign on silicon of the entire system, the
work includes also the test of chip. There a stied)knowing how is the best method to understand
the real specs of the just realized ADC has be@e.dbhe obtained results of these tests on silicon
of the ADC conclude the work.
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This thesis is divided into 7 chapters:

Ch. 1. Introduction. In this chapter are underlined theimm@otivation which bring to
realize of an ADC with the adopted specs, undetlam@ossible application;

Ch. 2. Ideal ADC. In this chapter are described the mpats which are related to an ADC,
in particular are studied the static and dynarpi&cs, are been done some consideration
about the purpose of this work, and the state @fth used in the type of environment to
which this work aim;

Ch. 3. Principle of operation of S.A. A/D converter . Img chapter the main is considered
the architecture of the successive approximatigorahm with the study of the issues in
implementation. The state of art concludes the t&rap

Ch. 4. Design of each Basic Building Block. In this chapaee explain the main issues in
designing, the way to obtain a low power implemgotaand some innovative solution
for improving the power consumption are given.

Ch. 5. Experimental Results. In this chapter the measweedare explain, the main
indication to implement the test board and theqrarénce of the test chip are done. The
comparison with state of art concludes the chapter.

Ch. 6. Conclusions. In this chapter are reported the cm@h about the main project of the
PhD activity.

Ch. 7. Other activities. In this chapter are summarizegldther activities done in this PhD

period of research.
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2.1 Basic A/D Conversion Concepts

An analog-to-digital converter quantizes an analggad into a digital code at discrete time

points. According to the sampling theorem, the trgagnal band is limited to half of the sampling
frequency to avoid aliasing with the sample rafgeeated spectra. The so-called Nyquist rate A/D
converters can digitize frequencies up to thisdesgy. In this chapter the quantization process is
explained and parameters describing the performasfcan analog-to-digital converter are
presented. Considerations relating to the spetibicaof the A/D converter resolution and sample

rate as a part of the system design of a radiawercare covered as well.

Y

V.o—— S/H AD | .

BN-Z

BN-1

Fig. 2.1: General block diagram of an A/D converter.

An analog-to-digital converter performs the quaatian of analog signals into a number of
amplitude-discrete levels at discrete time poidtshasic block diagram of an A/D converter is
shown in Fig. 2.1. A Sample-and-Hold (S/H) amptfifie added to the input to sample the analog
input and to hold the signal information at the pked value during the time needed for the
conversion into a digital number. The analog inaltie \{, is converted into an N-bit digital value

using the equation:

V. ~ i
V¢:|30ut+eq=28i 2 +e,. (2.1)
ref i=0

In the equation, ¥ represents a reference value, which may be eerefe voltage, current
or charge. R.1 is the most significant bit (MSB) ar80 is the least significant bit (LSB) of the

converter. The quantization errof iepresents the difference between the analog isigngl \,
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divided by Ret and the quantized digital signabfowhen a finite number of quantization levels is
used.
From equation (2.1) is possible extrapolate thg \lue as:

N-1

Dout = Z Bi 2 (2.2)

The sampling operation of analog signals introdwecespetition of input signal spectra at the

sampling frequency and multiples of the sampliregfrency. To avoid aliasing of the spectra, the
input bandwidth must be limited to not more thatf e sampling frequency (Nyquist criterion).
It is essential to understand analog-to-digital vester specifications to get an insight into the
design criteria for converters. The DC-specificasidfor the static linearity are widely known.
Dynamic specifications of A/D converters give atéetnsight into the applicability of a converter
in a telecommunications system, where linearity spettral purity are essential.

The main purpose of A/D is to perform a conversibthe real world, which is a continuous
amplitude, continuous time analog signal into digitodes, which are discrete time, discrete
amplitude electrical signals. An A/D converter takerange of possible analog values, which are
real numbers, and divides it into smaller sub rangksually the sub ranges have the same size and
they are referred to as steps (an exception are flD€odes which have logarithmic scaled steps).
The analog to digital conversion is a process itmnatlves two phases: the sampling of the analog
input signal applied and the quantization, whichanse compare it to a reference voltages and

translate this comparison into a binary represimtat

Analog Input | Low-Pass Sampling o
Signal Filter Circuit Quantizer

Fig. 2.2: Block Diagram of an A/D Converter with Low-Pass Anti-Aliasing filter.

As shown in Fig. 2.2, the input signal first goésotigh a low pass filter, which has the

purposes to limit the input bandwidth and to remthe unwanted out-of-band noise, avoiding its
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aliasing in the actual signal band during the samggbhase. After the filter, the signal is sampled,
which means that the continuous time signal isesgmted as a succession of a samples which are
kept for a fixed time called “sampling time”. Nestep is the quantization, which elaborates the
sampled signal approximating its value to the rstafi®ed reference voltage. Depending on the
resolution of the converter and for a given inpuing), the quantization step (the different between
two consecutively reference voltages) is wider amaower. In the done example in Fig. 2.2, a two
bits resolution A/D converter was supposed, and thieclude four quantization steps.

s | L] L JLT
MSB

Fig. 2.3: Two Bits Digital Output Signals.

The final phase of elaboration has the purposeotthd correct digital representation, of the

guantized signal, in output, as shown in Fig. 2.3.

2.2 Specifications

To define a data converter is important to know tyggology. The algorithm used for

obtaining the conversion allows to know this prepri The main types of data converter are two:
the Nyquist-rate and Oversampling-rate conversiimese two type of conversion defines two
defined modes for obtaining the result of converstbe most important difference between the two
methods consist of the occupation bandwidth of ithut signal respect of the available in
according with the Nyquist criterion. The first gan fact, search to reduce the sampling frequency
(fs) and then the occupation bandwidth is almost tieory value, while the second type of
converter wants to use the advantages of oversagnpllows to have in order of noise. So, it is
defined the ratio between the Nyquist limifZj and the signal bandwidthg)f and it is called

oversampling ratio (OSR).



Ch. 2 —Ideal ADC

OSR = L= (2.3)

2:fp

Converters with a large OSR are called oversamptioigverter, opposite to Nyquist-rate
converters. The ladder one type are called the ariesh have no or have a very small OSR,
typically less than 8, to allow, anyway, the usawfopportune filter.

Figg. 2.4 and 2.5 show the difference between Nstegaite and Oversampling-rate
converters. In the former one the transition regibrihe anti-aliasing filter is limited (leading to
difficult specifications) and also a large fractiointhe total quantization noise power is in thgnsi
band.

A A

Vin Antialiasing Vin

transition band Antialiasing

transition band

A

| — | —
fi fs/2 fo fo fo/2 fo
a) b)

Fig. 2.4: Bandwidth in Nyquist-rate (a) and Oversamplig-rate (b) Converters.

In contrast, the latter one case has a large &asiiag transition region and only a small
fraction of the total quantization noise occurstlie signal band. The sampling frequency for
oversampling is, obviously, much larger than itgyMgt-rate limit, in some cases the OSR can be

some hundreds.

fg fs/2 fs fa fs/2 fs
a) b)

Fig. 2.5: Noise in Nyquist-rate (a) and Oversamplig-rate (b) Converters.



Very low power Successive Approximation A/D Converter for Instrumentation Applications

» Another specification which define a data coners the Type of Analog Signalk fact

the analog input or output of a data converter banfully-differential, pseudo-differential or
single-ended. For maximum noise rejection, usg-diliferential inputs. Fig. 2.6 shows an example
of a fully-differential ADC Tracking and Hold (T/Hpput structure. During track modef*Camme
charges to [\ - Vpp/2] and samprecharges to [ - Vop/2].

When the T/H switches to hold modé;’Gmpeand Csampeconnect together in series, such
that the voltage sample presented to the ADC islifierence of \f" and \iy". The differential
architecture in conjunction with acceptable inpamdhwidth in the T/H are key ingredients for good

dynamic common-mode rejection.

V) T RS e
g VW]
: to ADC
|: C( )sample
"
Vin® - Ron
RON RON

Vpp/2

Fig. 2.6: Fully Differential T/H stage.

In noisy environments, it is possible that coupteise could cause the differential inputs to
exceed the ADC's allowable input voltage range. best performance, reduce the input signal
range to ensure that the ADC input range is noeeded. Another key advantage of differential
signals is the increased dynamic range. With paugplies dropping from 1.8V to 1.2V, design
engineers are looking for ways to achieve greateuti dynamic range. In theory, given the same
voltage range for single-ended and fully-differahinputs, the fully-differential inputs will have
double the dynamic range (Fig. 2.7 a). This is bsedhe two differential inputs can be 180° out of
phase, as shown in Fig 2.7 b.
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ViN
Single ended W Vin® \/\/\/
b

V|N(+)_V|N(_) VIN(_)
Fully Differential

Fig. 2.7: Single-ended vs. fully-differential (a), V|N(+) and V|N(') 180° out of phase (b).

The Pseudo-differential inputs are similar to fedifferential inputs in that they separate
signal ground from the ADC ground, allowing DC coomrmode voltages to be canceled (unlike
single-ended inputs). However, unlike fully-diffat@l inputs, they have little effect on dynamic
common-mode noise. In Fig. 2.8, sampling only oscon the input W signal. The signal
common, ", is not sampled. During the "'TRACK' mode, the siimgpcapacitor charges through
the series resistords. During the 'HOLD' mode, the sampling capacitonreects to W and an
inverted input signal is presented to the ADC fonwersion. Because sampling only occurs on the

Vin® input, Vin® must remain within +0.1LSB during the conversion dptimal performance.

H Csample

M H to ADC

Vpp/2

Fig. 2.8: Pseudo Differential T/H stage.

An alternate method of implementing pseudo-difféeéninputs samples M and Wy
sequentially, and the difference of the two voltage provided as the conversion result. For
dynamic signals, the phase ofn” and Mn® will not match during sampling resulting in

distortion. Select an ADC with fully-differentiahputs for dynamic time-varying signals. A typical
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application for pseudo-differential inputs is me#&sy sensors that are biased to an arbitrary DC

level.

VIN \/\/\/\ to ADC

— Csample

\Y,

Fig. 2.9: Single Ended T/H stage.

Single-ended inputs are generally sufficient for simapplications. In single-ended
applications, all signals are referenced to a comground at the ADC. Each channel uses a single
input pin. The analog ground pin is shared betwakmputs for multi-channel systems. DC offset
and/or noise in the signal path will decrease threachic range of the input signal. Single-ended
inputs are ideal if the signal source and ADC doeecto each other (i.e., on the same board so that
signal traces can be kept as short as possiblgjleSended inputs are more susceptible to coupled-
noise and DC offsets. However, signal conditionanguitry can reduce these effects. Fig. 2.9
shows a simplified example of a track-and-hold (Tiftput of a single-ended ADC. The sampling
capacitor is switched to the input pin through geseresistance during the 'TRACK' mode. The
switch opens when the T/H enters 'HOLD' mode (dutime actual conversion process) and the
ADC converts the voltage across the sampling cégaaito a digital code.

» Resolution (or quantization ste) is the number of bits which are used into @D\

to represent its analog input at the output. Tiseltgion, together with the reference
voltage, determines the minimum detectable voltage.

* Dynamic rangeit is the ratio between the largest signal letael tconverter can handle

and the noise level, expressed in dB. The dynaamge determines the maximum
SNR.

Other specifications are describing of the diggettings. These features are specified by a
given set of parameters. These ensure the profefaacing with internal or external circuits and
are useful for the synchronization of logic signelshin the data converter. The specifications
given below are the ones most commonly used in cential data sheets.

* Loqgic levels the logic levels are a good definition of non Wapping ranges in
amplitude which are used to represent the logiesta particular, to keep in accont
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that the output of the ADC is realized by a busNofvire which can change their
voltage. If the voltage at each wire is in thetfi@nge, it corresponds to level logic O
or 1 if the voltage is in the other one. Usuallg ardely used the definition of the
logic standard family (like the CMOS or TTL).

Encode or clock ratas the range in which the frequency of the cloek ensure the

correct operation of the device, and are ensuregdénformances of the specifications.
This range can be very large, some decade or rerally the best point to operate
with data converter is when it is used at the maxmctlock rate or a little bit less
(about 25%) for guarantying the specification.

Clock timing it specifies the features of the clock. Whendloek is not generated on
chip, but supply from external, it is better to@agrate its inside the integrated circuit
by edge-triggered flip-flops. That circuit has fhapose to ensure a correct features of
the clock, respect to the better condition for cHipe duty cycle of the clock can be
chosen depending of the internal circuit requiret:ieA 50% duty cycle is normally
the designed for external supply.

Clock Sourcethe main purpose of the clock signal injectethi chip, usually, is the
one to do the timing operation of the convertergéoerate an external clock requires
a particular attention about the jitter, and isgilole to consider the use of an internal
circuit which generate the clock using a differehtinput sine wave. The main
advantage of this choice is that the high precisioe wave can be generated by an
external crystal clock oscillator (with or withoekternal filters). This ensures an
accurate zero-crossing times. Internal amplifiarsjer saturation, are widely used to
square the input sine wave and thus generate djored internal clock.

Sleep Mode this type of operation is included in the comnedrchip, because a
common issue is that the converter has not to wonktinually, but must come back in
working mode in very fast time. So, a sleep modews to use a different power-
down which has the purpose to turn off the mairs larrents and minimizes the
power consumption. An opportune digital input piiloas to activate the power-down
mode. The power-up and the power-down activationesi depend on the time
constant associated with the sleep circuit, butlhgware much faster than the time

takes for turn on the chip completely.
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Static Specifications

The static behavior of a data converter is dondhayinput-output transfer characteristic.
Ideally the input-output characteristic is repréednby a staircase with uniform steps over the

entire dynamic range.

Digital 4
Output :
’ Midstep
101 |
100 +
011
010 Step width
001 | (LSB=A)
000 E— I R — —»
A 2A 3A 4A 5A Analog
Input

Fig. 2.10: Ideal Input-Output Transfer Function in A/D Converter.

The first steps of these staircase can be as the @presented in Fig. 2.10. In that example
are given the first step of a generic ADC with mdiged number of bit, but it is possible to observe
that the first (and then the last) steps &f2. These particular in characteristic means thatfull-
scale range is divided by'2l instead of 2to give A. Fig. 2.10 allows also to observe the
guantization interval which can be encoded usinth ltbgital code or midstep point. Fig. 2.11
shows the related quantization error introducati@butput by approximating the analog input with

the nearest digital word.
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Quantization

A
Error
+% LSB
Quantization
0 _
Interval
-% LSB

Fig. 2.11: Quantization Error in A/D Converter.

As known, and is also possible to observe in Fidl2the quantization error ranges is
included betweenA/2 and it is equal to zero at the midstep. In #&ed converters there are some
deviations from the ideal transfer characteristiod in particular the real transition are not & th
correct voltage value. Random errors on the step @ioduce a characteristic as the ones shown in
Fig. 2.12, while a parabolic error on the interpiolg curve bring to obtain that the first steps are

shorter than the ideal ones, while the last stepaager than the ideal ones, as shown in Fig..2.13

Digital |,
Output

»

111
110 |
101 |
100 |
011 |-
010 |-
001 - -
000 —&—-

|

\ \ \ \ \ =
A 2A 3A 4A 5A 6A 7A Analog
Input

\ \ \ \ \ »

Fig. 2.12: Example of a Real I/O characteristic of 3 bit A/D Converter with random errors in step size.
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The curve of Fig. 2.12 shows an almost random tranaf the quantization intervals. There
is no correlation between successive errors. Therdi also shows the interpolating curve as a
straight line running from the origin to the futtade. The characteristics of Fig. 2.13 display $mal

guantization intervals at the beginning and langangjzation intervals at the end of the curve.

Digital ,
Output
111 1 —
110 | —
101 |- —_—
100 | e
(R — :,;7,;:]/
010 f 4
001 &
000 | | | | | | >

\ \ \ \ \ \ =
A 2A 3A 4A 5A 6A 7A Analog
Input

Fig. 2.13: Example of a Real I/O Transfer Function of a 3 bit A/D Converter with errors in linearity.

Both characteristic are not equal to the ideal desiderated input-output transfer function.
To understand and measure better how much thaesware not “good” are defined the following

static specifications:

* Analog Resolutionit is the smallest analog increment of the ingighal which do to

change of a 1 LSB the output code. The analogu@ealof a N bit converter where

the Vksis the analog input range of the converter, isaétju

AR = £ (2.4)

2N

* Analog Input Range (M): is the value of the range that must applied ® AD

converter for generating a digital response whiatiude the word 00...0 and 11...1.
The analog input range is the value of the peagsetk single ended voltage or the

peak-to-peak differential signal in fully differeatstructure.
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Offset can be measured as the value of the digital \abtte output when the analog
input signal is equal to zero. The offset is agtaton of the 1/0O characteristic without
compromise the linearity in conversion. Fig. 2.h#ws the comparison between the
ideal I/O transfer function with a possible A/D eenter characteristic corrupted by
offset. Typically the offset is measured in LSBf lius possible to indicate the value

of the offset in absolute value (volts or amperesgs % oppmof the full scale.

Digital ,
Output Offset
<“—>
111 | —
110 |- —
101 | —
100 | —
011 | —
010 | —
001 —
L A A P
A 2A 3A 4A 5A 6A 7A nalog

Input

Fig. 2.14: Offset Error introduced into an Input-Output A/D Characteristic.

Gain error the error on the inclination of the straight limgerpolating the transfer
curve is called “gain error”. In ideal converteathine has a slope ofdgVes, where

Drs and ks are the full-scale digital code and full-scalelagaange respectively. In
Fig. 2.15 is possible to observe the comparisorwéden the ideal input-output

diagrams with the one relative to a real ADC coredpby gain error.
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Digital ,
Output

>

111+ -
110 - —
101 L . :,/,/:;,;jifr

100 | —

011 - -

010 | —

001 | =t

000t >

\ \ \ \ \ \
A 2A 3A 4A 5A 6A 7A Analog
Input

Fig. 2.15: Possible Input-Output A/D Characteristic Corrupted by a Gain Error.

Differential non-linearity erro{DNL): is the deviation of the step size of a rdata

converter from the ideal width of the biAs Assuming that Xis the transition point

between successive codds-1 and k, then the width of the bink is

Ar(K) = (Kir1 = X);
the differential non-linearity is:

DNL(k) = —A’”(’Z)‘A
A
—t—t—F—t—1 >
A 2A 3A 4A 5A e6A 7A Analog
Input

-LSB -

Fig. 2.16: DNL of an A/D Characteristic Corrupted by a Gain Error (Fig. 2.15).

(2.5)
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For better understanding the mean of DNL, the spwadent DNL of the just said

errors are reported in the following. In particulae gain error shown in Fig. 2.15 has
a DNL as reported in Fig. 2.16.

Another possible error is the linearity error aseln Fig. 2.13, where the line which
follow the input-output characteristic is not linedn that example is possible to
observe that the steps of quantization are shtrtar ideal in the low level of input

and larger than ideal in the upper part of the imange. So the correspondent DNL

curve is reported in the Fig. 2.17.

+LSB
| | | | |

| »
\ \ \ \ \ \ =
A 27 AA 4A 5A 6A 7A Analog
I Input

-LSB -

Fig. 2.17: DNL of an A/D Characteristic Corrupted by Linearity (Fig. 2.13).

The last example in DNL curve is done by a randamfetion of the dimension of the
step, as done in Fig. 2.12. The correspondent BMNlone in Fig. 2.18.

In general the value of DNL is considered accept#ht is included into the range

+ ¥ LSB. In fact it requires that the maximum efetween the real dimension of a
step is not so different if compared with the idealth. In Fig. 2.19 is shown a DNL
curve of a 10 bit A/D Converter, and the maximumgeof the curve is a little bit
more than 0.4 times the LSB.
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DNL [LSB]

+LSB

-LSB

|
\ \ \ \
A X;x/ 50 6A\ 7A Analog

Input

|
\
A 3A

Fig. 2.18: DNL of an A/D Characteristic Corrupted by Random Errors (Fig. 2.12).

100

200 300 400 500 600 700 800 900 1000
Analog Signal A

Fig. 2.19: Example of a typical DNL of a 10 bit A/D Converter with random errors.

Monotonicity. is the ADC feature that produces output codes$ @na consistently

increasing with increasing input signal and comesidy decreasing with decreasing

input signal. Therefore, the output code will alwagrther remain constant or change

in the same direction as the input. The non monotomaracteristic is very dangerous,
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in particular in A/D Converter used into a contimbp. In fact their response can be
considered as a decreasing of a controlled voltaggead the input voltage is
increasing. To avoid these problems are widely wwde circuits which ensure the

monotonicity also if the error in that step carvieey large.

Hysteresisis the limit that denotes a dependence of theuiutode on the direction
of the input signal. If this happens hysteresithésmaximum of such differences.

Missing codethis denotes when digital codes are skipped wemnappear at the ADC
output. Since missing codes cannot be reached ypwmalog input the corresponding

guantization interval is zero. Therefore, the DNdcbmes -1.

Digital ,
Output
111
110 |- —
100 :
011 +
Non Monotonic
010 - characteristic
001 -
000 <~ | | | | | T Analoc
A 2A 3A 4A 5A O6A TA nalog

Input

Fig. 2.20: Example of a Input-Output Characteristic of A/D Converter

with non Monotonic step and Missing Code.

Integral nonlinearity(INL): sometimes it is called relative accuracy defined as the

deviation of the output code of a converter frora #traight line drawn through zero
and full-scale excluding a possible zero offsete Tlonlinearity should not deviate

more than _1=2 LSB of the straight line drawn.
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This INL boundary implies a monotonic behavior loé tonverter. Monotonicity of an
analog-to-digital converter means that no missimges can occur. is a measure of the
deviation of the transfer function from the ideaterpolating line. The INL, so
defined, does not start from zero and shows andihbing up.

The INL, as for the DNL, is measured in LSB. It Gdeo be measured using absolute
value (Volts or Amperes), or as % ppm of the full scale. For better understanding
the mean of INL, the correspondent INL of the jeatd errors are reported in the
following. In particular the gain error shown ingFi2.15, which has a DNL as

reported in Fig. 2.16, corresponds an INL as rgobin Fig. 2.21.

\ \ \ \ \ \ <
2A 3A 4A 5A 6A 7A Analog
Input

-2 LSB -

Fig. 2.21: INL of an A/D Characteristic Corrupted by Gain Error (Fig. 2.15).

Another possible error is the linearity error aswh in Fig. 2.13, where the line which

follow the input-output characteristic is not linghut the extreme points are anyway
equal to ideal. At that error characteristic cquoesls the DNL curve is reported in the
Fig. 2.17 and the INL in the following Fig. 2.22.
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\ \ \ \ \ \ <
A 2A 3A 4A 5A 6A 7A Analog
Input

-LSB -

-2 LSB -

Fig. 2.22: INL of an A/D Characteristic Corrupted by Linearity (Fig. 2.13).

The last example in INL curve is done by a rand@mation of the dimension of the
step, as done in Fig. 2.12. The correspondent B\done in Fig. 2.18 and the INL is
done in Fig. 2.23.

+LSB

Adih N

\ \ \ \ \ \ \ =
A 2A 3A 4A 5A 6A 7A Analog
Input

-LSB -

Fig. 2.23: INL of an A/D Characteristic Corrupted Random Errors (Fig. 2.12).

Using this definition of INL, is possible to writee value of each point of INL curve

as a function of DNL curve, in particular:

INL(m) = ¥™, DNL(i) (2.6)
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Another definition of the integral non-linearity amires the deviation from the
endpoint-fit line. The use of the endpoint-fit licerrects the gain and offset error.
This definition corrects the two limits and showsras at the two endings of the
guantization range. In this way obtained curve reninformative for estimating
harmonic distortion. In fact other factor as offeetgain error are compensated for
underlining the distortion. So the other possible/wo write INL curve as a function

of DNL curve is:
INL(m) = (1+ G) - ¥™, DNL(i) (2.7)

where G represents the gain error introduced bgdoheerter.

With this definition of INL is opportune to thinkhat the INL correspondent to an
input-output curves corrupted by offset (Fig. 2.@dpain error (Fig. 2.15) are equal to
a line on zero. While the INL curve correspondemthe linear error of Fig. 2.13,
became the curve of Fig. 2.24 instead of the ERR.2

| | | | | | | »

\ \ \ \ \ \ i
A 2A 3A 4A 5A 6A yA Analog
Input

-LSB -

Fig. 2.24: INL of an A/D Characteristic Corrupted by Linear Error (Fig. 2.13).

The following figure (Fig. 2.25) reports the INlurwe of a 10 bit A/D Converter
corrupted with random errors. In that picture isgble to observe that the linearity of
the converter is very corrupted, in fact it introds errors until 3 bit. The related DNL

is shown in Fig. 2.19.
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INL [LSB]
o

-3 | | | | | | | | |
0 100 200 300 400 500 600 700 800 900 1000

Analog Input /A

Fig. 2.25: Example of a typical INL of a 10 bit A/D Converter (Referred to DNL in Fig. 2.19).

The DNL and INL provide information with differerdonsequences on the noise
spectrum. Assume the DNL is separated into itsetated and uncorrelated parts. The
running sum of the correlated fraction is the nsoarce of the INL. If the INL is few
LSB over the entire range then the correlated pltthe DNL is in the order of INL
divided by the number of bins. It becomes a nelgiggiraction: looking at the DNL
spectrum it is difficult to predict how large thil can be. The accumulation of the
uncorrelated part of the DNL looks like a noise @aad be added to the quantization
error. The quantization error and the uncorrelg@d of the INL are treated as noise
terms. Since the correlated part of the DNL is ligusegligible we can view a large
DNL as a source of extra noise. Its running sunadded to the quantization and
degrades the SNR. A large INL means large deviatiothe transfer curve from the

straight line thus causing harmonic distortion.

» Power Dissipations the power consumed by the device during noroparation or

during stand-by (or power-down) conditions.
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Dynamic Specifications

Dynamic specifications of converters are fundamemnta characterize completely the
converter, especially for their applicability indigital processing system. These specifications
include information about sampling rate, dynaminge, distortion and ratio between the signal
power and noise. The following presented speciboat are obtained with a full scale input signal
(xVrer), unless otherwise specified Furthermore, they eeamder input signal frequency and
amplitude.

» Sampling Rateit defines the number of time per second it sasphe input signal.

According to the Nyquist criterion, there is a mmoim lower bound for the sampling
frequency, to ensure no loss of “information” dgrithe sampling process of a

band-limited, finite energy signal.

* Input Bandwidth the resolution of an ADC is a function of thedquency of the input

signal. In ideal data converter system the maxinamalog bandwidth is equal to half
the sampling frequency. In practice, the noiseoshiiced at the output of the converter
can increase severally. For this reason, the anaelpgt bandwidth of the A/D
converter is defined as the maximum frequency fbictv the full scale input of an

ADC leads to reconstructed output 3dB below its fguency value.

* Input Signal Swingit indicates the allowable range of value for theut. The input

signal swing indicates the maximum and the minimuatues that the input signal
may have without driving the ADC out of range osuking in an unacceptable level

of distortion.

» Signal to Noise Ratio (SNRThe quantization process introduces an irrevershior,

which sets the limit for the dynamic range of arbDAdonverter. Assuming that the
guantization error of an ADC is evenly distributéte power of the generated noise is

given by

eq =— (2.8)
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whereA is the quantization step. If a single-tone sineevaignal with a maximum
amplitude is adopted for a converter with a largmhber of bits (N> 5), the signatms

power is given by

sp =Y 2.9
= (2.9)

Being A= ﬁ the signal-to-noise ratio (SNR) for a single-t@meusoidal signal can

be obtained to be
SNR = 20 - logy, (2"’ + \E) = (6.02-N + 1.76)dB (2.10)

When determining the SNR, the ratio between thguieacy of the sine wave and the
sampling frequency should be irrational. If theunhgignal deviates from the sine
wave, the constant term, which depends on the amdplirms value of the waveform,
differs from 1.76 dB. Eq. 2.10 indicates that eaadditional bit, N, gives an

enhancement of 6.02 dB to the SNR. If oversamphkngsed, which means that the
sample rate &is much larger than the signal bandwidth, the quatidzanoise is

averaged over a larger bandwidth and the signabtse ratio becomes larger, written

as

SNR = 20 - logy, (2"’ + \E) -v/OSR =
=(6.02-N + 1.76 + 10 - log,,(OSR))dB (2.11)

where the oversampling ratio OSR is given by (2.3).
In the Nyquist rate A/D converters, the signal haidth is normally equal to &2

resulting in an OSR equal to one, while Eq. 2.1dgests that the signal-to-noise ratio
increases by 10 dB per decade of oversampling.

Total Harmonic Distortionany nonlinearity in an A/D converter creates hamio

distortion. In differential implementations, theea order distortion components are
ideally canceled. However, the cancellation is petfect if any mismatch or

asymmetry is present. The total harmonic distor{ibHD) describes the degradation
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of the signal-to-distortion ratio caused by thentanic distortion. By definition, it

can be expressed as an absolute value with

Ny+1 .
ijlé VZ2(jfsig)

V(fsig)

THD = (2.12)

where Ny is the number of harmonics to be consideréffsg) and V( jfsg) the

amplitude of the fundamental and jk& harmonic, respectively.

» Signal to Noise and Distortion Ratio (SNDR or SiNaB more realistic figure of

merit for an ADC is the signal-to-noise and distortratio, which is the ratio of the

signal energy to the total error energy includifigspurs and harmonics. SNDR is
determined by employing the sine-fit test, in wheclsinusoidal signal is fitted to a
measured data and the errors between the ideakahsdignal are integrated to get the
total power of noise and distortion. If all tonesdaspurs other than the harmonic
distortion are considered as noise, the signalbisenratio can be obtained from the
SNDR by subtracting the total harmonic distortioom it

SNR = SNDR — THD (2.13)

where SNDR and THD are given in absolute valuegrdfore the SINAD is the ratio
between the root-mean-square of the signal andatbiesum-square of the harmonic
components plus noise (excluding dc). Since statid dynamic limitations cause a
non-linear response the SINAD is dependent on twhamplitude and frequency of

the input sine wave.

» Dynamic Rangeit is defined as the input signal power for whttle value of SNR is

equal to zero. It can be measured by obtaining/éhge of SNR whit the input power
variation. This parameter is widely used in spesifof converters that do not obtain
their maximum SNR at 0dB.

* Input Impedanceis the impedance between the input terminalthefADC. At low

frequency the input impedance is a resistanceilygetis infinite for voltage inputs
and zero for current inputs (thus leading to amligdeeasure of voltage or current.) At
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high frequency the input impedance is dominatedsygapacitive component. Often,
a switched capacitance structure performs the irgarhpling. In this case the
specification provides the equivalent load at thygut pin. At very high frequency the

input impedance of the ADC must be the matcheditertion of the input connection.
» Settling Time is the time at which the step response of an AD@&rs and remains
into a fixed digital number. The input step carcbasidered has the sample of Sample

and Hold block.

» Clock Jitter it is the standard deviation of the sampling tirsually it is used to

consider the errors introduced by clock jitter l&aoise with white spectrum.

» Equivalent Input Referred Noisi is a measure of the total electronic noisedpod.

>

# times on 4
1000 tests

— _ Digital

I I | | | I I >
X-3 X2 x1 X x+1  x+2  x+3 Output
Code

Fig. 2.26: Example of an output histogram of an ADC with dc input signal.

The result is that for a constant dc input the outig not fixed but there is a
distribution of codes centered around the outpateceominally encoding the input.
With a large number of output samples the codegiain is approximately Gaussian.
The standard deviation of the distribution defitressequivalent input referred noise.
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Effective Numbeiof Bit (ENoB): it is an alternative mode to write the SNDR. &ctf

the value of SNDR is often indicated in dB, whilesi possible to indicate as humber
of bit. Therefore this value take the name of dffeecnumber of bit because of noise
limits, even if the output of ADC has an higher rhan of digital signals. For

calculating the ENoB is then used:

ENoB = SNPRlap—1.76 (2.14)
6.02

Effective Resolution Bandwidth (ERBW} is the analog input frequency at which the

SNDR drops by 3 dB compared to its low frequendueaThe ERBW represents the
effective signal bandwidth of the input signal tle@n be converted. The ERBW

should be severally low than the Nyquist limit.

Figure of Merit (FoM) this parameter indicates the power effectivernéss ADC. In

first is possible to assume that the total powegppluis consumed mainly for
obtaining a larger bandwidth of the converted digB&V) and an higher equivalent
number of bits (ENoB). The definition of FoM is

FoM = —-xor (2.15)

ZENOB'FS

2.3 Operation Issues

From experimental setup strongly depends the test dhta converter for obtaining the

correct value of the upper quoted parameters. To&t Mmportant thing to do for beginning to test

the just arrived chip with on board an Analog taill converter is to define correctly the exact

specifications are need to describe the operatibnthe converter. In fact an ADC for

communications require to define accurately theriepa frequencies, the inter-modulation

components, while ADC for precision has to havieratéd static errors, and so on. The second step

on analysis is to design with care the board an itiseful to examine how the operational

environment can influence the performance which ereasured. There are two important

conditions of operation to keep in account: supgaitage (and relative noise) and the temperature
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variation. A data-converter must be tested not aamtythe nominal supply voltage and room
temperature but also within given ranges. For exartige supply voltage fluctuation of about 5%
or a little bit more must be kept in account. Atke temperature range should be from -20°C to
85°C (consumer applications) or —=55°C to 125°C iary applications), and naturally over all
range the specifications must be verified. Speaifons
within a restricted range of supply voltages
temperatures don’t properly represent the on-fiede. To
design a good chip include the maintaining
performance over a wide range of supply voltage
temperature is difficult especially for high resodn
devices. For example to ensure 14 bit over theraribe
of voltage and temperature means to ensure as g®0
600 ppm/V (5V supply) or 0.3 ppm/°C (consumi
applications) . When measuring or using a data exex
it is important to ensure that the printed circhdard

(PCB) does not influence negatively the results.
general, about power supply, the couplings and the

ground connections are critical issues. Often, high

Temperature variations have effects on the

performance data-converters use separate pinshéor .
performance of the chip

analog and the digital supplies even though the pne

usually connected to a single supply generatorhenRCB. This method exploits the bonding
inductances to decouple the analog and digitatnatesuppliesBesides, in order to obtain good
VDD or ground terminations, it is needed to engangper connection between the external supply
generators and the pins, better if realized wigulated cable. The length of the connecting lead
must be as short as possible: they are equivadendtictors. Another good point to obtain a good
power supply is to include an additional low pafterfwith a very high constant time, in this way
the high spurious frequency are notably reducedaviamd ground loops between two sides of the
PCB is a very important thing, in fact it can realiundesired oscillation of the circuit. The
possibility to use a two-layer board is indicatadyofor low frequency measures, instead high
frequency signals require a multi-layer boards w#parate ground and power planes, in this way is
possible to reduce mutual induction between sigiidie master clock and reference voltages are
other important signals that are supplied throughRCB, but is also very important to separate the
digital part of the PCB from the analog, in fagb@ssible capacitance between analog input signal

and clock can compromise the correct operatiomefchip on test. Another important point about
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the clock is to avoid the correlated clock jitteecause it can degrade the performances. Therefore,

it is not just necessary to use signal generatdtslaow jitter but it is also important to presertres

feature in the phase generator. The PCB tracemipéloe clock must be short with a solid ground

N
W WS 3

Temperature variations have effects on the
performance of the chip

plane underneath to avoid undesired mutual indactio
to critical signal, like reference voltages. This
particular shape of the microstrip create a trassion

line and enables impedance matching. When low-
speed data converters use external references it is
necessary to utilize a clean voltage generator @hos
output impedance is low enough to avoid internal
fluctuations greater than 1 LSB. This is not easy
the discrete-time operation of the data-conventawd
large pulses of current to charge and discharge
capacitances. In general, to avoid ambiguity and to
help in the testing of parts, some manufacturers

provide evaluation boards (or their layout) andegiv

detailed guidelines explaining the evaluation pdoces about realize standard circuits or testing

the performances of the sold chip. In fact, thea$gbarameters given in data sheets assume that

their measure is done in optimum specified cond#id’ he main purpose of these information is to

avoid conflicts between part provider and custom#re manufacturers should give very clear

information on the necessary setup, features acaracy of instruments to use in the experimental

set-up.
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3.1 Principle of Successive Approximation Algorithm

SJccessive-approximation A/D converters are a typeonverter with feedback or cyclic

converters. They are those in which the signauttes in a closed loop, i.e. it uses the samekbloc
in every conversion step. This is in contrast wather type of converters, like cascade structure,
where the signal proceeds from one block to thd oee. In general is used to consider cyclic
converters are those containing pre-subtractioe. hin purpose of subtraction is first made here
which is then followed by a comparison from thestfiestimated value. The basic structure of a
feedback converters is shown in Fig. 3.1.

The analog input is compared with an already abkdla/oac. The difference voltage,
representing the error signal, is then used toymed new improved estimation. These estimated
values are developed in the circuits of the feekib@ap. According to the state of the comparator,
the block labeled “Digital Logic” has the purposecbntrol the counter to start counting in forward
direction for a positive error signal and in a baakd direction for a negative error signal. For a
modulo two counter, the output is in binary fornheTDAC connected in the feedback loop now
delivers the required first estimatepAé of the input signal. In the next cycle, this valise

subtracted from the input to give the error signalhe process is terminated after n clock cycles

. LSB
when the error signal becomig$ < -

______________________________

_—»{ Digital Logic {«———| Clock
Comparator v
i Counter |
. Digital
: output
DAC

Fig. 3.1: General block scheme of a feedback A/D converter.
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However, due to circuit noise and drift, everz i 0, a stable state is never maintained, and
the counter contents bounces up and down by oneih&Bcking the input value until conversion
is stopped. Since the estimated value successamyoaches the input signal until the error is
diminished to a predefined value, this method imetimes also called “servo technique” when
referring to early mechanical motor-driven approathe two blocks labeled “Digital Logic” and
“Counter” become relatively simple in the case whiesm converter is to implement the successive
approximation method, i.e. one bit per cycle. Ttrentwo blocks essentially reduce to a Successive
Approximation Register (SAR), shown in dashed limeBig. 3.1.

There is a distinct advantage to this structurey mpe of D/A converter in the feedback path
will allow an A/D converter to be constructed. Déanverters are conceivably simpler than A/D
converters. So if the technology easily leads @A converter, the A/D converter is obtained by
completing the loop circuit.

The realization of this technique in the simplestif has been favored for a long time due to
the fact that most of the components required awelable as standard integrated circuits. A
Successive Approximation A/D Converter illustrabedrig. 3.2.

v
»
>
Py
Y

Clock

Comparator

. Digital
: output
— *+VRer
— -VRer

DAC

Fig. 3.2: General block scheme of a Successive Approximation A/D converter.

In the block labeled “S.A.R.”, given in more degailform in Fig. 3.3, are considered the
condition of the value of the output of the compardor each step of conversion. A successive
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approximation converter consist of D/A convertesnicolled by decision logic, whose output is
compared with the input analog voltage. The inmitage is fed to + input of the subtraction node,
while the output of the internal DAC goes to thenput. When the conversion is starting, the
register is cleared and the block labeled “Logit’Hig. 3.3 has the main purpose to impose the
value of the MSB equal to the logic value 1. Souhkie of errok is greater than 0 if the unknown
input signal is greater than the output of DAC,estfise the contrary. Anyway the output of the
comparator is equal to the right logic value of W8B. The procedure continues considering each

other bit with the same procedure, at which sthgecbnversion is completed.

to DAC
| ]
Logic
|
oF b, PN-1 bn
Output of LSB ] J MSB
Comparator D Q D Q D Q D Q

{> CK {> CK {> CK {> CK
Clock , .

Fig. 3.3: General block scheme of a Successive Approximation A/D converter.

It is then possible to consider that the successpgroximation algorithm, at the base of the
SAR converter, is one of the most popular appraadbe realizing A/D converters due to their
reasonably quick conversion time. To understandotgc operation of successive-approximation
converters, knowledge of the search algorithm reteto as a “binary search” is helpful. As an
example of a binary search, consider the game edsing a random number from 1 and 128 where
one can ask only question that have a “yes/no”amsp. The first question might be, “Is the
number greater than 647?” If the answer is yes, thersecond question asks whether the number is
greater than 96. However, if the first answer is tien the second question asks whether the
number is greater than 32. The third question @withe search space in two once again and the
process is repeated until the random number igrdeted. In general, a binary search divides the
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search space in two each time, and the desiredcdatde found in N steps for a set of organized
data of size 2 Referring to the Fig. 1.12, the operation of ssive approximation A/D converter
will be depicted graphically. The logic is initipalset to force the MSB to “1”, and all other bits t
“0”, which places the internal DAC output at ondfhiall scale ¢2-Ves).

Va VFS —

'
—_—

T T T T T >
1 2 3 4 5 6 Step

Fig. 3.3: General scheme of sequence of DAC output at each step.

During the time interval from'®to 1% step, the DAC output is compared to incoming agalo
signal. If the input is greater than the DAC oufghbe logic “1” at ly is permanently stored. If the
input is less than the DAC output, the logic “1'r&snoved from hand a logic “0” is permanently
stored in R. Then the logic “1” is applied tonk. This adds ¥ s to the DAC output, setting it to
either Y4-\is or %-\s, depending on the previous comparison. Duringittkerval from £ to 2
step, the DAC output is again compared to the irgigrial. If the input is greater than the DAC
output, the logic “1” at k; is permanently stored. If the input is less tHaDAC output, the logic
“1” is removed from R.;and a logic “0” is permanently stored ig.f This sequence is repeated for
each bit. The final state of all the bits will beetdigital word that represent the analog inputteNo
that the number of approximation is equal to thenber of bits. Hence, the logic recycling is at a
minimum. Conversion speed of the successive appraion A/D converter is based on the settling
time of the MSB logic ladder network and comparabora single rate conversion unit, conversion
time would be N times the time required for one Wince only one comparator is used and
ancillary hardware is limited to logic and laddetwiorks, the successive approximation technique
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provides an inexpensive average speed solutiorceSsive approximation converters are primarily
used where either an input signal is continuouslyywmg at relatively high speed or where a
succession of approximation A/D converter the aacyiof the converter can be no better than the
accuracy of the internal DAC and may be considgraibrse. The operation of a three bit

successive operation ADC is illustrated in trapsitiliagram of Fig. 3.4.

()
23 Ves
Z%VFS @
<5 Ves
)
ZEVFS <2V @
TG
2§Vm
@y
Z%VFS @
<5 Ves
)
<~ Vs

Fig. 3.4: Operation principle of 3-bit SA-ADC.

In the most straight-forward implementation, susogs approximation converter require N
clock cycles to complete N-bit conversion. A flowagh for signed conversion using a successive

approximation approach is shown in Fig. 3.5.
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< Start )
v

Reset of Register
i = N (N-bit conversion)

v

Sample Analog Input
Set b; to level “1” (MSB)

NO

Set b; to level “1”
4 h 4

i = level “0”

Digital output is
bN bo

Fig. 3.5: Operation principle of general N-bit SA-ADC.

From a comparison between successive approximaigorithm with other feedback
converters, like counter ramp ADC, results to b&diabut exhibits a poorer differential linearity.
The conversion word rate is limited by the factttleach bit must successfully tried before
continuing to the next step. This means the the éifbuits must respond completely with some
time left over before the next step begins, if tyeration is not to be marginal and if large

conversion errors are to be avoid. In each stejhefprocess sufficient time must first be allowed
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for the DAC to reach its final value within its acacy constraints. Also, sufficient time must be
allowed for the comparator to recover from its poeg inputs and to generate an output dependent
upon its new input from the DAC. The accuracy @& fystem is a function of the quantizing error
and the errors in the electronic circuit, thatttee DAC, the analog comparator, and reference
voltage source. As with any electronic processateuracy of the measurement decreases as the
speed conversion increases. The increase in erlogarithmic since it is basically a function bét
fundamental time constant equation. The timingdie, done in Fig. 3.6, shows the sequence for

a typical A/D conversion.

A
Ves—
VIN N s
Y2 Vps —
Vbac
T T T T T >
1 2 3 4 5 6 Step
- — O O O <
“co III.O IL‘_ IL) ILI I!_
o0 0O O O o o

Fig. 3.6: Timing Diagram of 6-bit SA-ADC.

In particular is possible to observe that the sawghlnalog input signal is constant for all time
which the conversion takes. Besides the outputasighthe DAC follows the continuous variation

based on the value of the previous bit and fromctiraparison between them results the effective

value of the following bit.
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3.2 Architecture

The Fig. 3.2 reports the general scheme of a sugeeggproximation converter. From that

figure is possible to extract that the main basidding block of the entire system are:
1. The Sample and Hold block;

The subtraction node;

The DAC in feedback path;

The comparator;

a kb 0N

The Successive Approximation Register and its alidigic.

The designing of each block must keep in accountha& introduced errors because of
non-idealities of its component, and to considet the effect on the output due these errors must
be negligible than the LSB of the converter.

1. The first block, the Sample and Hold (S&H), has fimection to take, according to
the sampling theorem, samples from a continuousageland then to hold the level for a certain
time interval. During this “hold” period, furthergressing of the sampled waveform takes place, as
A/D conversion for example. In this section, usefefinition as well as the relationships describing
the associated errors in a S&H process are prakefteseful criterion for the total error is that
given by quantization. Low-loss capacitors are ussdan intermediate storage medium. A

simplified S&H circuit is shown in Fig. 3.7.

Analog W + Analog
Input —Cs — O_utput
Signal y — Signal

Fig. 3.7: Sample and Hold circuit.

The signal source, having an internal resistancarfd an open-circuit voltagen charges
capacitor @ through the switch S. During the charging periedcalled acquisition time), the
switch is turned on and the sample is taken. Afseds the switch is turned off for the hold period

ty during which the sampled amplitude is kept cortstéa avoid loading of the hold capacitog C
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by any output circuit, a buffer amplifier, or anetkcircuit with very high input resistance, is used
If necessary, a second buffer stage is introdutéueanput of the S&H circuit so thats@ charged
without loading the signal source. The suntpndty represents the actual sampling perigd T
which has to fulfill the condition TS < BW due to the sampling theorem, where BW is the
bandwidth of the input signal.

In practice, the sampling process deviates frororthe~or instance, the sampling pulse has a
finite width ta (Fig. 3.8) during which the capacitor charges he value of the signal voltage
(within a certain error band) through the resistar®. = R; + R;, with Rs the switch

ON-resistance.

Voltage %4

Time

Fig. 3.7: Sample and Hold circuit.

If the time constant could be made such thatRCthe S&H would act as an analog gate
during the sampling intervals. This operation is called “natural sampling” artere is no
attenuation of the signal, depending on its fregyeas long as it is situated within the bandwidth
BW. Holding the sampled value during the time @< Ts (flat-top sampling) a shaping of the

signal spectrum given by the function

sin (7 fn-tH) (3.1)

- fiN-tH
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For RCs « ta the capacitor voltage approaches steady state gltinen sampling interval.
Assuming a nearly constant signal level within timse, then CS charges exponentially so that the

signal is reached within an accuracy of —LSB/2 sTdandition leads to

t

e RCs < 27N+ (3.2)

if the S&H is used in front of an N-bit A/D convert

The first-order low-pass response of the RC-segtidhe tracking mode (switch closed) must
also be considered. For a LSB/2 decrease of thditang at the maximum signal frequency
fin = BW, the 3-dB bandwidth has to be

a

JEPT: =Bw'm

(3.3)

wherea = 1 — 2™~ the normalized amplitude & = BW for a permissible error of LSB/2. For
example, if N = 10 bit, a required bandwidths = 32- BW is needed. This formula is also valid
for any amplifier with a first-order low-pass resge in front of an A/D converter. If the time
constant is no longer small compared with the aufjoin timet,; some averaging of the signal
during sampling time, takes place. As a worst-case estimation, integradf the signal durint is
assumed, i.e. s > ta, such that the signal can vary by a consideralnfeb®r of quantizing steps
without the capacitor voltage being able to trackin this case, the frequency response can be

approximated by the function

sin (T’:'fIN'tA) (3 4)

T fIN‘ta

The sin(x)/x decrease due to the hold timdias an influence only if the S&H is used as a
stand-alone unit. If a S&H is in front of an A/Drogerter, it is important that the S&H reaches and
tracks the signal during acquisition time. An altrtransition from sample to hold should occur
when the sampling pulse changes state. This ddedways happen in practice.

First, there is a certain delay between the samptinlse and the actual sample-to-hold
transition of the circuit. This delay can be didd@to a constant so-called “aperture delay time”,
which can be taken into account, and an apertucertainty timeta which is changing from sample
to sample because it depends at least on the daydhland the slew rate. This aperture uncertainty

is difficult to measure and can only be estimatethany cases.
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A further condition is obtained by considering tiecessary decoupling between the signal
source and the hold capacitors throughguiAlthough a very high OFF-resistance of the switch
assumed, the actual isolation is not perfect dubdaapacitor £shunting it. A capacitive voltage

divider is therefore established. Thus by usingsdi@e LSB/2 criterion as before, we get

L < p-(N+D), (3.5)
Cs

Other sources of errors are present in S&H systairage always related to the switch. In fact
usually the switch is realized with a MOS trangisihen the MOS is turned on it suffers from
wideband thermal noise, much like a resistor. Thamsses random fluctuations in the device’s drain
current, which are continuously integrated by thpacitor. When the MOS is later turned off, the
integral of the noise current is "sampled” onto ¢hpacitor. Thus an error component is added to
the signal charge. Wheel the MOS switch turnstaf, other error sources manifest themselves. As
the gate voltage swings quickly from one supply t@ithe other, charge is driven off the bottom
plate of the gate overlap capacitance onto the statage node. This is calletbck feedthrough.
Simultaneously, another effect called charge impecis in operation. This is caused by the mobile
charge in the MOS’s inversion layer, which is fafde leave the channel when the gate voltage
changes. Any inversion charge that escapes todteersbde causes an additional error in the stored
charge. This section is concerned with the comjmntadf errors due talock feedthrough and

charge injection.

G

I
O I

inversion layer

:

p* bulk

Fig. 3.8: Cross Section of NMOS transistor.
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These effects are much more difficult to model tihamse. The main difficulty is trying to
keep an accurate accounting of where the charge dagang turn-off. The MOSFET is still
conducting to some extent until the gate voltagesgwell below threshold. Thus, charge is able to
redistribute itself from source to drain in a cormogied fashion. There is also the possibility of
driving some charge into the substrate (see beldw)consider these possibilities in more detail,
refer to the cross section of an NMOS transistdfim 3.8. For gate voltages above threshold, an
inversion layer (consisting of mobile electrons)lwstablished beneath the thin oxide in order to
mirror the positive charge on the gate. If the gatkkage begins to drop, then fewer electrons will
be needed to mirror the reduced gate charge; theétireg electrostatic imbalance impels excess
electrons to leave the inversion layer. During rarperation the source and drain voltages are
greater than or equal to the substrate potential,s® excess electrons are preferentially attracted
toward these terminals. In fact any electrons legthrough the source and drain will result in
charge injection errors. However, the source amathdrave only a limited capability for removing
excess charge. The limitation stems from the rigsistature of the channel. The flow of electrons
from the center of the channel toward the drain smaice constitutes a current, which causes an
ohmicpotential drop from the ends of the channel tocéter. If this potential drop becomes large
enough, the potential at the middle of the chanmay actually go below the substrate potential. If
this occurs, electrons will be injected from thedrsion layer directly into the substrate, inste&d
to the source or drain. This effect is called cbgpgmping. From the point of view of the analog
circuit designer, charge pumping may be a benevelfect since it reduces the charge injected to
the data node.

2. The second considered block is the subtraction.nblae main purpose of this block
is to generate the perfect difference between tiadog input signal and the output of the DAC.
Some typical solution include the use of an operati amplifier (see Fig. 3.9) which has the main

purpose to elaborate analogically the differendevbéen them.

R

WW

Vourt

Fig. 3.9: Simple schematic of active subtraction block (Vour = Vin- Voac)-
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In this family of solution the good choice of theatog amplifier is at the base of a good
operation of the system. Usually, at the input poinan analog to digital converter, as known, the
input signal is sampled by the use of a capacitamzk also the output of the DAC is regularly
commanded from the timing of the clock. In this wayossible solution to implement a low-power

subtraction node is to use a switch capacitor tachire (Fig. 3.10).

1 2

T Vour
1 C 2
Vpac T 47

Fig. 3.9: Simple schematic of Switch-Cap subtraction block (Vour = Vin- Vpac)-

Vin

The main problems about introduced errors in théedastructure are very similar in
consistence like the errors introduced in the S&tdcsure, both about the capacitance and about
the switches.

3. The next basic building block token in considenati® the DAC. The accuracy of a
DAC is stated in terms of the maximum allowableem the analog output level. The output error
is the difference between the measured and thecpeddutput level, and is normally expressed as
a percentage of the full scale output voltaggrV= Vgrer+ - Vrer. . As discussed previously,
accuracy is not the same of resolution. Howevezpmvert circuit with high accuracy but poor
resolution, or vice versa, offers very limited apl® the system designer. Therefore, from pralctica
design considerations, both the accuracy and swutgon specifications are normally chosen to be
comparable. Typical accuracy requirement from a DéCuit is of the order of +LSB. This
implies that the total allowable output error vgiaV; for an N-bit converter with a full scale

output swing of ¥eris

AV, = +-LSB = + ZREE (3.6)
2

— 2N+1

Thus, the total percentage errogy.Vallowable at the output is

Vip = + o, (3.7)

— 2N+1

for ¥2 LSB accuracy. Thus, the accuracy requireniecreases very rapidly as the bit count is

increased. For example, a 4-bit converter with £SB accuracy can allow a total error of £ 3.12%
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at the output; but for 6- and 8-bit converters, #ilowable error decreases to +0.78% and
+ 0.195% respectively. In literature are preseribtaof structure which realizes the Digital to
Analog Conversion, but in this short introductiomoat DAC is introduced only a typical low
power passive structure, based on switch capaaitdhitecture. Usually it contains three basic
sections: binary switches, voltage references, agapa network. In the following Fig. 3.10 is
shown a typical schematic of a DAC realized witpasative network. From that picture is possible
to observe that each capacitance is initially dasgld by turning on the switches called “0”. After
this initial step are used the switches calleddd*2” to second that the correspondence bit isaéqu

to level high or low respectively.

0
I ————— V
c] c|] 2c] 28] 2Nc| ouT
LSB MSB

NRERRR NRERRER

0\1 2 \1 2 0\1 2 0\1 2
- _ _ VReF+
VREeF-

Fig. 3.10: Simple schematic of Switch-Cap DAC.

In this way the output voltage is like a capacitilreider of the voltage Ner = Vrer+ - VRer- .
The main errors introduced in this structure aeertdated to the use of a capacitance and the ones
related to the switches realized with MOS transigétready discussed in S&H block). Another
important error can became from the noise introdume the reference voltages. In fact, as seen
before, the proposed DAC can be seen as a capaditiider of that voltages. Naturally the effects
of the noise on that voltages will be reduced &dhtput but is present in the measure of

V, = e (3.8)
in the worst case and then the right considerdtato.
Additional error from capacitance is representedhgyreal obtained value of capacitance in
CMOS technology. In fact, as proposed in the schientd Fig. 3.10, there are more than one
capacitance and their value exponentially increagtésthe bit, therefore to obtain the right value

for each capacitance is most important for the Dop€ration. The realization in CMOS technology
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of a capacitance is done by overlapping two diffeflmor of metal or poly-silicon and separated by
a dielectric as oxide of silicon, as shown in Bdl1. The capacitive value of the obtained instance
is done by the nominal value {fGummed to the relative error{CThe errors are caused by some
typical problems in CMOS process which can corrilg@ thickness of the dielectric or by the
presence of border effects which increase the valube capacitance linearly to its perimeter. To
limit the effects of the ladder errors is possildemplement the system using two identical unitary

capacitance for obtaining a capacitance with doualee.

Fig. 3.11: Simple realization of a capacitance.

In this way also the perimeter is double respethéounitary one, and then the relative effects
are negligible. In the other hand, a variationhe thickness is dangerous for the absolute value of
the capacitance. These errors can corrupt the ojgétation of the DAC. In fact the analog output
of the DAC is done by the ratio

ZNz C:'V;:
4 = Sl 3.9
OUT,DAC ZIivzlci ( )

where the value of Ms done by

VREF+ if by =1
Vi =
VrEF- if by =0.

Considering each capacitance can be written as ltiptauof the unitary capacitance, is

possible to observe that the output voltage oXAE, done in (3.9), becomes:

N i—1
iz 27V
2N-1

(3.10)

Vo UT,DAC =
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and then in the adopted solution the most importiainy is to impose the correct ratio between
capacitance and not to ensure the absolute valeaabf one. Therefore the mismatch between the
capacitance is the real parameter to keep in atdouansure a correct output to the DAC. The
mismatch can be introduced between capacitanceittty Variation in the process or in the
realization of the right capacitance with the righhensions. The variation in process are avoidably
by using opportune layout structure of capacitarimg, the random errors introduced in the
dimensions are to keep in account. Usually thairgrare not depending by the total area of the
capacitance, but by the used grid in CMOS procesfact to use big capacitances can help to
reduce the effects of random mismatch between dapaes.

4. The next basic building block token in considenatis the comparator. The main
function of a comparator is to deliver an outputage which represents the results of a comparison
between two voltages at its input. Comparatorglaeefore used in data converters to find the level
of an input voltage that can be assigned to oneb@t quantization level. In fact, the number of
comparators in a certain converter setup is a dim@asure of its complexity and cost. The circuit
symbol of a voltage comparator is shown in Fig23.1

VOUT

Fig. 3.12: Symbol of a comparator.

The range of comparison of a voltage compardy, < Vv < Ve IS Shown on its

input/output relationship in Fig. 3.13.

A
Vour

Vmin VRer Vimax

Fig. 3.13: 1/0 Characteristic of a comparator.
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Usually |V,0xl = |Viminl Or one of them is equal to zero. The referencdagel \ker
(threshold voltage) can assume any value withim lainge. The output voltage)yr takes only two

levels (logic states). ; < Vggr , then

Vour = Vour,iow = "0".

While if V; > Vzgr , then

Vour = VOUT,high ="1"

The transition from logical “0” to logical “1” is at precise in practical comparators, but
rather it has a finite widtAV,y of uncertainty due to the finite gain of the citdigain error). This
width puts a limit on the number of admissible camgon levels (resolution) within the range
Vinax — Vmin - Therefore it should be made as small as posditsesider, for example, a 12-bit
A/D converter. The required amplification can beéedmined if the type of logic circuits is known
which the comparator has to drive. This determitmesdifference in level between “1” and “0”
from which the necessary amplification is calcudat®esides high amplification, a large bandwidth
is also necessary in order to keep the transitrae {response time) from one state to the other as
small as possible. A measure of these two charsiitsr is the gain-bandwidth product
Gain- Bandwidth. For those reasons, comparators hateietiwe similar to that of an operational
amplifier. However, in contrast to wideband amplificomparators are mostly operated in two
extreme states, high-level or low-level output, tleey are operated in their cut-off region and
hence they are overdriven most of the time. Theeefbe circuit should be designed to avoid
adverse consequences of overdrive, mainly satarafidhe transistors. Since comparators operate
between these two extremes, the response timeris meaningful than the bandwidth. Also, in an
analogy to amplifier terminology, the term “inplgw rate” (SR), which gives the maximum rate of
change at which the input stage can follow withglatv rate deterioration, is a useful specification.
In addition, high common mode range is more impartaan for amplifiers, even if it is obtained at
the expense of larger drift, smaller input resisgarand even instabilities within the linear region

The structure of a comparator is similar to thaafoperational amplifier. On the other hand,
the response time or delay is more important tharbandwidth. Accuracy is further determined by
offset voltage and voltage drift, as well as byseffcurrent, adding to the error budget. Common
mode voltage range should be large as well as hdtidvand stability in the tracking mode.
MOS technology, while being suitable for high-dénpdow-cost digital circuit functions, has a



Ch. 3 — Principle of Operation of SAR A/D Converter

number of drawbacks for analog circuits. The alisokmlues of device parameters, such as
threshold voltage which is important in differeht@mplifier configurations. Therefore MOS
comparators are based ar. coupled amplifiers that are fed by a differenagnal obtained by
switching the signal and reference voltages topaflibp circuit that has been previously pulsed to
its unstable operating point. This type of latchawguit is extensively used in dynamic memories
as a sense amplifier.

5. The next basic building block token in considematios the Successive
Approximation Register. This register has two mpurposes, the first one is to furnish to the
output the right digital word at the end of convens (and eventually the signal
End Of Conversion — EOC), the second purpose eé@momand correctly the DAC in feedback path
following the Successive Approximation Algorithng already seen at the start of this chapter. To
design the digital logic, in every system, is pbksito use some CAD designer tools which allows
to obtain the right implementation of the functiomgh opportune digital calculation. Usually the
resolution of these tools are not optimized in orafespeed and power consumption. The custom
design of a simple Successive Approximation Registpossible without to spend a lot of resource
for ensure the correct results. The choice to kisevay of custom design allows us to obtain a low

power circuitry which ensure the right time respans

3.3 State of the art

The actual state of the art, about the realizatfo/b data converter has been looked for in

the data-sheets of some silicon industry and aedigresented in some of the most important
conferences or write on some of the most impojtamnals in the world.

The purpose of this work is to realize an optimaDAconverter for very low power
application with a medium-high resolution and spé&gither A/D converter has been evaluated with
difference bit of resolution with the purpose t@gen mind the optimal goals of our work.

The commercial devices available in market are lysusased on solid configuration
strategies, which allows to realize devices witjhnevel of accuracy and yield. This considerations
are most important for the factories which mustgkieeconsideration also the quality of the product

and the economic point of view. There was analyhedoroduct offered by some factories and the
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devices with analogue characteristics are propasehde table 3.1. To obtain a good comparison
between different typology of converters we usegammeter Figure of Merit (FOM) to compare

all the considered converters.

Ref.| Device Name Factory Name Power | SINAD Fc FOM
Consumption [dB] [kHz] | [pJ/conv.step]
[mW]
[5] AD7466 Analog Device 0.3 69 100 1.3
[6] | ADC101S021 Nfsltional 2.34 61.5 100 24
Semiconductor

[7] TLC1551 Texas Instrument 40 60.5 7800 6.3
[8] TSA1005 STMicroelectronics 100 60 20000 6.1

Tab. 3.1: Characteristics of some commercial devices

From the previous table it is apparent that theicdeproposed by analog device is the one
with the best FOM. That device is an A/D converlExsed on Successive Approximation
Algorithm, and then confirm that the best architeetfor medium speed and 10-bit resolution,
which correspond to a SINAD of 62dB, is the pragmbsne. The characteristic of that device, and
then the purpose for our work, are the power comsiam less than 300uW and a figure of merit
better than 1.8%cony.step

There are other consideration to keep in accanrgarticular the system proposed in some
important conference or paper in journal, whergeneral the best performances are presented. In
this optical we consider the A/D converter proposethe last years.

The graph in Fig. 3.14 shows the FOM of each A/Dvester presented on the JSSC or
ISSCC, in particular are separated the relativep@sal converter by typology of source and also
some older systems are reported in the same graph.

From the graph of Fig. 3.14 is apparent that fogsslution of about 10 bit the FOM of the
actual state of the art is about éfmn\,,step realized by Jeon [9] with a pipeline structuret ib is

justified by the High sample rate at 20MS/s.
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4.1 Principle of Design

The purpose of this work is to design an analogitptad converter with medium-high

resolution and speed, but the most important thénthe very low power of the entire system
because of application. Therefore the design oh dmsic building block will be oriented to the
reduction in power, in particular will be used tbe power architecture for all the design, will be
proposed a new way to think the comparator andbeilfull custom designed the digital logic of the
S.A. A/D Converter. These particulars allows toanttan A/D converter better than the actual state
of the art which can be used in the goal applicatibecause of its resolution and very low power

consumption.

Design Issues

As with any design involving analog componentsyehae a number of circuit limitations
and trade-offs in S.A. A/D converter design. Thaige considerations discussed in this section
include the KT/C noise, sampling non linearity, amator offset and mismatch among DAC
elements.

1. In switched capacitor based modulators, one fundéhenon-ideality associated

with using a MOS device to sample a voltage onpacitor is the presence of a random variation of
the sampled voltage after the MOS switch openss Tlandom component has a Gaussian

distribution with a variance of‘C—T, where k is Boltzmann’s constant, C is the capacdaand T is

the absolute temperature expressed in Kelvin de@iee variation stems from a thermal noise in
the resistance of the MOS channel as it is openihg. noise voltage has a power spectral density

of 4 - kT - R where R is the channel resistance. This noisewsplass filtered by its characteristic

resistance and the sampling capacitor to an egnvaloise bandwidth q:f;—c. The total integrated

variance will thus bekcl, independent of the resistance of the switch. Thit Stage sampling

capacitors must be sized so as to limit the no@dribution to an acceptable level. From this
starting point the used capacitor sizes may bemeated.

2. The linearity of the sampling process at the vénst fnput sampling capacitors will
be the upper bound of the linearity for the whotenerter. Care must be taken to ensure the
switches are sufficiently large so that the sampigitage will be completely settled through their

non-linear resistance, but not so large so thatrasilual signal dependent clock feed-through is
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significant. To improve linearity can be used btajs switches, but the medium resolution don’t
require this particular solution.

3. The comparison done by the comparator can be deduyy a constant error because
of the offset of the comparator. The offset is preesin a comparator because of the non
symmetrical design (systematic offset) or by thematch between the elements which are included
in the design (random offset). The systematic oiés@ be negligible with a good design, while the
mismatch between transistor is done by the teclgyoland the most important thing is to taken in
account the effects of this errors and keep thedeutine %2 LSB level.

4. The standard deviation of an integrated capacdtgiien by:

(4.1)

where k is a constant depending on technology.
The larger it becomes the number of DAC levels stimaller it becomes the unit size element
size and the bigger its variance. Mismatch powsulte in harmonic distortion and in a higher

noise floor.

Effects on Resolution

Due to the previous considerations, the noise duéree main non idealities (thermal noise
of sampling switch, linearity in S&H block and miatoh among DAC elements) depends
exclusively on the chosen capacitor size. Besideset errors have the same transfer function of the
input signal, therefore the introduced error halsedess then %2 LSB.

Instead the errors introduced by the offset of tlenparator depends by the mismatch
between the elements which are include in the commadesign. The purpose is to reduce the
offset less then %2 LSB to make negligible its @feun output. To obtain this goal is possible to
design keeping in account the mismatch on eacheglitsmor to include a possible auto-zero

algorithm for reduce its value.

Choices of Design

The goals of this work are depends by the requapgaication. The main purpose, as already
seen, is the low power in the comparison. To obfaim goal is possible to use a technology which
allows to use a low voltage power supply, as 1M.@V. In this way the input range of the A/D

converter will be reduced to 0.8V to ensure a abrlieearity. As seen in the previous chapter the
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state of the art has a FOM of about 200fJ/conw, skeen our goal is to improve this value at least
factor 2. Besides the resolution has a goal of ft@ehit or little more.
In the table 4.1 are resumed the value of goaldesign and some important choices as the

power supply and FOM.

Characteristic Value
Supply Voltage 1.0 +1.2V
Sample Rate 100 kS—S
Figure Of Merit < 100 comf+tep
Power Consumption < 5uWw
Input Range 0.8V
Resolution Bit 10 = 11 Bit
LSB 780 + 390 uV

Tab. 4.1: Summary of main goal of this project.

4.2 Building Blocks Design

In this paragraph are explored the followed desigy tw realize each basic building block of

the Successive Approximation A/D converter. As sSeghe previous chapter, and is apparent from
the Fig. 3.2, the main block which are at the l#s®e S.A. ADC are: comparator, S&H, subtraction
node, DAC and, SAR with digital logic. The firstadyzed block is the comparator.
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Comparator

Usually, the conventional scheme used to realib&vgower comparator is done in Fig. 4.1.

+ +
Ampl Latch

Fig. 4.1: Typical realization of a comparator.

The latch has the purpose to saturate its outptageto \bp or Vss according to its inputs.
In general a latch has the main purpose of the eoagr, but it can response correctly only if its
input differential voltage is enough large (typlgab 20mV) to ensure the right accuracy in its
operation. To overcome this limit is usually usedpply a preamplifier before the latch which has
the purpose to amplifier the input signal. In oase it is necessary to use because the LSB is
390uV and then the required gain of the preamplifieistrhe at least 52 which means 34dB.

To consider the power consumption required by theamplifier we consider the usual

adopted scheme proposed in Fig. 4.2

Voo
&)IBIZ Y |g/2

Vour- Vout+
Cpz=i2 Vin—|[ m, M, [—Vrer =::Cp
Yl

Fig. 4.2: Typical realization of a pre-amplifier.
In that realization of amplifier the dynamic gasndone by:

g TP (4.2)

Vour =Vin - cp

where Fis the pre-amplifier time.
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Under the hypothesis of input pair in sub-threstugdration the 4.2 becomes:

IB/Z'TP

m'VT'Cp.

Vour = Vin - (4.3)

Assuming m = 2.75, F=357ns, G=40fF and imposing a gain of 43dB, which allows @argn
because of eventual technology errors, the requéredequal to 2.@A. Then a power supply of 1V
allows to consume only 2.2V for the pre-amplifier.

The second step to obtain a comparator is the medithe latch. The usual structure used for
low power latch id done in Fig. 4.3.

i e

W W
_lE M Mg |_E
—v] r—

ey ; Kl gl

W W WV

Fig. 4.3: Typical realization of a latch.

||""'III::'I:I

The power consumption of the schematic proposelatel, under the power supply of 1V
allows to consume only 248V. This value is obtained with random changinghaf dutput value by
simulation in the required technology.

Then the realization of a comparator should bgW.f the realization of the comparator
uses the usual low power structure.

The purpose of our work is then to obtain a contparaith very low power and to obtain
this goal we will use a non conventional way tolireathe solution. In particular the proposed

solution, proposed in Fig. 4.4, includes the usemvof voltage to time comparator and a logic which
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Ps
Y Time Ps _—‘ —‘ —L
Vin — V2T _LComparator Ref |
IN Out N L
j Ref —
A Vin<Ve  Vin>Ve

Ps

Fig. 4.4: Block diagram of the proposed solution for comparator.

compares the time delays.

The time diagram shows the behavior of ®s signal and theeferenc voltage \6 and
shows also how the digital output changes depenalinpe input signe The function of the bloc
called “V2T” is to convert thamplitude of the inpuvoltage into delay time from tiraise edge of
the clock. Thenext block, in cascade with the tW2T has the purpose to compare the delay ti
and choice if the V2T referred to input voltagdaster or slower than the V2T taken as refere
Then the output of the comparator (Out) is equalotgic level “1” or “0” according with th
amplitude of \fy is less or more thereference voltage y/respectively.

To use this schematic block requires to desigrviiieage-to-time converter with low powe

philosophy. To obtain that result it is proposeel s$khematic in Fig. 4.

:l— Vb — Vb

M Vv
D s s
jl‘\e‘lz T C | [ [
Va—]|| M |
> M; =Ro ":';"':CP I:MB

Fig. 4.5: Schematic of the proposed solution for V2T.
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The supply voltage is p6=1V to ground. When the phadg is low, the transistors M1, M4
and M6 are ON while the transistors M2, M3 and M& ®FF. Therefore the initial conditions
include that the capacitance C is charged #g ®nd the parasitic capacitance & completely
discharged. The input voltageaVapplied on gate of transistor M3, is a constasitage during
each single conversion. The conversion starts whgmaises and the initial step is the V to |
conversion by transistors M1, M2, M3 and the rasisé R, which work as a constant current
generator. This current is used to discharge tipaaitor C, and then it has a constant discharge.
When the voltage ¥, across the capacitor, falls below the threshéldamsistor M5, the output of
entire V2T raises. The presence of some invertehatoutput has the only purpose to obtain a

square wave with good edge in transitions.
The issues of this configuration are {-TgTeof the capacitance C and the thermal noise on the

threshold of transistor M5. In fact as is posstiole@bserve in Fig. 4.6, the first contribution, don

by capacitance, influences the right starting vatuelischarge the capacitance, while the thermal
noise on transistor M5 change the level of itsgshodd. Both components have the consequence to
modify the value of delay. Both ones can be comedidnas an input offset, in fact to compensate

thek?T noise is possible applying the voltagg ¥, and the thermal noise can be compensated by the

voltage \, n2 at the input, as proposed in Fig. 4.6.

Vi =V

IN ™" ref L Vrlgf "f;ef*'vin,nf .
Vy —|[:Ma PN

it Ve |

Fig. 4.6: Time diagram of some issues in V2T converter.

The two considered contribution have the same w&sffeében is possible to calculate the

equivalent input noise as:

Vre —Vgs
Vin,n = ’Vizl,nl + Vi%l,nz = /VRZTT + Vr%,S : # (4-4)
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Considering the LSB equal to 390uV and the limi@atio impose ¥, < ¥2 LSB, and
assuming that the voltage across the resistapde Rominally equal to 0.15V and the threshold of
PMOS is equal to 0.4V, a possible trade off betwsea of transistor and capacitance bring us to
choose a capacitance of 0.8pF and a thermal noiséramsistor equal to 50nV. With these

parameters is possible to calculate the equivaleise referred to the input is equal to

Vin,n = V'%l,nl + Vi%l,nz = V1012 4+ 1502 = 180.“‘/' (4-5)

1

The next step is the design of the block whichizealthe time comparator. The operation
principle of this block is to determine which signa the first to raise. A simple method to
implement this algorithm is the use of a Delay Hipp (DFF). In fact if we connect the output of
the V2T correspondent to the input signal to thmutrcalled “D” of the flip flop and the output of
the other V2T to the input called “Clock” of theipflflop then we will obtain a right time

comparison.

Vin o V2T D

pFF (Ot
Va— V2T |—>Clock

X
Ds

Fig. 4.7: Realization of the converter.

The operation of the DFF is to copy to its outfh& &ssumed value of the D input in the same
instant of time when the Clock signal raises. lis ttonfiguration, naturally, the value of reference
voltage \k ensures the edge at the output of its V2T, wiiéedutput of the V2T correspondent to
the input signal can raise before or it is ableraate. This way doing, when the Clock signal mise
“read” the value of the D signal, and then if Dregraised before the output becomes “1”, while if
D signal still has to raise the output becomes Tie implementation of this block whit a simple

DFF introduces only the errors referred to the eesthe hold or the setup time to ensure the cbrrec
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operation of the flip flop. Really these time wilbt respected, but our considerations will be @n th
noise in time on transition level. Some simulatomlibrary DFF bring us to consider an equivalent
input noise voltage, ong/ of about 73uV. This result, united to the otheisa contributions, have

a total equivalent input noise of
Vintor = V1802 + 732 = 194V,

which corresponds to a little bit less than %2 LSB.

The power consumption of the full comparator is @ldry the power consumption of each
V2T and the power consumption of the DFF. The VZRQuires the charge topy of the
capacitance, and after there is its slow dischare.V2T connected tog/is opportunely designed
to obtain the transition at about the end of comsparand then the capacitance will be discharged
only part of it one. While the power consumptiontioé other V2T depends to the value g§,Mn
fact an high input voltage can discharge completieéy capacitance, while a little input voltage
should not discharge the capacitance. Whit thegmthegsis, it is possible to suppose that the
energy of each V2T for one conversion step is ablmathalf of the energy spent on a capacitance
which discharges itself completely from supply agk. This one is a reasonable hypothesis
because the input voltage can discharge compl#telgapacitor or cannot discharge the capacitor
with the same probability. The power consumptionthef DFF is very low, in fact with a clock of
1.4MHz (14 clock period allows to obtain the reqdirsample rate of 100kS/s) it consumes only

50nW. Therefore results

1
PCS = fS : NBIT “2- 2 (E -C- VgD) + PTimeComparator = 1uWw (46)

To adopt this solution, proposed completely in Bi@, for the comparator allows to reduce the

power consumption of the comparator from the esachd.7uW of typical solution to about 1puW.
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Fig. 4.8: Complete scheme of a used low power comparator.

As seen in the previous chapter, the high precisibnthe comparator is very important
because the offset error is reported to each domgarison. Therefore is much important that the
offset value is kept less than % LSB. In this tgbeomparator the offset is done by the mismatch
between each single element: the resistance, geeitance, the transistors M5 and M3. In fact they
determine the real value of the sampled voltagthéncapacitance, the current which flows with
reference voltage, the value of the threshold tmmare. In this way is very difficult that each
component will be designed so big for respectirgrttismatch specification, then it is mandatory to
include a circuit for offset cancelation, aftergtiabrication. The adopted solution can include the
variation of only one element, which will changs Walue to compensate all the mismatch errors
introduced also by the other elements. The simphest to obtain this calibration is to use a
trimmed resistance. Obviously it is not possibléntplement a trimmer on silicon, but it is possible
to implement the resistance a series of high nurnbegsistance and then to choose the right “point
of input” by an opportune array of switches, asvamon Fig. 4.9. The implementation of this
solution is possible by using transistors as swegciind manually choosing the right combination of

switches by an opportune binary code from external.
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Fig. 4.9: Realization of the resistance for compensating the offset.

S&H — Subtraction node — DAC

To design a low power DAC is possible by avoiding amplifiers. A possible way can be the
use of switched capacitors structure which allosvslitain the right analog value at the output by
switching some capacitances. A typical switchedacdprs structure in Fig. 4.10 is given.

The main characteristics of this structure are ithat

- has no static power consumption;
- has a dynamic power proportional to the total capace used,;
- has a total capacitance equal tatitnes the unitary capacitancg;C

therefore is possible to reduce the value of thkanncapacitance for reducing the power
consumption. The entire structure of capacitancebsaused also as S&H block simply sampling
the value of the input signal on all the capacitani this way the capacitance continues to divide
opportunely the reference voltages to obtain theecb value of the DAC output, but the charge

accumulated on the capacitance subtract the samimgatisignal from the ideal DAC output.



Ch. 4 — Design of each basic building block

Out

from SAR[ |\ \ '\ \ h i
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Controls _ | |
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VREF-

Fig. 4.10: Typical structure of low power DAC.

To use this solution, proposed entirely in Fig.14.4llows to reduce the errors in charge transfer
between different stages of signal elaboration. Sheple phase in this structure includes a
differential sample because of the comparatoratt the comparator does the comparison respect
to a reference voltageg\opportunely designed for obtaining a good perfarces in the operation

of the same comparator. Therefore is opportunettigasample phase include the subtraction of the
voltage \k from the obtained sample, and this operation igsinbd by connecting on plate of all
the capacitances to the input voltage and the qila¢e to the voltage 8/ Ended the initial sample
phase, the structure starts the continuous chahgfeeovalue of the bit following the successive
approximation algorithm. The correct value of thepat is ensured because of the open circuit in
one side of the capacitances, then it is not plestibhave change of charge with external point of

the circuit, but only between capacitances.
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Fig. 4.11: Structure of low power DAC used also as S&H and subtraction node.

The design of this structure include to keep inoaot the usual errors introduced by

capacitances. The first considered noise is’%hedaturally all the capacitances have the purpose t

sample the input and then tﬁgélimit impose the minimum value of the sum of &l tcapacitances.

In particular it is necessary impose that the poefethe introduced noise must be less than the

power of the quantization noise, then results

KT AZ_ kT 1 (VRange
Cror 12’ Cror 12 2N

)2 : Cror > 0.83pF 4.7)

This value of total capacitance means that theimedwalue of the unitary capacitancg C
must be at least 0.4fF, but this value is very ltverefore this limit doesn’t represent a very timi
because of other technology factor. But the desighe capacitance relatives this block must also
take in account the mismatch among the capacitaircésct the correct operation of the DAC
depends from it one. Then it is required that

ACmax | oN-T _ %2kc  oN-T 1
2 SEMAK T = 2PN < 2 (4.8)

Where the k of the our technology is equal to 0.003 and aemtrdesign at & for 11bit
requires an unitary capacitance of at least 8 Bti.also this value doesn’t represent a real limit,

fact the parasitic effects on capacitances and dithegs imposed by the used technology impose us
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to use capacitance of at least 30fF, value whitbwal us to satisfy all the limits in noise and
mismatch.

The power consumption of the capacitive structutdaciv realizes the DAC, S&H and
subtraction node is determined by the value oftdked capacitance. Therefore 11bit structure has a
total capacitance equal &' - C, = 2'' - 30fF = 61pF. To estimate the power consumption of

this structure is possible to calculate as
1
Piipic = fs Ziz1 Ei = fs 5" Cror - Vier (4.9)

because the capacitor are charged only one timeepen sample. There is also the power

consumption of the initial step of sampling, whedn be calculate, in average, as

PSample =fs- % Cror (%)2 (4.10)
because the real power consumption is a functiothefinput voltage, and then we consider a
charge/discharge of about half range. Then thd pm@&er consumption include, at 100kS/s, the
power of 2uW for the DAC and about 0.5uW for théiah sampling, therefore a total power
consumption of about 2.5uW.

In order to reduce the power consumption of the B#@cture is possible to taken in account
some different structure which allow to reduce,hwéternative scheme, the value of the total
capacitance and then the total power consumptitwe. gossible solution should be the “bridge
solution”, as presented in Fig. 4.12. This solutatiows to reduce the capacitors count by dividing
the capacitive array into two parts separated byatdenuation capacitance,.Crhe maximum
switched element in the array of the right sideN$™'C, while the lowest one is CThanks to an
attenuation factor equal td"2 the biggest element of the left array {4?2C, instead of 4G
allowing to convert N/2 bits and having © represent the LSB.
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Fig. 4.12: Structure of low power bridge solution DAC.

Summing up, the capacitances count goes frOnd@wn to 2 - ¥? — 1. The series of
attenuation capacitance and the entire right amast equal the

ce2V2c
=X Ty w7 L =C, (4.11)
Cxt+2 /2.Cy
which yields the value of ,C
2N/a
2 /21

Unfortunately the value of ,ds a fraction of @ obtaining the necessary accuracy requires
care in the layout. Another little disadvantageha$ structure is that it requires an even numlber o
bit, but usually the advantage of capacitance realuds so high that it is possible increment
eventually the number of bit to ensure the coroparation of the circuit. While the main advantage
of this solution is the reduction of the total usagbacitance and then the occupation of less area o

silicon, in fact the required capacitance for 12liticture is equal to
Cror = |22+ (2"2=1)| - cu=127 - cu (4.13)

The result is very good for our converter, but tbaization of the attenuation capacitange C
is really difficult, in particular if we want to eare a correct operation of the circuit with small
value of unitary capacitancg,Gn this way an alternative solution has been setbpvhich includes

the use of two arrays of capacitance but using @@nwation capacitance equal to unitary
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capacitance. To change this value of attenuatipaatance requires to modify the first array of

capacitance as shown in Fig. 4.13.

Out
N LD RPN oM-1)

—
~_
.
N
D

Fig. 4.13: Structure of low power modified bridge solution DAC.

The proposed solution with modified bridge arcHitee has the main advantage of to reduce
the problem in ratio between capacitances becalseetlae attenuation capacitance is equal to
unitary capacitance. But this solution doesn’t immalthe perfect DAC characteristic, in fact it
introduces some errors. To analyze the introducexsby the use of a 12bit structure we simplify

the study by calling in different way the main pafrthe system, as shown in Fig. 4.14.

1 —

63-m =

I

|

I

o)
iy
°

Fig. 4.14: Simplified structure of the DAC for studying introduced errors.

With this simplified scheme is possible to calcelébe value of the output voltage as a
function of the digital word in input, in particulé is equal to m+64. Under this hypothesis, and

supposing that all the capacitance are compleisthdrge, the output voltage is equal to:
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4096 m+64-p
Vour = 2095 4096 Vref+ - Vref—)- (4.14)

Therefore it is apparent that the introduced eisoonly a gain error with a maximum of
1 LSB at the end of the dynamic range. Besides pdssible to consider that a possible offset
between the voltages;¥. and Vfer. can be useful to compensate this gain error. Therchoice of
the DAC reverts on this solution with matched c#paces.

The total capacitance of the proposed solutiomjigkEto
Cror = [2-(2N/2-1)]-Cy (4.15)

which is equal to 12€, for a 12bit (6+6) solution.
The used of two arrays of 6 bit each one is obdidain fact this configuration is only
possible with the inclusion of two identical arrayss seen before the limits calculated for the

previous structure are kept also in this one, tbegdt is mandatory to impose a total capacitaaice
least 0.83pF because '{‘aCTf noise which imposes, in this structure, a unitzagacitance of at least
6.58fF. The mismatch, instead, must be particulprigcise because the attenuation capacitance

realizes a factor of multiplication of the erron particular the factor is equal R)N/Z, which
implicates to require a unitary capacitance equdeast 65.6fF. In this way, because of safety
margin, the unitary capacitance will be realized.20fF and then the total capacitance is equal to
15.12pF, well low then 61pF required from the poegi configuration.

Under the same simplifier hypothesis of the presicase for the calculation of the power
consumption, and to taken in account that the nurobéit is equal to 12, the new formulas to

calculate the power consumption are

1
Ppac = fs - LiZ1E = fs - 3" Cror * Vrzef (4.16)



Ch. 4 — Design of each basic building block

for DAC and

1 Vrer\?
PSample = fs - Es =f:S'E'CTOT'( zf) (4.17)

for initial sampling step.
Then the adopted solution, completely proposed ig. B.15, allows to reduce the

consumption from 2.5uW to 605nW.
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Fig. 4.15: Proposed solution for S&H, subtraction node and DAC.

Digital Logic (S.A.R.)

The last main block to design for obtaining therentystem of converter is the digital logic.
As seen in the Chapter 3, the main functions otaligpgic are to memorize the sequence of bit in
output from comparator and realize the succesppeoaimation algorithm for proponing the right
sequence of data to DAC. In order to realize tHagsetion, the digital logic is divided in same
functional blocks as shown in Fig. 4.16. The blockled “Phase Generator’ has the purpose to
indicate to the “logic” on which bit the comparaterworking, the “logic”, instead, is the mind of
successive approximation algorithm, ending thetbes‘PIPO Register” which has the function to
sample the digital word at the end of conversiod lold it for all time required by the successive

conversion steps.
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Fig. 4.16: Main functional blocks in digital logic.

The realization of each block has been done byclustom design. In particular the “Phase
Generator” is designed with a cascade of DFF ieseas shown in Fig. 4.17. This structure has the

purpose to indicate on which bit the converter asking.
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Fig. 4.17: Chain of DFF for generating a cyclic counter one hot.

To obtain this goal there is an initial phase afeteduring which all the DFF except the first
one are set to logic level “1”, while the first oiseset to “0”. During next steps the DFF continues
to ‘transfer’ the “0” from ' to 2% and then from ¥ to 3%, and then from "3 to 4", and so on.
When the 1% is “0” then the transfer is done means that th&t ample is ready and then it is
possible to transfer from 40 1 for restarting the transfer from th& to the other and obtaining
another sample of the input. This principle of @pen is like to have a counter with 14 bit and
continually to count from 1 to 14 with one hot €yat

The “Logic” block can be realized with twelve ideal cells which have two main purpose:
1. to set respectively bit to logic level “1” whestart its phase, 2. to copy the output of the
comparator as soon as it have finished its compariEhe realization of a simple cell of these ones
is based on the Set-Reset Flip Flop (SRFF), as showig. 4.18. The correspondent output of the
“Phase Generator” enters in the pin called “NOT”Pdmd then, as soon as that pin becomes “0”

the SRFF set to “1” its output. The signals “Congrid “Comp_ready” are the signal which
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indicate whe the comparator is working and when the outputtted comparator is reac
respectively. In this way, if the all the signahfion that the bit is the right one, the compara
ready and its output is right, then the signaltre$é¢he SRFF follows te value of the output of tt
comparator, which enters in the cell by pin call8dmpl”. This way doing, if “Sampl” is “1” the
Reset should not operate and the output is kefit"towhile if “Sampl” is “0” the Reset shoul

operate and the output is reksttto “0”.
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Fig. 4.18: Schematic of one of twelve a cell of block “Logic”.

The last cell to design is the PIPO register, bi# iealized with basic technique with 12 D

which work in parallel, as shown in Fig. 9.
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Fig. 4.19: PIPO register realized with DFF.
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4.3 Prototype Implementation details

The test chip has been realized with technologyaifddal Semiconduct8rfabrication. It is

a CMOS process with minimum channel size of 0.18um.

The die photo is reported in Fig. 4.20, where isgilale to see also the layout floor plan.
Since all features are hidden by the presence tdlfiedummies, so the layout has been overlapped
in transparence on the photo. Attention has beed tesseparate as well as possible the digitatlogi
from analog region where there are the criticahysrof capacitance of the DAC, the supply filter
for reference voltages, and part of comparator. Symemetry has been used only for DAC because
is much important the matching among the capacitaidt one. While the capacitances used for
additional filter for reference voltages can be ateched between them.

In Fig. 4.21 is represented the layout of the ergystem without the presence of dummies, so
it is possible to observe all pads, all connectifvom pads to core and it is possible to know the
supply path because have a larger width.

In Fig. 4.22 the layout of the entire comparatodame. It is apparent the symmetry of the
layout, in fact the two V2T converter included hretcomparator are speculated between them. In
the middle there is the DFF which has the purposmmpare the delays.

In Fig. 4.23 is given the layout of DAC. Also thes/out appears as two big blocks. Each of
them is one array of capacitances. Each capaciwinttee array has the same center. The bridge
capacitance is situated in the center of one array.

In Fig. 4.24 is reported the layout the layout loé wigital logic. The construction of this
layout is made with the purpose to have short caiim® in particular for critical signal as the
clock which can influence the analog part of thewat.

The core area is 0.24mrand the entire die is 0.7mm
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Fig. 4.24: Layout of the Digital Logic.
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5.1 Measures

The measurement to do on the test chip must suggeshe main characteristic of the

converter. Some of the static and dynamic perfonaaare given by the characteristic and by
application to which this A/D converter has beesigiged. Therefore is possible to resume the main
basic characteristic of the test chip (see Tab). £olfor designing the circuit and the testing ldoar

for measuring all the other specs.

Characteristics Value
Voltage Supply 1v
IS Input range 0.8V
g Analog Resolution 12bit
Monotonicity Ensured
o Sampling Rate 100’2—5
% Input Bandwidth 50kHz
& Power Dissipation (simulated) 3uv

Fig. 5.1: Example of an output histogram of an ADC with dc input signal.

As is possible to observe in Tab. 5.1, the monetbniis ensured, this result is known
because the operation of the successive approximakgyorithm.

The other static specifications (offset, gain error) can be taken by the DNL and INL
characteristic. Therefore the our main purposeoisdétermine that curves. To obtain these
characteristics is possible to change continuaiialue of the input signal injected to the tésp c
whit steps equal to ¥ LSB, and keeping constanirthet for some sample of conversion. In this
way is possible to be sure of the stability of test chip. Then it is required to memorize all the
digital words at the output for each sample of @swn, and then to evaluate the input-output
characteristic for tracing the DNL and INL of thenwerter, by MATLAE’.

While the other dynamic characteristics (harmonstadtion, SNDR, ...) are evaluated by
putting some full range sinusoidal signal with ei#fint frequencies, to the input (up to input
bandwidth) of the converter and to evaluate thetsp®f the digital output.

These method for obtaining the performances ottreerter are the simplest, cheapest, and

more useful way to test a medium resolution comvsrt
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5.2 Setup

A\l the foresee tests have the main purpose to ppairaicular signal to the input of the

converter and to memorize a big piece of informmatfor successive elaboration by software.
Therefore the design of the test board for chiptnimesa simple connection for input signal and
output digital signals, but must create high pirecigeference voltages and filters all the power
supply voltages and reference voltages from unel@sioise.

A photo of the testing board used to do the measeméis given in Fig. 5.1.

Fig. 5.1: Photo of the testing board.

To realize the input signal needed for obtaining IPNL and INL curves is equal a long
ladder with 22 steps. To obtain that signal is used an high gi@tiNational Instrumefitanalog
board commanded by a computer with Lab\iemhich allows to implement this type of process.
In practice that board is a high performance DAGhvii8bit of ENOB, therefore it can be used to
characterize a 12bit A/D converter. The used soBtwallows besides to read the output by a
reading board and to memorize all the obtainedtaligvord and the correspondent analog input
done.

While the sinusoidal signal is given by a high s®n signal generator with the possibility to
introduce the desired offset and to modulate thplitmae of the signal. To read the output digital

word is used a Logic Analyzer of Agiléhtwhich allows to transfer the read data to compute
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5.3 Results

Besides the output of the chip is a bus of 12 bdabee the symmetry of the DAC, the

successive performance are calculated on 10 biheagoal of the A/D converter required. Fig. 5.2
shows the low-frequency DNL and INL for 10b outpltained by the histogram of 65536 points
(VDD=1V).

DNL
%
0 128 256 384 512 640 768 896 1024
a)
INL
0.6W1 ' ' 1
o 0'2—“"“‘1 | &M J-HAF wlll 1 | w L
R R ITH 17 N VRO T i |1 A
:gz rm‘l‘ }I !" %fl ;' {1 “'I' ['jfr[ f'i n ?lrw!iil' ’W‘ rﬂ'ﬁ'w i';ff _
0 128 256 384 f;jz 640 768 896 1024
b)

Fig. 5.2: DNL (a) and INL (b) of the converter.
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From the characteristics is possible to observe EMNL is always less than 0.55 LSB and
INL is always less than 0.7 LSB. It is also appatbe effects of the bridge DAC, in fact there are
continually and periodic spike in both characté&sstthey are done by the mismatch in attenuation
capacitance in the DAC.

As dynamic characteristics are given the spedtriavo sinusoidal tests, so it is possible to
compare the effects at low frequency and at frequerear the Nyquist limit. In particular, the
Fig. 5.3 shows the spectra of the digital outpuhwmput frequency equal to 2.8kHz and 43.8kHz

respectively.

Output Spectrum with Im= 2.8KHz

oF = _ —
2nd Harmonic
-20 - —-71.8dB
~40 \
o \ 3rd Harmonic
60 y T -76.4dB

Qutput Spectrum with f_m= 43.8KHz

0
s 2nd H
n arrmonic -
3rd Harmonic
=60 >
n, e

10 20 30 40 50
f [KHz]

b)

Fig. 5.3: Spectra of the output with input frequency equal to 2.8kHz (a) and 43.8kHz (b).
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In the spectra are also indicated the distortiothen? and & harmonics, respectively equal
to -71.8dB and -76.4dB for low frequency and theskies degrade to -64.2dB and -73.3dB for
high frequency.

These test are done for 11 different input fregie=nand the distortion on thé%and &

harmonics are given in Fig. 5.4.

2-nd and 3-rd Harmonic Distortion

G | 1
|' ,-—--‘9'—*__9;
! _

- -70} o T
o = o s g i
| 3rd P
r - + * —— oy ————
0 5 10 15 20 25 30 35 40 45 50
Iin [KHz]

Fig. 5.4: 2™ and 3" harmonics distortion vs frequency.

Knowing the floor noise and these distortion efastpossible knowing the SNDR, which is

done in Fig. 5.5 at the same frequencies.

SNDR
60 , - 1
k 0 - = —_—
m L3 ———_”’_—'H-___
- e — ;
55 L ; all S— - | -
0 5 10 15 20 25 30 35 40 45 50
fin [KHz]

Fig. 5.4: SNDR vs frequency.

Experimental measurements show that the circuiksverith a 0.8V to 1.8V supply, VDD,
and reference voltages at 0.1VDD and 0.9VDD. Theggoconsumption is 318V at 1V and
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11.5uW at 1.8V. The increasing supply voltage improves $NDR (at VDD=1.8V is 4.8dB more),
but the FOM worsens. The FOM, is 56fJ/conversi@psat VDD=1V. The 3.2mV mismatch in the
comparator is corrected by an external trimmingvéf (with Vyias at 0.54V. The single ended
configuration is the source of the second-harmdrstortion that dominates the SFDR: -71.8dB at
low frequency and near the Nyquist frequency etuab4.2dB, as shown in Fig. 5.3. The SNDR at
Nyquist drops by 1.7dB with a loss of 0.3b. Higltkstortion at higher frequency is due to a
relatively high non-linear on-resistance of thetstwés connecting the capacitive arrays sV

Then is possible to resume the obtained performancab. 5.2

Process 0.18-pm CMOS
Area 0.7mm
Voltage Supply 0.8t0 1.8V
Clock Frequency Max 1.4MHz
Sampling Rate Max 100kS/s
Power Consumption 3.8uW @ 1V
SNDR 58
ENOB 9.4 Bit
FOM 56 fJ/conv. step

Tab. 5.2: Resume of performance.
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The obtained work is at limit the state of the artfact updating the Fig. 3.14 to 2008,

possible to observe the good position of our w
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Fig. 5.5: FOM vs ENoB in the last years. (Source: http://www.wulff.no)
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6.1 Conclusions

The increasing requests of low power consumptiopamicular in medical applications, has

bring to design the successive approximation an@atjgital converter which has been presented.
To improve the power consumption it has been intced a novel very low power time domain

comparator which has the main purpose to convéit the input voltages into time delays and then
a simple time comparator can decide the outpuhefdomparator. This way allows to obtain a
power consumption of about 1uW.

In this work, always in order to reduce the powensumption, has been introduced also a
modified bridge capacitance solution DAC. It allotwsuse a 12bit capacitive array with only 15 pF
by a two arrays structure and a unitary attenuatiapacitance which allows to obtain a good
mismatch and to ensure a correct attenuation factor

Finally the digital part and SAR included in thestgm has been realized with a full custom
design in order to reduce the power consumption the automatic tools. The total measured
power consumption in the test chip is equal to ®/8ghe ENOB is equal to 9.4bit which lead to
obtain a FOM of 56fJ per conversion step.

The main goal of the work is the power reductiod #me purpose has been centered by the
introduction of one novel way to think the comparafhe author has demonstrated the efficacy of
this novel way by an attention design of this éduthe system and after to obtain confirmationtfirs
by using behavioral simulations and after by thasaeements of the realized test chip.

The results reached with the prototype are satigfytonsidering that they were obtained at
the first runs, with the first prototype of thigty of comparator and that the obtained performance
are good choices if compared with the actual sithtke art of the similar 10 bit A/D converter.

A possible and interesting continuation of this kvaould be an improving of the comparator
design, maybe to find an opportune method to redoegower consumption in the discharge of
capacitance or improving the resolution time of tinee comparator respect than a simple library
DFF as used in this first test chip. In this wapassible to obtain a further decreasing in power a

a possible increasing in resolution.
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The PhD activity was mainly focused on the previpuescribed project. In addition other
studies have been performed. They are:

- Study of a new architecture for chopper stabiliapeamp. The study was the basis of
another research project for low offset and low eoamplifier.

- Time interleaved SAR for extending the main projettthis PhD work to higher
frequency band.

- IncrementalZA A/D converter with multibit feedback has beendstd and realized
on silicon. In particular has been studied sombrieie for reducing the effects of the

errors introduced by DAC.

7.1 Chopper OpAmp

Many instrumentation applications require using dinepd with ultra high-gain and virtually

zero offset and/f noise for processing the signal that sensors pedugery low level. The use of
nested architectures obtains high gain and, asaénee time, enables compensation. The offset is
faced by the auto-zero or the chopper stabilizggagrh. Both methods are also effective against
the 1/f noise. The auto-zero technique is more performaan tthe chopper approach but,
unfortunately, it requires to use large auto-zeapacitances to obtain a |d&I/C contribution. On
another hand, the chopper stabilization method rg¢e® images of offset andf noise at the
chopping frequency and its multiples. These spregsiawanted and must be filtered out by on-chip
low pass or notch filters. A possible architectwiéh three stages is the nested scheme shown in
Fig. 1. The low frequency gain A& = Ag+A,-Ast+A;-Ax-As. The feedthrough path throudh sustain

the gain at high frequency. The offset andXHenoise of the first amplifierd;, can be reduced by
the auto-zero or the chopper method [1]. The ofisel thel/f noise ofA; andA; are referred to the

input attenuated by a factdf andA;-A; respectively, therefore these contributions argigible.

Vf}r(t) Vonr(t)

Fig. 7.1: Conventional scheme of a nested amplifier.
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One of the solutions used to cancel the offsehésautozero [4] method. It requires a time-
slot during which the amplifier is not used. Theuts are shorted and an auxiliary gain stage is
suitably driven to zero the output. The auto-zegma is stored on a capacitor for the successive
amplification phase. The method can also use theigo of Fig. 7.2(b) that stores the offset Gn

placed in series with the input. The value of thpacitor and the auto-zero rate determine the noise
floor limit that is KTAC, - fs;). For obtaining a noise floor cﬁo% with f;; = 10 kHz it is

necessary to use 1@4, an area consuming value for on-chip implementatio
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Fig. 7.2: Schemes for auto-zero.

The above motivates the use of the chopper stabdiz method and to study possible
solutions that resolve the problem of the spur iesag’he method described in this paper is an
hybrid solution that uses the chopper method befloeeamplifier and exploits an auto-zero like
approach to reconstruct the signal in the base-bEmel analysis and simulations verihe benefits

of the proposed method.
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A chopper stabilized amplifier multiplies the inpaignal by a square wave for moving the
band limited input spectrum around the choppingidency and its multiples. The operation
separates the signal from offset and the 1/f nesé¢hat the spectra are like the ones shown in
Fig. 7.3. The input spectrum is the one in Fig().3After chopping and the addition of(t) that
includes the offsetg¢ and the 1/f noises\(t) we have the spectrum of Fig. 7.3(c). After feeond
modulator the spectrum becomes the one of Figd).8(results that spurs ag,fand its multiples
deteriorate the result. A low-pass filter can polgsreduce the amplitude of the offset and the 1/f

contributions.
Vn(t):"ros l Vf( t)

M2
(a) )——%)—~
q(®
e
(b) Q}T[
I - } } L
~
, | >

(d) @T\ A
. \ A A .

tch 2 'fch

Fig. 7.3: a) Schemes of chopping solution and spectra b) of the input signal,

c) of the signal after first modulation and d) of the output signal.

The method has been simulated by using a test difenwhose spectrum is shown in
Fig. 7.5(a). The spectrum of the output spur, aftedulation, is the one in Fig. 7.5(b) and after a
first order low pass filter with cut-off frequen@t /10 becomes the one of Fig. 7.5(b). It is
evident that the residual at, is still high and, likely, many applications cahmalmit the result. A
possible remedy is use a chopping signal with ntmeally, a jitter. The effect is to blur the spur
power and to spread it aroungd &nd its multiples. As shown in [2] the method wsobut the level
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of the noise floor increases and, therefore, tiepetrade-off between level of the noise floor and

the presence of spur tones.

Fig. 7.4: Possible notch response.

The spur tones can also be removed by a notch, filtat replaces or is placed after the low-
pass filter [6], centered agnfand multiples. The possible notch response is shawFig. 7.4 that
must be provided by an active or a passive SC sehem

The proposed solution is based on the followingeoleions/assumptions:

» the chopping frequency is higher than the signatend aliasing is not a problem;

« the chopped path takes care of the low-frequencly gdahe input (as it is for the
auto-zero case);

e the inputis transformed into a pseudo-square waiide the offset is dc term.

Therefore, the goal of the circuit is to reject tleeand to reveal the peak-to-peak amplitude of
the square wave. It is well known thatl@component is rejected with a capacitive couplind an
that the peak-to-peak amplitude o$guare wave results from subtracting the negataheevirom

the positive value.
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Fig. 7.5: Spectra of the a) 1/f noise used for simulations b) output of the second

modulator M2 and, c) output of the low-pass filter with cut-off frequency at f,/10.

These functions are obtained by the simple cireuiig. 7.6. During the phasky, the signal
equal toA[-Vin(tl) + Vg is sampled on the capacitGg, while during the phas®, the capacitor
acts as a level shift giving rise to the out@lk; at the end o, (t = t2) equal to

Voult2) = Aq [Vin(t1) + Vin(t2)] (7.1)

Indeed, if in addition to the offset there is adstif term,V; the output voltage becomes
Vou((t2) = Ay [Vin(t1) +Vin(t2) — Vi (t1) +V (t2)] (7.2)

That corresponds to & {+z %) high-pass filter o (t) in the sampled-data domain, as it is

obtained by the auto-zero method.
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Fig. 7.6: Chopper-notch with SC structure.

Thedc coupling established by the simple circuit of HgZ naturally removes the offset but,

if the gain Al is large, a non negligible offsevgirise to an amplified result that can saturage th

output of the amplifier.

Fig. 7.7: Circuit for offset cancelation.
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Therefore, it is necessary to properly control fileguency response of the amplifier. Indeed,
it is not necessary to remove the dc but it is @rsiugh to limit the gain to a level that avoids th
output saturation. A possible conceptual solut®shown in Fig. 7.8. It is made by two amplifiers
one with the full gain and the other with reducedngthat add their contributions to obtain the

output. The low gain inputs serve for a local ldogt limits the low frequency gain.

Vin(s)

ld—ﬂ-

- -'
o

1 ‘I

0

r--

Fig. 7.8: Amplifier with local loop for offset control.

By inspection of the scheme it results:

Vout () = Vin(s) (7.3)

A—1+H(S)

and then, if H(s) is a low pass filter, H(s) = 1#(%:), results

A(s) = 288 o g, 1H5T (7.4)

Vin(s) 1457
Ay

denoting a gain bk at dc and a zero-pole pair separated Kigy. If the pole occurs before the
dominant pole of the amplifier, then the frequemegponse is like the diagram of Fig. 7.9. The

offset and the /f noise is amplified bk and the chopped signal By.
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Assuming a chopper frequency of 50 kHz, as showrign 7.9, and a signal bandwith of 20
kHz, the flat gain bandwidth has to be at leaskd@ around of the chopper frequency. Therefore
the dominant pole of the amplifiekl can be set at 100 kHz and if its gain is 60 dB th
fi= 100MHz. A reasonable position of the pole of A(s) is @tkHz. With the zero at 100 Hz the
low frequency gain of the amplifier is 20 dB thati limited value for offset of few mV. The design
strategy can lead to different positions of zerad @oles; however the above figures give an

indication on the design of the block H(s).

%
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Fig. 7.9: Typical frequency response of the chopped amplifier.

Before has been shown the need of designing a bss filter with a relatively low cut off
frequency (around 100 Hz). The problem has beesdfat many biomedical applications showing

that the solution is not trivial but possible thimve.

Va®) I Vel
g

Fig. 7.10: gm-C low pass filter.

For a cut off frequency of 100 Hz the equivalemtdiconstant is 1.4 msec. The resistance can
be realized with high-resistive poly or with a tsaonductor and a possible value is in the fe@ M
range. Assuming to obtain 5Mthe required capacitance is 320 pF. This valuange for an
integrated implementation; however, techniques thaltiply grounded capacitors can be used.
Fig. 7.11 shows the transistor implementation @f skheme proposed in [7]. The current on the

capacitanceCi is measured and amplifier by a current mirror vgtn o. Therefore the optained
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capacitance i€i - (1+a). By usinga = 49 the capacitance to be integrated is reducé&ddt@F, a

large but affordable value.

VDD
‘__rﬂ“r
9 Ml jl M] ‘l ’_It MB
Ivy i Is <D
1 ; N
- G Ly Ly
M, I Ms Mg M,
Coo ] N
VSS

Fig. 7.11: Circuit for capacitance multiplier.

Fig. 7.12 shows the complete scheme of the nestgtifeer made by two stages with gaii
and A2. Therefore thedc gain becamesAQ+Al - A2). The amplifierAl has in front the first

chopper and is followed by the chopper-notch predosircuit. Moreover a local loop obtain a
limited gain of the low frequency input. The opeatof the circuit has been simulated at the

behavioural and transistor level to demonstratetbposed technique.
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Vn('[) +4

MU g _

—F::%: - L\E} " k Cs /outil )

qCH)

@, — Csi

o

T .

Fig. 7.12: Complete amplifier.
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Fig. 7.13 shows the spectrum at the output undeistéime conditions used in Fig. 7.6. The
offset (equal to 4.3 mV) is completely removed wttihel/f noise is strongly attenuated by more
than 60 dB. The chopping action that has a contiauone path during, causes the replicas at

multiples of the, that are below 90 dB in the worst case.
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Fig. 7.13: Spectrum of the output caused by 1/f noise.
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7.2 Time Interleaved SAR

The power consumption is important for micro-sensarsless systems. After performing a

first analog processing, many architectures us&/Brto move into the digital domain. The typical
requirements for many sensor systems are mediuotuties (~10-12 bit) and low speed (~500-
700 kS/s). Therefore, the specs are not difficuit the required low power level is very
challenging. Among the data converter architectutesflash is a first generic option: it uses-9
comparators. However, the high number of compasatuakes the architecture too power hungry
even for low resolutions. Also the pipeline arctiitee is not a good approach for ultra low-power.
As known, a pipeline converter reduces the poweit dsvides the conversion task into several
consecutive steps; however, each stage uses &e gein element whose power equals the one of
many comparators. Therefore, it becomes competitivdigh resolution and, in general, requires
too much power. Other architectures, like the sigiada and the time interleaved have similar
limits because despite their use of speed or nielppths to increase resolution or throughput, they

use active power hungry elements.

Sigma-Delta

Time

Interleaved

Resolution
=
|

I N (N FR N E N B

lk 10k 100k 1M 10M 100M 1G 10G

Sampling Rate [Hz]

Fig. 7.14: Tipical converter topologies as a function of the sampling rate and obtained resolution.

If the speed is low the most suitable algorithnthis successive approximation that uses a
successive approximation register (SAR) to conaoDAC in a feedback loop with a single
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comparator. The cost is that it requiresl comparison cycles to achiewebit resolution. The
above considerations are summarized in Fig. 7ht,shows the best data converter topologies as a
function of the desired sampling rate and the meguoutput bit resolution.

The diagram depends on the technology and the sigpply voltage; however, the SAR
algorithm is preferable for signal bands up to otw& hundred of kHz. As known, the SAR
architecture has a circuit configuration like theeshown in Fig. 7.15, [8 - 11]. The comparator
refers to ground after the subtraction of the sashaind-held input and its foreseen version
generated by the DAC. The given topology increéisesesolution by just increasing the number of
cycles of the algorithm; therefore the power haes Ittgarithmic dependence with the number of

guantization steps.

DAC &« SAR ’4—

QOutput Bits

Fig. 7.15: Conventional SAR converter architecture.

Starting form this favorable algorithm, this wortludies architectural strategies to optimize
the power consumption of a medium-speed mediunmutso SAR ADC. Namely, a careful
design of a SAR architecture, [12], and the ustheftime interleaved technique achieves ultra low
power. With a 0.18am CMOS technology and a sampling rate of 700 ki®s,expected power
consumption is 4QW, giving rise to a FOM as low as 37 fJ/conv.-step.

The basic architecture of Fig. 7.15 has been m@lwith non conventional and custom
designed circuits to minimize the consumed powahis Bection discusses the design strategies and
provides circuit details. The foreseen resolut®ri2-bit (enough for many sensor systems) with a
reference voltage of 1 V and supply voltage VDD2 \L.
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DAC

Fig. 7.16 shows the circuit schematic of the DA€, input S&H and subtractor. It consists of
two identical 6-bits sub-array binary weighed cagoas with unary attenuation capacitor. The use
of two sub-arrays is a common way to reduce theaa#gr spread and, consequently the power due
to the charging and discharging of capacitors dutive conversion cycles. However, as discussed
in [8], the capacitor used to bridge the two arragd ensure the attenuation factor of 32 should be
non unity. The solution of Fig. 7.16 uses a undapacitor but the sub-array is made by 63 elements
instead of 64. This causes a global gain error thaicceptable, [13]. The value of the unity
capacitance is at least 100 fF and the power copsamturns out to be about 570 nW.
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Fig. 7.16: Binary capacitors arrays with attenuation capacitor.
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The solution of Fig. 7.16 is the same used in [1R]t the switches used for the input
sampling are driven by a clock-boost, shows in Fid.7. The switch transistor is MN1 and the
others allow controlling the switch transistor witite same overdrive despite the input variations.

The charge and discharge of bootstrap capacitdigiswitches introduce a power consumption of
about 850 nW.
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Fig. 7.17: Schematic of a bootstrapping switch.

Time Domain Compar ator

Conventional SAR ADCs foresee the use of a voltegmparator, typically made of a
preamplifier followed by a latch stage. Theoreti@ahlysis and simulation results demonstrate that
this approach is not the best in terms of powesaomption, [13]. In order to minimize the power
consumption, in this paper, a power effective tuwoeain comparator is used. Two identical
voltage-to-time (V2T) converters make the core ledf time-domain comparator, [12]. The V2T,
depicted in Fig. 7.18, provides an output pulsecis delayed with respect to the reference clock,
®c, as a function of the input voltagéA. This process is based on a voltage-to-currentergion
(i.e., the input voltage into the current flowingraugh RD). This current is used to discharge
capacitorC with a constant slope. When voltaiye crosses the threshold of transisib, the
output voltageOutV2Trises, driven by a tapered inverter chain. A sinfpfeflop delay (DFF)
identifies the faster signal between the two V2Tpatipulses. The digital logic connected to the
gate of transistoM2 has the purpose to stop the discharge of thectap@ after the commutation

of the signaDutV2T, as shown in Fig. 7.19.
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—— VDD

Fig. 7.18: V2T schematic diagram.

In this way the power consumption spent for a campa step decreases of at least a factor
two. The most important limit on the value of capameC is the thermal noise which imposes at
least 0.8 pF. Therefore, the estimated power rmkl&dethe comparator is about 880 nW. When

designing a time-domain comparator, the time egonceptually described in Fig. 7.20, introduced
by the DFF has to be taken into account.

Amplitude (V)

Time(s) ' x10°

Time(s) 10"
Fig. 7.19: Voltage across C without and with the digital logic on gate of M2.

This error can be considered as an equivalent wptage of

tii |4
VIN,eq.err = % ) (Vref - VGS3) < \/E,I;fvi1 (7-5)
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where the timd;, characteristic of the time comparator, is eqoal30 ps,Vs is the input
voltage of the V2T used as reference, &agr = Vrer+ - Vrer- Therefore, to obtain an equivalent

input error less than a quarter of LSB, it is regdia comparison time of at least 226 ns.

ref  VieftVinjji

Vass

T

T+ tji

Iy

Fig. 7.20: V2T schematic diagram.

Time Domain Compar ator

As mentioned above, to meet the low power requirgsjethe successive approximation
register is full custom designed, which implicaagsower consumption of about Ju®/. It is worth
to point out that the SAR logic generates alsoAH2 converter control phases. The SAR logic is
optimized for minimum power consumption. The cosi@n requires 14 clock periods of the main
clock: the first for the input sampling, 12 perical® for the successive approximation cycles and

the last one for end of conversion and data transfe

Time Interleaved Solution | ssues

The SAR converter requires 14 clock periods to iabgasingle conversion and this limited
comparison speed of the time-domain comparator vaitets the choice to consider a time
interleaved approach to meet the required convensite. The number of different paths used in
this approach must to be equal to an integer divaiddhe number of clock periods needed for a
conversion with a simple SAR. In particular, instlpaper, an architecture with 7 parallel paths is
analyzed. In the single-path solution, as descriledve, two V2T converters are used in the
time-domain comparator, one to process the inpyrtasi(signal V2T) and the other used as a

reference (reference V2T). This choice ensures goatthing performance between the two V2T
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blocks. When considering a 7 parallel paths sahytibis possible to use only one reference V2T
for all 7 signal V2Ts, as shown in Fig. 7.21. Teadution, obviously, allows strongly reducing the

power consumption. When approaching a time inteddatopology, issues related to gain and
offset errors have to be carefully analyzed. limgetinterleaved SAR ADC, the gain error of each
converter depends mainly from the DAC. In this wahe DAC has been designed with analog
output as a function of the reference voltagelsast to be pointed out that the reference voltages a
the same for all DACs present on each path, thading to any gain error. The gain error depends
also on DAC capacitors mismatch, but the DAC stmectadopted in this design allows obtaining

good matching performance, [13].

Digital Mux
Eoci
INPUT}— 12
7 ” SAR 1 y 2
{12 ‘j
— o @
DAC 1 — MT ]~>FFD
Eocd
12 12 12
#[> FFD OUTPUTS
T —
—o @
DAC |— VT lb'PFFD
I
|
|
l
l
l
Eoc?
12
- SAR 7 £
D) p—
o @
DAC — W2T I-‘J'FFD
14 Phase
Generator
V2Tt Vier

t Clock '—

Fig. 7.21: Time interleaved solution with SAR converter based on time-domain comparator.
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The second critical issue to be considered wheiguieg a time interleaved ADC is the
offset error. In the case of a time interleaved S®Rverter, the block that introduces this kind of
error is the comparator. In our design, differemirses of V2T input offset are present: mismatch
among capacitor€ or resistorsRp, transistorM5 threshold variations, and FFD time errors. The
basic idea in order to compensate for all thessebffontributions is to trim the value of residRip
by means of an adequate digital trimming circuhltisTleads to reduce the equivalent input offset
below half LSB. To estimate the overall equivaleput offset of a reference V2T with comparison
time equal to 230 ns, several Montecarlo simulatibave been performed. As a result, it has been
verified that the comparison time is in the rangenf 200 ns to 260 ns. Translating these time
values in the voltage domain, it means that thesiptes equivalent input offset can assume values
from -43 mV to +40 mV. Considering that half LSBagual to 1221V, it is apparent that the
digital trimming of resistoRp is not effective. The idea is to perform first aarge offset reduction
by trimming on each DAC the bias voltage, refet@@sVyias in Fig. 3, and then the fine digital
trimming of resistoiRy. The manual course calibration precision is tyipycaf about 10-15 mV.
With regard to the fine digital timming designjstworth to point out that a V2T input offset arro
equal to half LSB can be compensated for gpavariation of 330Q. In this way, at least 100
330Q resistors are required to compensate for the uakidffset of 10-15 mV. This leads to a
digital trimming that foresees the use of 7 bit®.(i 128 steps)Considering the technology
mismatches on resistors values, a nominal resedt@12 Q is used. Considering mismatch, this
resistor can vary from 294 to 38D so that an overall input offset of 13.9-15.6 m¥spectively,
can be corrected. The power consumption of theaalitpgic which manages the time interleaved
structure is estimated to LOV.

The proposed time interleaved SAR ADC has beenizezhlat the transistor level and
simulated by using a conventional 0,18 CMOS technology. The used power supply valueds 1
V. Fig. 7.22 shows the simulated output spectrurntajoed with 1024 samples) of a SAR
converter. The sampling rate is 100 kS/s and the wiave input signal frequency is 29.8 kHz. It
can be noted that the noise floor is almost flae $Simulated SNDR is equal to 65.6 dB.
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Output Spectrum with f = 29.8 kHz
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Fig. 7.22: Single path SAR ADC output spectrum.
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Fig. 7.23: Effects of offset on output spectrum.
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Fig. 7.23 shows the output spectrum simulatedeabthavioral level in order to evaluate the
effect of different offset into each path of thend interleaved structure, before the relative
correction. It is apparent the presence of spuegoat 1/7 of the sampling frequency and its
multiples. Fig. 7.24 shows a behavioral dynamicusation of the 7 parallel paths time interleaved
SAR converter after the digital correction of tHéet. The output spectrum depicted in Fig. 7.24
has been obtained including an offset error witmdard deviation equal to 2 LSB. The frequency
of the input sine wave is 200.9 kHz. It can be ddfeat the second and the third harmonics are
present. The second harmonic tone, placed at &@fukHz, is at -78 dB while the third harmonic
tone, placed at about 100 kHz, is at -81 dB. Theukited power consumption of the time
interleaved SAR ADC is about 40N. This value leads, considering a signal bandwafti350
kHz, to a FoM as low as about 37 fJ/conv.-step. basn presented an ultra low-power time
interleaved SAR ADC. This design uses 7 interleas@alverters and achieves a conversion rate of
700 kS/s. Design considerations about time-domamparator offset calibration have been drawn.
The A/D converter has been simulated at the treordisvel by using a 0.18m CMOS technology.
The simulated power consumption is as low asu0 which allows obtaining a state-of-the-art
FoM equal to 37 fJ/conv.-step.
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Fig. 7.24: Simulated time interleaved SAR output spectrum.



Very low power Successive Approximation A/D Converter for Instrumentation Applications

7.3 Incremental Sigma-Delta

The DAC, into an analog to digital converter, isdige the feedback path; therefore errors

introduced by the DAC have the same transfer fonatif the input signal and then it is impossible
to discriminate that errors from the signal. Fodtgty the other errors, in particular the ones Whic
are introduced by the ADC in the direct path, hawbfferent transfer function to output and then is
possible to reduce their effects on the converstoparticular attention to this way has been given
by theSigma-Deltamodulator, which have the purpose to implement@imozed transfer function
for the errors of the ADC. In fact their solutiomhich is valid when the quantization noise can be
represented as noise, includes a noise shapingdeutse signal bandwidth, and that shaping
depends from oversampling ratio [14]. They are asoong the most power efficient A/D
conversion architectures [15]. It is important tadarline that for very slow signal, at lindt, the
hypothesis to consider quantization error like gs@as not valid, and then it is not possible to
exploit the previous consideration. The main adagatto use &A modulator is the effects of the
noise shaping about the quantization noise intreduxry the ADC [16]. This effect is apparent by
the different between the transfer function of itiq@ut signal (STF) and the transfer function of the
guantization noise (NTF). Another type of error,jethmust be considered, is the non-ideal analog
value of each level at the output to the Digitahttalog Converter (DAC), used in feedback. In fact

it can give critical effects, because it has thaes#&ransfer function of the input signal (STF).

€p

Fig. 7.25: Incremental 1* order 2A modulator.
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Must be taken in account that if the input bandwidtvery low, at limitdc, it is not possible
to match the quantization error introduced by tli#CAas a noise, and then the previous hypothesis,
which are at the base of the used model to appmteirtheA modulators, are not true; therefore
the model cannot be used to represen&ihenodulators for very low frequencies. Using an inpu
signal with these characteristics, a possible swlus to realize an ADC based on an incremental
>A modulator. This one keeps the advantages of typisamodulator in noise reductiors Over
Sampling Ratio (OSR), but it can work at very loveduencies. The simplest solution of the
incremental modulator is the first order one, repreged in Fig. 7.25. From the scheme appears as a
simpleXA, but it works for a fixed number of steps (N) aadery conversion requires to reset the
initial conditions of each component whit memoryt the end of N steps series will be done a
digital word which represents the average of N dampf input signal. The digital outpuf will
be connected to a digital logic which has the psepto elaborate the sequence of digital data to

supply the right value in output.

+
ED

Fig. 7.26: Linear transformation on Incremental 1* order A modulator.

The design of digital logic is based on the sch@mBig. 7.26 where the digital worl,:
represent the best approximation of N-times intisgnaof the analog input. To obtain the correct
conversion it is required that the valueDut after N clock period has to be divided by the same
value obtained at the output when the input signalual to full range voltage (equal to N in first
order modulator). In this way the architectureddirst order solution is given in Fig. 7.27, ahe t
value of the output is done by the digital we@dtat (N+1)" step. In the ladder schema is possible
to observe that the quantization errgy) (ntroduced by the ADC is token in account by dhgital
calculation block while the DAC errorgp) is considered as the input signal. In particulee

output digital value, at the end of a single cosiger, results:



Very low power Successive Approximation A/D Converter for Instrumentation Applications

N In; N o
O'U,t(N + 1) = Zl:;]lnl _ Zl:;,gm + ngE]N)

(7.6)

Then, the obtained value represents the averalyesample of input signal but it is corrupted
by the errors of ADC and DAC. In particular theagreg, introduced by ADC is always more
negligible with the increase of N, while the ergpt introduced by DAC, is considered with the

same weight of input signal and then it must beégmhesl negligible respect to LSB.

1 1| Out
1-z7" E

Fig. 7.27: Incremental 1st order 2A Modulator with digital calculation.

The used DAC configuration is a typical switchegawtor structure shown in Fig.7.28. The
following considerations are based on a 9 level<D#ralized with 8 capacitances, but is possible
to extend the results to any multibit DAC. The nemsbl or 2 on each switch represent which
Phase controls the relative switch. The left svagchre controlled in timing from Phase 1, while the
choice of the voltage to connect is determined g value of the digital word written in
thermometric scale (LT). Using that solution is gibke to determine the 9 levels: U -1/8,

Vet 218, ..., Viet 718, Vier. Because of the mismatch between capacitancely, tba levels are not

so good determined, and it is possible to obtameserrors on each analog level. Naturally the
level O and level 9 are not corrupted to the misméiecause they require the connection of all the
capacitance to the same voltage. For ensuring Mithita G capacitances structure, it is mandatory

that the mismatch must be better th g-zM between capacitances. Suppose to use a technology

0'30/20 which improves a§1:, where A is the area of the plate,
um A

that ensure matching accuracy with=
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1ppm requires 9'000° 000 jfrwhich corresponds at about 45nF of capacitancehmore than the

value required by thf‘%T- limit, and too large for ensuring a low power comption.

1&LT-|=1
Vier+ — — C 2
[
VF'Ef_ _/_ 2 | | 1
1&LT-|=D i i
1&LT2=1 c
_/_
Vrer ] /2,,.- Vout
VFE!f- _/_ 2 | a | 1
1&LT2=D l l
|
bH n n |
1&L1s=1 |
Vref"' — C 2 ‘
'
VFE!f- — 2 | | 1
1&LT3=D

Fig. 7.28: 9 levels DAC.

Typical solutions applied t&A modulator are to use anyway small capacitanceaaloght
some scrambling algorithms for choosing capacitamtehe DAC. In this way, the same level has
not determined by the same capacitances, theresiodt is to use different analog level, in differen
steps, to the output of the DAC with the same digitord. A possible implementation chosen
among these solutions can include, for examplershlével DAC (Input word equal to 0001), to
use the capacitance C1 the first time, the capa®t&2 the second time etc. When the capacitance
C8 has used for first level than will be used ne@lyand so on. The idea is to cancel the effects at
the output of the integrator after 8 time the fiestel has used. Similarly to the first level isspible
to follow the same way for the other levels. Buhile for the first level there are 8 different
combinations, for the second level (0010) thereZ&alifferent analog levels and 56 for the third
one (0011), 70 for the fourth one (0100), 56 fa fifth one (0101), 28 for the sixth one (0110)dan
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8 for the seventh one (0111). For minimizing th&deal effects at the output is required to ensure
that each combination for every considered levdl e used the same number of time. This
consideration is not so easy to ensure but, isifes® consider negligible the output effectshiét
number of step in the incremental modulator is vargh respect to 70 possible different

combination of capacitance in the fourth level.

Proposed solution with digital correction

Fig. 7.29: Proposed Solution applied to an Incremental 1st order A Modulator.

The first proposed solution, applied to first ordecrementalXA modulator, can be
represented by the Fig.7.29. In this figure is appiathat the purpose of the introduced sum block
which keeps in account the DAC errors also in tigital path. This change allows to reduce the
real effects of DAC errors. In fact, how it is showm Fig. 7.30, the introduction of the sum blook i
that position is equivalent to reduce the erroteoauced in the feedback path to the difference of
DAC errors and its estimated value. Therefore itaeded realize an opportune calibration to define

€' p with the required resolution.

ED-E'D

Fig. 7.30: Equivalent Scheme of Proposed Solution.
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In the adopted solution, with zero initial conditg we obtain:

o Z\_l [In: — (epi — €p;)] | (€q(IN) + € (N))
Yut(N41) = 2i=t | i ) (
Out(N+1) N + ~ 77

whereegp; is equal teey, &, ...,&7 depending if at the stagh is used the &, 2nd, ..., 7th level of the
DAC. The values of they, ¢, ..., &7 are the relative errors introduced by the mismatthhe

capacitance on the own level. If thaélDer 8th levels are applied, the correspondent error islequa

to zero. The errors are definite as:

C1 1

L = ‘oF =0 %m
Z-@:l C; ©

Ch1 + O 2

€2 = 8 A~ =
Zf:l C S

5.1 .Ci 7

oy = ‘—5 =
Z?‘.:l Ci e

(7.8)

The first step to evaluate the valuesgfe,, ..., &7 is to determine the relative value of each
capacitance respect to one of them, and to obtaindigital value is used the schemes in Fig.7.31.
The configurations shown here has based on the tmlase an integrator which integrate the
difference in charge injected by the reference ciégrace Crer ) and the unknown capacitancg),
both charged t&,er. The number of needestieps Nsiepy t0 the output of the integrator to reach the
Vet represent the searched information, in fact weassume that:

6F = Crp=1:
_ (|
s = Cidegm=01%——
Nste p2
L § £y | B l
Cg = Ci+ecg=C1=t ——
N Stepd

(7.9)
whereec; is equal to zero, and the sign plus or minus deépéy the sign of the accumulated

voltage on the integrator. To reduce the effectthefOpAmp and comparator offset to the measure
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of capacitance are used two different measure bas¢lde use of chopper technique in the OpAmp
and change the environment conditions to the coatparSo the first measure (Fig.7.31 a)) is
corrupted by the offset of the Opamp and the coatparbut second one (Fig.7.31 b)) is corrupted
by the opposite value. In this way the effectN8tepXis equal to the average of the two measure
done. Obtained the values of the capacitancesssilge to calculate the relative errors, for each
level, at the output of the DAC.
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2@ \ 1 r/
“’!ref -
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Fig. 7.31: Schema used for measuring the coefficients &,.

These values can be evaluated by (7.8), but ibissa comfortable to do those operations in

digital logic, so is possible to approximate tharialas with:
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The precision used to write these values must otspe LSB of the desired resolution of the

ADC, as already seen in (7.7).

Fig. 7.32: Incremental 2" order incremental modulator.

A second order incrementalA modulator is used to study the benefits of theppsed
solution. The scheme used for simulations is ginethe Fig. 7.32. The purpose of that circuit is to
ensure a converter with an Effective Number of BE®NoB) greater than 19 bit. 1024 steps of
incremental and multilevel DACs with 9 output levalre used for simulations. In this schema it is
apparent that there are two different DAC, onedach integrator. In this simulations the DAC1
includes correction, while DAC2 is used ideal beseaits errors have negligible contributions [4].
For designing the digital correction we assume snmaich between the capacitance equal8®.l
The maximum ratio is about 1.0036 and can be appated with the sum of ... 22 bits. In the
other hand the required precision must be better #1°, therefore are required at least 10 bits to

indicate the error of each capacitance.
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Fig. 7.33: Digital part used to calculate output in simulations.

The output of the calculations in (7.10) determittes error for each level of the DAC, and
they can have a precision of2for ensuring a high precision digital correctidrtize output. The
maximum error is done at the fourth DAC level witlea relative capacitance has a different sign of
error and this value is equal t6"2 Therefore are required at least 9 bit to write tralues of
€1, &, ...,&7 . Final applied digital circuit is given in Fig. 7.3&ere thee’p block has the purpose
to supply the right value betweeg ¢, ..., &5 depends from + Behavioral simulations have done.
The main performances of the ADC full system wagsatigated. The simulation consist of inject a
dc voltage to the input of the converter and réaddifference between input and output. That value
represent the error introduced by the converter thed it is possible to obtain the ENoB The
Fig.7.34 shown two plots, the light one represéet ENoB of the converter without correction,
while the dark one represent the ENoB after progalsgital correction.

EMNoB

100 260 300 400 500 600 700 800 900 1000

Fig. 7.34: ENoB before (red line) and after (black line) digital correction vs different cases.
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On the independent axes is done the number ofdbke. The value of each capacitance is
changed every case, keeping in account the mismaehnumber of bits in an incremental ADC is
also a function of the input voltage, therefore theut voltage is changed every case too. It is
apparent the increasing of the performances, ihtfee minimum of the value obtained on 1024
cases without correction is equal to 13.3 bit, ehihe value of ENoB obtained with digital
correction is equal to 19.08 bit. It was demonstidhat it is possible to increase the signal iseno
ratio in an ADC based on incrementah modulator by introducing a digital correction. $hi
correction requires a initial step where all thpam@tance must be measure by the same modulator
used for conversion. The final digital filter m&tep in account the calculated value of each output
level of the DAC putted in feedback to the modulalthis approach allows to introduce multi-bit
DAC in the converter loop with all the benefit imdituced by the use of multi-bit solution. A second
order incrementakA modulator is studied in this paper and the progasmution increases the
effective number of bit from 13.3 to 19 bit.

Proposed solution with fast DAC

Considering a second ordBA modulator, as seen before the most critical DA@hes one
connected to the input because it has the samsfératunction of the input. In order to obtain a
good mismatch between elements has been searckelliteon which allows to obtain a good
trade-off in speed and resolution. The second megaolution, represented in Fig.7.35, where
have been simplified the integration blocks, whiahe represented by a simple digital
representation. In particular it is possible toeskie that the DAC1 and DAC2 are not identical, in
fact the DAC2 has been realized by the simple goméition because of the little influence on
output of its introduced errors. The most particslalution is applied to DAC1 which is realized by
the use of just one capacitance, so it is possibéroid any mismatch errors. This solution has the
main characteristic to require an high speed soiufior DACL1. In this way the first integrator has
the purpose to integrate the same quantity of eafgraditional solution, but it is injected by 8

different step by the same capacitance and thémsap is equal to the other ones.
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Fig. 7.35: Schema of the fast DAC solution.

Then the used phases to command the full systesharen in Fig. 7.36.

Fig. 7.36: Phases used in the proposed solution.
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Offset issues

Another issues which must be taken in accountesdlstructures are the offset introduced by
each operational amplifier used in tBA modulator. In fact they are the purpose to readine
integrator and their offset can corrupt the outppintegrating also it one. To cancel the effedts o
the offset in an integrator is possible by usinchapper technique where the chopper signal must
keep in account the number of step of integratlanfact the purpose in designing the optimal
chopper signal is to obtain zero contribution froffset. In order to obtain that goal is possible to

evaluate the effects of the offset at the outpwdawh integrator.
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Fig. 7.37: Effects of the 1* opamp offset to the output of the 1* and 2" integrator w/o chopper.

In Fig. 7.37 are shown the output of each integraiith input signal equal to zero, and all
ideal objects except the offset of the first intggr amplifier, which has been putted to 1 for
simplicity the equations. With the purpose to getemo contribution from offset, and to use a
chopper technique for obtaining that goal, has bWeand the possibilities to use a chopper signal
with just two edge at 286and 768 step. In this way the respectively output becohee dignal
shown in the Fig. 7.38.

The offset contribution of the second integratophfier can be considered negligible with a
particular and attention design of the amplifiarthe other way is possible to introduce the choppe
technique also to the second integrator ampliftenmanded from the same chopper signal, in fact
the output of the second integrator, considerigdaal things except the offset of the second
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integrator amplifier is correspondent to the Figg77(a) without chopper and Fig. 7.38 (a) after the
chopper technique applied.

3 2 _x10
=3 3 ? T T T T T
o o
£ £
g e O
2 T =
£ £ 9
= £
=3 =
& 2 A
S5 25 3t
2 2
pr o 2t
a 18]
E E
5 5 1
@ @
£ -300 : : : : : £ 0 : : : :
5 0 200 400 600 800 1000 s 0 200 400 600 800 1000
= Step number 5 Step number
Fig. 7.38: Effects of the 1% opamp offset to the output of the 1% and 2™ integrator
with chopper at 256™ and 768" step.
Conclusions

In conclusion these project about incremental Sijpelia are studied with the purpose to
increase the efficient of the use of a multibit DA aXA modulator. The architecture with fast
DAC has been implemented on silicon but, becauseesproblem about process delay, the

experimental results are not suitable on the tagt yet.
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7.4 Conclusions

The PhD activity was mainly focused on the progmbut the SAR converter described in the
previous chapter. In addition other studies hawnlgerformed. They are:

- Study of a new architecture for chopper stabilispgamp. The study has allowed to
understand the possibility to change the clasdigtisa with square wave signal to a
random signal for obtaining the whitening of theseo

- Time interleaved SAR converter has the purposentwease the performance in
frequency input of the main project.

- IncrementakEA A/D converter allowed the studied of some techeitpr reducing the

effects of the errors introduced by multibit DAC.
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