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ABSTRACT

Every electronic system, which collects, processes and outputs informa¬

tion, interacts with the environment. While the input and output devices

of personal computers consist mainly of keyboard, mouse and display,
other electronic systems, e.g. measurement equipment, include additional

sensors, which convert physical properties such as light, temperature or

pressure into electrical signals. These analog signals are converted into

digital data by analog-to-digital converters (ADC). The data is processed
further by digital signal processing hardware, i.e. microprocessors. Al¬

though the application field of ADCs expanded very much since their in¬

troduction, continuous development is necessary to cope with the steady

improvements of speed, resolution, number of channels, power consump¬

tion etc. in the digital domain.

In this work, a new ADC concept is presented, which is able to convert

very small sensor signals with high precision. The concept is suitable for

integration in an array arrangement due to its straightforward architec¬

ture and minimal area requirements. Independent of special technology

features, the ADC can be fabricated in standard complementary metal-

oxide semiconductor (CMOS) technology, which is cheap, widely available

and will be the the most popular IC-technology also in the future.

The front-end circuitry is similar to a switched-current (SI) memory cell

and integrates the input signal. Therefore, the ADC is well suited to pro¬

cess current as an input signal. In the second stage a current ramp signal
is generated, whose slope is proportional to the size of the input signal.
The slope of the ramp is measured by correlated double sampling (CDS)
with a fixed signal difference, i.e. the time is measured in which the ramp

crosses two fixed signal levels. The measurement time corresponds to the

digital output value of the ADC.

The concept features inherent linearity due to the measurement of a con-
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stant integration charge as well as a wide dynamic range, which is demon¬

strated in this work.

After the introduction of the ADC concept, a thorough noise analysis is

presented, which predicts the effective resolution of the ADC in dépen¬
dance of the design parameters. A key issue is the noise propagation char¬

acteristics of CDS, which is treated more profound in chapter 1. Within

this chapter, CDS with a fixed signal difference is compared to CDS with

fixed time difference, which is used traditionally in most of the cases de¬

scribed in the literature.

The application ARSENIC, which is used as the front-end of a spec¬

trophotometer and is described in chapter 5, is a 64 channel system- on-

a-ch%p, where the channels are arranged in an one-dimensional array with

a channel pitch of 100 /an. Each channel includes a photosensor, a com¬

plete ADC and digital output circuitry. This system is monolithically

integrated in 0.6 /jm CMOS-technology and it provides serial access to

the output data of all channels. It can be connected to a microprocessor
without supplementary interface circuitry. The resolution is 16 bits and

the overall dynamic range yields 147 dB.

Finally, a two-dimensional (2D) array implementation of this ADC-concept
is demonstrated, which is used to read out data from a novel nanomechan-

ical memory. It is the first 2D implementation, where a complete ADC is

integrated in each element of a 2D-array. The feasibility is demonstrated

with a first prototype, where the element size is 100 /jm x 100 /jm and the

ADC of each element features 8 bits of resolution at a conversion rate of

100kSamples/s.



ZUSAMMENFASSUNG

Jedes elektronische System, welches Daten aufzeichnet, verarbeitet und

ausgibt, weist Schnittstellen mit der Umwelt auf. Während diese Schnitt¬

stellen bei Computern mehrheitlich aus Tastatur, Maus und Bildschirm

bestehen, beinhalten andere elektronische Systeme wie z.B. Messgeräte
zusätzliche Sensoren, welche physikalische Grössen wie Lichtstärke, Tem¬

peratur oder Druck in elektrische Signale umwandeln. Diese analogen Si¬

gnale werden mit Analog-Digital-Wandlern (engl, analog-to-digital con¬

verter, ADC) in digitale Signale umgesetzt. Die digitalen Daten werden

in der Folge mit rein digitalen Schaltungen, d.h. mit Mikroprozessoren,
weiterverarbeitet. Obwohl die ADCs seit ihrer Einführung wesentlich wei¬

terentwickelt worden sind, ist fortlaufende Weiterentwicklung unablässig,
um mit den Fortschritten in der digitalen Ebene bezüglich Geschwindig¬

keit, Auflösung, Kanalanzahl, Stromverbrauch usw. mithalten zu können.

In der vorliegenden Arbeit wird ein neues ADC Konzept vorgestellt, wel¬

ches sehr kleine Signale von Sensoren mit höchster Präzision umsetzen

kann. Wegen seines überschaubaren Konzeptes und kleinstem Platzver¬

brauch ist es speziell geeignet um in mehrfacher, paralleler Ausführung

integriert zu werden. Unabhängig von speziellen Merkmalen einer Herstel¬

lungstechnologie kann der ADC in Standard CMOS (engl, complemen¬

tary metal-oxide semiconductor) Technologie hergestellt werden, welche

günstig, weit verbreitet und auch in Zukunft die vorherrschende Integra¬

tionstechnologie sein wird.

Die Eingangsstufe ist ähnlich einer "switched-current (SI)" Speicherzel¬
le aufgebaut und integriert das Eingangssignal. Aus diesem Grund ist

der ADC gut für Stromeingangssignale geeignet. In der zweiten Stufe

wird eine Stromrampe erzeugt, deren Steilheit proportional zur Grösse

des Eingangssignal ist. Die Steilheit dieser Rampe wird mit korrelierter

Doppelabtastung (engl, correlated double sampling, CDS) mit einer fe-
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sten Signaldifferenz gemessen, d.h. es wird die Zeit gemessen, in der die

Stromrampe zwei feste Signalniveaus durchläuft. Die Messzeit entspricht
dann dem Ausgangssignal des ADC.

Dieses Konzept zeichnet sich durch inhärente Linearität aus, da eine kon¬

stante Integrationsladung gemessen wird, und durch einen sehr grossen

Dynamikbereich, welcher in dieser Arbeit gezeigt wird.

Nach der Vorstellung des Konzeptes wird eine gründliche Analyse des

Rauschverhaltens präsentiert, welche die effektive Auflösung des ADC in

Abhängigkeit der Entwurfsparameter angibt. In diesem Zusammenhang
hat das Rauschübertragungsverhalten von CDS eine zentrale Bedeutung,
welches daher in Kapitel 4 speziell behandelt wird. In diesem Kapitel wird

CDS mit fester Signaldifferenz CDS mit fester Zeitdifferenz, welches nor¬

malerweise verwendet wird, gegenübergestellt.
Die Anwendung ARSENIC

,
welche als Eingangselement eines Spek¬

tralphotometers eingesetzt und in Kapitel 5 beschrieben wird, ist ein 64

Kanal "system-on-a-chip", in welchem die Kanäle in einer eindimensiona¬

len Linienanordnung mit einer Rasterweite von 100 /jm arrangiert sind. Je¬

der Kanal beinhaltet einen Lichtsensor, einen vollständigen ADC und di¬

gitale Ausgangsschaltkreise. Das System ist monolithisch in 0.6 /jm CMOS

Technologie integriert und es ermöglicht seriellen Zugriff auf die Ausgangs¬
werte aller Kanäle. Es kann ohne zusätzliche Schnittstellenschaltkreise

direkt an einen Mikroprozessor angeschlossen werden. Die Auflösung be¬

trägt 16Bit und der gesamte Dynamikbereich 147dB.

Schliesslich wird eine zweidimensionale Ausführung dieses ADC Konzep¬
tes präsentiert, welches für das Auslesen von Daten eines neuartigen na-

nomechanischen Speichertyps eingesetzt wird. Diese Anwendung ist die

erste zweidimensionale Ausführung, in welcher ein vollständiger ADC in

jedem Element eines zweidimensionalen Arrays integriert ist. Die Mach¬

barkeit wird mit einem ersten Prototypen gezeigt, in welchem jedes Ele¬

ment 100 lira x 100 /jm gross ist, und der ADC in jedem Element 8 Bit

Auflösung bei einer Wandlerrate von 100kSample/s aufweist.



1. INTRODUCTION

Since the introduction of the first digital computational devices and the

first personal computers in the eighties, the use of digital technology has

strongly developed. Today, in almost every electronic device a digital

processor is included, no matter how small, cheap or inconspicuous the

device may be.

All these devices have in common at least some sort of converter or in¬

terface, which interacts with the environment, e.g. keypad or keyboard,

display, different sensors or actuators. The digital-to-analog converter

(DAC) and the analog-to-digital converter (ADC), on which this work fo¬

cuses on, lie between the analog and digital world and act as the electronic

interfaces. Although many tasks, which have been traditionally performed

by analog circuits, are getting realized in a digital form, e.g. digital fil¬

tering, some analog circuitry will always be present in a system, which

interacts with the environment. ADCs will not become obsolete, on the

contrary, their performance has to be improved if benefits from advances

in resolution and computational performance of the digital microproces¬

sors should be followed.

Due to the vast number of different applications ADCs have evolved to

a great variety. Design parameters may include conversion speed, resolu¬

tion, power consumption, physical dimensions, reliability, etc. Addition¬

ally, with increasing number and quantities of the applications with an

ADC involved, financial considerations are most important when an ADC

is selected for an individual task.

Motivation

For some applications a general purpose ADC, which is packaged in his

own housing and used within a discrete assembly, will work, even if the

required specifications don't match closely with the characteristics of the
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ADC, i.e. the performance of the ADC is in some respects better than nec¬

essary. Although, for most applications, ADC designs have to be tailored

to the specific application, when no performance overhead is tolerated for

economical reasons.

Sensors, which measure different environmental conditions such as tem¬

perature, light or pressure, provide output signals, which can be very small

and may have a large dynamic range. In applications, where small sensor

signals are processed, the ADC employed should be very close to the sen¬

sor and the needed analog signal processing block to avoid susceptibility
to external noise and interference. The best way is to integrate sensor,

analog processing and the ADC monolithically on the same chip. Such

a system-on-a-chip, which provides digital data according to a physical

input, e.g. temperature, light, etc., additionally profits from economical

advantages.
The objective of this work is the introduction of an ADC concept, which

is specially suited for applications, where sensor signals have to be pro¬

cessed. Many signals provide a current as the information carrying signal,

e.g. a sensor with a variable shunt resistance, which is connected to a

voltage source, or a photodiode as a sensor element. Therefore, the ADC

should be designed to accept current as the input signal.

Integrated sensors, especially photosensors in spectrophotometers, scan¬

ners or equivalent equipment, are often arranged in an array scheme. Un¬

like many designs described in the literature, e.g. [I, ', )], where either an

ADC is not assigned for each array element or where a part of the ADC is

realized off-chip, the ADC should be integrated for each array element in¬

dividually. This must be achieved without consuming too much chip area,

which would void the economic advantage of on-chip integration. Main

objective for element-wise ADC integration is to provide high data-rate of

the overall array even with long conversion times of the ADC of a single

array element.

Another economical issue to point out is the selection of the process

technology for integration. Complementary metal-oxide semiconductor

(CMOS) technology is favored for its wide availability and widespread
use in the digital domain, which simplifies the integration of the ADC,

including front-end, on the same chip with the digital circuitry. To enable

compatibility with CMOS-technology the ADC has to be independent of

technology features other than those available in CMOS.
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Outline of this Work

After an overview of general ADC principles in chapter 2, where examples
and state-of-the-art implementations are cited, chapter 3 introduces a new

ADC concept based on the ramp conversion principle. Due to the sim¬

ilarity of the main converter stage of the ADC to switched-current (SI)
circuits, it is referred to as switched-current-like (SIL) ADC. It is well

suited to meet the specifications mentioned in the previous section. A

detailed noise analysis is given, which is used to predict the performance
of the converter.

Bias current circuits, which are needed to provide a minimal input cur¬

rent for the ADC, are investigated with special attention to their noise

behavior. To conclude this chapter a first implementation is presented.
The first part of chapter 4 investigates the noise behavior of correlated

double sampling (CDS). This technique is employed in the SIL ADC and

it is investigated with an emphasis on the comparison between CDS with

fixed time difference and CDS with fixed signal difference.

In the second part of chapter 4, aspects of the level crossing or first pas¬

sage problem are elaborated. It is investigated by simulations and mea¬

surements how the noise on a ramp signal propagates to time noise. The

time is measured when the ramp signal, including noise, crosses two fixed

signal levels. Beside noise, which is added directly to the ramp signal,

integrated noise is added to the ramp signal to model noise sources and

their effects as they appear in the SIL ADC.

Chapter 5 and 6 introduce two applications of the SIL ADC.

In chapter 5 ARSENIC is introduced, which is a complete frontend cir¬

cuit for spectral photometry. It includes photosensor and ADC in a 64

channel parallel arrangement. From specification to the manufactured

prototype every design step is included.

The application in chapter 6 emerged also from an industrial coopera¬

tion. A first prototype is implemented, which shows the feasibility of a

two-dimensional (2D) implementation of the SIL ADC concept in an ap¬

plication with reduced resolution requirements.
In chapter 8 conclusions of the overall work are given.



2. GENERAL ANALOG-TO-DIGITAL

CONVERSION PRINCIPLES

In this chapter, the specifications for an analog-to-digital converter (ADC)
are outlined in the first section. In the following sections, general analog-

to-digital conversion principles are introduced and subsequently compared
to the specifications given in the first section. The ADC concept, which

is introduced in this work, is designed to meet these specifications.

The review of general ADC principles does not aim at giving a compre¬

hensive overview, but to give a consistent survey to which the author can

reference to in this thesis. Some material of this chapter is taken from the

books by Jespers [l] and van de Plassche [ >].
The overview concentrates on the main ADC principles without empha¬

sizing the various improvements of realized ADCs. It is obvious that

advantages of the various concepts are combined in a practical implemen¬
tation. Therefore the examples given are arranged according their main

principle of conversion, although they could be cited as examples of dif¬

ferent ADC principles.
Besides the description of the mode of operation, performance and main

applications of an ADC principle, importance is addressed to the suit¬

ability of the specific principle to the specifications given in section 2 1.

Furthermore, a review of the current-mode implementation of each de¬

scribed principle is given, if applicable.

2.1 Specifications

All specification requirements the new ADC should meet are listed in

Tab. 2 i. The main application field for this ADC are direct conversion of
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electric signals (current-mode) from sensors, e.g. pressure, temperature or

photosensors. Direct conversion in this context determines that the elec¬

tric output signal from the sensor is fed directly to the input of the ADC

input without any additional circuitry on a separate piece of electronics

i.e. separate die. ADC and sensor must share the same die and the same

technology. Although some signal conditioning may be necessary, this cir¬

cuitry is an integral part of the ADC. The direct conversion ensures that

very small signals can be converted with the precision needed.

As an example of the magnitude of a sensor output signal, the output

current of a photodiode is given here. The diode with a size between

10 * 50 /jm and 100 * 500 /jm is illuminated with an optical power between

50 /iW/m2 and I W/m2 @ 680 nm. The current of the photodiode, which

is implemented in a 0.6 /jm silicon CMOS-process, then results between

5fA and 25 nA, which covers a dynamic range of more than 130dB. Even

omitting all other specification the conversion of currents down to the fA

range has not been published in the literature and imposes a challenge on

its own.

Photosensors provide mostly current as their output signal. Therefore,
current should be the preferred domain for the input signal mode of the

ADC. Additionally, basic operations like addition, subtraction and storing

signals can be realized simpler in current than in voltage mode, helping
to minimize area and power consumption.

Specifications of the signal-to-noise ratio (SNR), dynamic range and min¬

imum detectable signal are derived from an industrial photosensor appli¬
cation. A minimum detectable signal of 10 fA is close to the limit of an

analog circuit implemented in CMOS-technology because the leakage cur¬

rent has the same magnitude. The dynamic range has to be much larger
than the SNR because of the varying sensitivity of silicon photosensors at

different wavelengths.

Frequency specifications for the ADC arise from the demanded data rate.

Environmental conditions determined by the sensors, e.g. light or temper¬

ature, are changing not very fast normally. As an example for the upper

edge of measurement data rate targeted by the sensor and ADC, a pho¬
tosensor can be imagined, which is employed in a rotary printing press

where the quality of the print output is monitored. This would result in

a needed measurement data rate of several 10 kHz.

The implementation is even more difficult when additional to the require-
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Input signal mode Current

Minimum detectable signal <10fA

Analog bandwidth 500 Hz - 500 kHz

Measurement rate 100 Sample/s - 100 kSamples/s

Signal-to-noise-ratio (SNR)
(amplitude)

> 60 dB (10 bit)

Dynamic range > 120 dB

Area requirement

Suitable for multichannel im¬

plementation (pitch < 100 /jm

in a linear array)

Process technology Standard CMOS

Tab 2 1 Specification requirements of the ADC. Requirements are de¬

rived from the targeted implementation, i.e. spectral photome¬

try.
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ments of Tab. 2.1 the ADC should be integrated in standard CMOS-

technology with minimum area and power consumption
This can also be illustrated with an example. The successive-approximation
ADC in [(>] with 10 bit resolution at a sample rate of 200 kS/s is integrated
in a standard CMOS-process with an area of 2.15 mm2 and a power con¬

sumption of 12 mW. When integrated in a linear array e.g. 128 channels,
which is desired for the new ADC, area and power consumption would

yield values greater than 250 mm2 and 1.5 W respectively. The area re¬

quirement is very high in particular when the ADC has to be integrated
with sensor and post processing digital circuitry on the same die. Large

power consumption also impose similar difficulties, in addition to distur¬

bances of sensitive sensor signals e.g. temperature gradients on the die.

As a rule of thumb, the design parameters in terms of area and power con¬

sumption have to be one order of magnitude smaller than the parameters
in the ADC cited above.

Fürther to the area and power consumption requirements for a linear array

as in the example described, the ADC architecture should be scalable

i.e. performance inversely proportional to area consumption. When less

area is available, e.g. for a 2-dimensional array of ADCs, the architecture

of the ADC should allow an implementation with a trade-off between area

and performance. Vice versa, greater performance should be obtained

with the sacrifice of silicon.

2.2 Flash and Other Fast ADC

Many applications require converters whose sampling rates range up to

several GS/s e.g. for digital oscilloscopes. Such large sampling rates re¬

quire parallelism to perform a single conversion in one or in a few clock

cycles.
The only ADC that truly performs a whole conversion in a single clock

step is the flash converter. Slightly slower in conversion speed, in return

for lower power and area consumption, subranging, pipelined and folding
converters represent additional architectures for applications needing fast

analog-to-digital conversion.
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V-bit output word

Fig 2 1 Flash ADC block diagram.

2.2.1 Flash ADC

In a ./V-bit flash ADC, 2N — 1 reference voltages and comparator stages

are used to convert the analog input signal into a thermometer digital

output signal as depicted in Fig. 2 1.

Commonly, the reference voltages are delivered by a multi-tap divider

formed by 2N resistors which are fed by a single input reference volt¬

age Vref. Code conversion is done in the digital encoder following the

comparator bank. Here the thermometer-coded word is changed into an

address that controls a ROM memory, which outputs the desired binary
code e.g. gray code or standard binary code.
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Fine

S/H -s/ ADC \ „2 '
\

LSB

Coarse

ADC DAC
digital outpu

MSB

Fig 2 2 Block diagram of a multi-step ADC with 2 stages, i.e. two-

step ADC.

2.2.2 Other Fast Principles

The drawback of the large number of comparators in a flash ADC calls

for alternative solutions, if a small reduction in conversion speed can be

tolerated.

A compromise is offered by subranging, multi-step or pipelined structures.

In a two-step converter the input signal is coarsely converted first and then

the analog counterpart of the coarse digital output code is subtracted from

the input signal. The resulting residue is then digitized by the fine section

of the converter giving the least significant bits (LSBs) of the whole digital

output code. This principle reduces the number of comparators signifi¬

cantly A 8-bit converter consisting of two 4-bit subconverters, requires 30

comparators instead of 255 for full flash conversion. The block diagram
of this architecture including the needed S/H is depicted in Fig. 2 2.

Instead of changing the input signal of two successive stages in a two-step

converter one may also change the reference scale. In a subranging struc¬

ture e.g. with two steps, the reference scale is split into a coarse and fine

section. During the coarse conversion, the input signal is digitized against
the coarse scale. The coarse digital output code is used to select the set

of fine references that encompass the input signal. Once the fine code is

resolved, coarse and fine codes are concatenated to obtain the final digital

output code.

When more than two cycles for a conversion are considered, pipelined
converters offer another compromise between speed, area and power con¬

sumption. A pipelined converter consisting of three identical M-bit blocks
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Stage 1 Stage 2 Stage 3

Gain Stage

S/H

ADC —T-+ DAC

Register

*r,

Register

Register

digital output

3 x M Bit

Fig. 2.3: Block diagram of a pipelined ADC with 3 pipeline stages.

is shown in Fig. 2.3. The single block resembles the implementation as

described in the paragraph about algorithmic ADC, but its output feeds

another block instead of feeding the same block again. While the residue

from the first block is being transferred to the second, a new sample enters

the first block and so on. Consequently, the conversion rate is determined

by the time for the transfer from one block to the next and not from the

input to the output of the converter. The ADC in the pipeline blocks does

not have to be a flash type ADC, which makes this architecture suitable

for various types of ADC to enhance their performance.

Disadvantages include longer latency time, the necessity of S/H circuits

in every pipeline stage and multiple output register to delay the different

portions of the digital output code.

2.2.3 Examples, Current-mode Implementation

Full flash converters commonly have a resolution range from 4 to 10 bits

and a sampling rate up to GS/s. Bult and Buchenwald [,<] describe a

10-bit 50 MS/s flash ADC that consumes only 70 mW. One of the highest

sampling rates of 2 GS/s is reported by Wakimoto et al. [s>], although
this 6-bit ADC is not implemented in CMOS-technology but in Si bipolar

technology. In CMOS-technology highest reported sampling rates reach
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up to 100 Ms/s. An example with subranging architecture and 10-bit

resolution is reported in ['>].
Folding ADC with flash type coarse and fine subconverters show inherent

speed advantage over other subranging architectures. An 80 MHz 8-bit

CMOS example is reported in [10].

In [11] a current mode flash implementation is proposed. The input cur¬

rent is split and then fed to transistors resulting in a thermometer output

code. Simulated performance exhibits 4 bits of resolution at a input band¬

width of 100 MHz, but no hardware implementation has been found in the

literature.

In contrast to full flash conversion several examples of current-mode im¬

plementations of subranging and pipelined architectures can be found.

These are discussed in following subsections because the core ADC does

not necessarily be of a flash type.

An ADC with a current mode folding circuit implemented in bipolar tech¬

nology is reported in [12].

2.2.4 Comparison to Specifications

When the specifications as defined in Tab. 2.1 are compared to the flash

and associated ADC architectures, there are few coincidences. The main

goal of a flash ADC is to reach high sample rates in exchange of higher
area and power consumption. Our ADC class that is outlined by the

specifications in Tab. 2.1 results in an architecture with contrary require¬
ments. Further, no current-mode pure flash ADC has been implemented
until now.

2.3 Successive Approximation ADC

The basic architecture of a successive approximation ADC is shown in

Fig. 2.4. At the beginning of the conversion the most significant bit (MSB)
of the digital-to-analog converter (DAC) output is switched on and its

analog output is compared to the input signal. When the input signal is

larger than the feedback signal, the MSB remains on and the next lower

bit is switched on and a next comparison is performed. When the input

signal is smaller than the feedback signal, the MSB is reset and then the
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S/H ïQ

VnAr'l'

T 2T 3T 4T

Comparator

SAR
digital out

DAC

Fig. 2.4: Block diagram of a successive approximation ADC. The succes¬

sive approximation register (SAR) includes logic circuitry to con¬

trol the conversion cycle.
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next lower bit is switched on. This bit by bit operation brings the digital

output code within 1 LSB to the non-discrete input signal in as many

clock cycles as bits of resolution. The anti-aliasing filter and S/H which

are depicted in Fig. 2.4 are necessary if the input signal changes during a

conversion cycle more than a LSB. The DAC is often implemented as a R-

2R ladder network as for example in ['>]. In the literature this conversion

principle is also referred as sampling or feedback ADC.

A special variant of a feedback ADC is the charge redistribution ADC in

Fig. 2.5. This converter first published in [|3] uses a capacitive DAC in

the feedback loop which elegantly combines the DAC with a S/H circuit.

2.3.1 Examples, Current-mode Implementation

Successive approximation ADCs are significantly slower than single clock

cycle flash converters. But in comparison to the rampfunction ADC,
which is covered in the next section, they only need N instead of 2N cy¬

cles for a conversion of a Af-bit ADC making them well suited for general

purpose analog-to-digital conversion. There exists different correction and

calibration techniques which make resolutions up to 16 bits feasible. An

error evaluation algorithm for a 15-bit charge redistribution type ADC is

described in [l I]. An example of a 14-bit successive approximation ADC

can be found in [5]. This ADC has a current input and reaches 14 bits

of resolution with a sampling rate of 44.1 kS/s. With lower resolution

sampling rates up to several 100kS/s are feasible.

Although a current-mode successive approximation ADC could be imple¬
mented very straightforward, no true implementations of current-mode

successive approximation ADC can be found in the literature. The main

reason is the error introduced by not correctly weighted binary reference

currents needed in the feedback DAC due to matching. As in [ I >] this is

circumvented by using the same reference current in the DAC for more

than one bit of conversion and adjusting the input signal accordingly.
Most of these implementations belong to the class of algorithmic ADCs

because the input signal is changed during the conversion process, e.g. a

reference signal is subtracted and/or the residue of the input signal is

multiplied by a factor of 2. Examples of algorithmic/cyclic ADCs can be

found in section 2.5.
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Comparator

sc]~ 4CY 2CT
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11 II II I

»>0l

Sample Mode

Comparator

Redistribution Mode

Fig. 2.5: Three modes of operation of a 4-bit charge redistribution ADC.

The SAR is not shown as it controls all switches.

In the redistribution mode the charge in the capacitors gathered
in the sample and hold mode is distributed according the switches

(representing the output code) which connect each capacitor ei¬

ther to ground (representing logical 0) or to Vref (representing
logical 1).
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2.3.2 Comparison to Specifications

Although successive approximation ADC can cover wide ranges of res¬

olution and sampling rate they are not well suited to the specifications
outlined. Main disadvantages include the high area consumption due to

rather complicated control logic in the successive approximation register.
This digital logic block has to be expanded further when implementing
correction and calibration algorithms. As an example, the above men¬

tioned ADC [*>] covers an area of 3.5 * 4.4 mm2, which is more than one

order of magnitude larger than the aimed area of 0.1 to 0.2 mm2. Al¬

though this example may not be fully comparable in terms of technology,
it highlights the large area consumption of the successive approximation

implementation.
In order that a charge redistribution version of an successive approxima¬
tion ADC reaches an resolution of more than 10 bits, linear capacitors

are needed as in switched-capacitor circuits. These can only be imple¬
mented in a non standard process which offers two polysilicon layers to

form precise capacitors. Fürther, compared to small input currents the

input capacitance of a charge redistribution ADC is very large. The min¬

imal unit capacitor in a standard CMOS-process is approximately 1 pF
when an maximum error of 10 % due to clockfeedthrough (CFT) from

the switches can be tolerated. In a 12-bit implementation with 4096 unit

capacitors this would yield over 4nF input impedance. With an input
current of 1 pA it would take 400 s to rise the input voltage 100 mV.

2.4 Rampfunction ADC

When low conversion speed is tolerable, i.e. < 50kS/s, rampfunction or

integrating types of converters can be used. In a rampfunction ADC the

analog input signal is converted into a time which is proportional to the

input signal. Although this method of conversion is rather slow because of

the counting operation in the conversion cycle, the architecture is simple
and straightforward.
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2.4.1 Single- and Dual-Slope ADC

In Fig. 2.6 a block diagram of a single slope ADC is shown. The circuit

consists of a resetable integrator, a comparator and a counter. The inte¬

grator generates a reference ramp, which is compared against the input

signal. The counter is gated by the time span between the start of the

reference ramp until the ramp equals the input signal. This is indicated

by the output signal of the comparator which is used to stop the counter.

A simple calculation shows that the resulting time T\ equals

T1 = RC^-. (2.1)

The digital output value D then becomes

D = Tx-fclk. (2.2)

The accuracy of the single-slope ADC is determined by the clock genera¬

tor, the RC time constant of the integrator and the reference source Vref.
An offset of the comparator can be cancelled by presetting the counter

with the digital output code received with zero input signal.

Due to the shortcomings of the single-slope ADC it is not used in practice.
To overcome a number of the accuracy problems encountered, a dual-

slope ADC has been designed. Although the block diagram in Fig. 2.7 is

more elaborate, it is still a fairly simple approach with only basic control

logic. The operation of the conversion is as follows. Starting from a reset

integrator the input signal is integrated during a fixed time t\. Then the

reference signal Vref with opposite sign is connected to the input of the

integrator. This discharge is timed by the counter. With T\ as the output

code Vm can be calculated as follows:

Vm = Vref^-. (2.3)
J-2

(2.3) shows that this design is inherent insensitive to the absolute value

of the time constant RC. Another feature is the insensitivity to the offset

of the comparator, since T\ and T2 are defined with respect to the same

comparator reference. The offset of the integrator is not cancelled by

design however, it has to be eliminated by calibration.
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Comparator

digital out

Fig 2 6 Block diagram of a single-slope ADC with timing information.

The main disadvantage of the basic single- and dual-slope converter is the

sampling rate, which is low due to the fact that a conversion in a Af-bit

ADC needs 2N clock cycles. A possible extension of this architecture to

shorten the conversion time are multiramp converters. The concept is

to concatenate ramps with different rise times. A fast ramp defines the

MSBs and a slow ramp the LSBs. A 12-bit dual ramp ADC would then

need 2-26 clock cycles instead of 212. This benefit in conversion time must

be compensated with precise switching between the different ramps and

precise ratio of the two ramp slopes. A detailed description of a 16-bit

dual-ramp single-slope ADC with audio sampling rate of 44.1 kS/s can be

found in N.

2.4.2 Examples, Current-mode Implementation

The simplicity of the dual-slope ADC combined with its potential for

high accuracy and with its moderate sampling rates made this device

very suitable for the first portable digital multimeters. One of the first

3i-digit (equals approximately 13 bits) ADC integrated monolithically in
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Integrator
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digital out

Tj T2
full count partial count

Fig. 2.7: Block diagram of a dual-slope ADC with timing information.

CMOS-technology is published in [Mi]. In addition to the above men¬

tioned implementation [",], 15- to 16-bit rampfunction ADCs with audio

sampling rates can be found in [ 1 ] and [ I V].
A current-mode rampfunction ADC can be implemented straightforward.
It is simpler than a voltage-mode version because the input signal can be

integrated directly into a capacitance without being converted by a resis¬

tor yielding a linearly increasing voltage over the integrating capacitance.
When compared to Sigma-Delta (SA) ADCs, which are introduced later

in this chapter, rampfunction ADCs have lower resolution. Together with

moderate conversion speed this is the main reasons why very few current-

mode rampfunction ADCs are published. Examples are the implementa¬
tions in [lx] and [Is4] which will be discussed in chapter 3. compared to

2.4.3 Comparison to Specifications

In comparison to successive approximation ADCs rampfunction ADCs

need only simple control logic due to their simple and straightforward ar¬

chitecture. This results in lower area requirement which is one of the key
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specification elements outlined in Tab. 2.1.

When the input signal is current-mode the frontend circuitry can be im¬

plemented with a capacitance only, providing a linear relation between

input current and resulting integration voltage. Further, with the corre¬

spondence

integration time t, integrating capacitance Cmt and integration voltage

vlnt can be adjusted in a trade-off according to the needs of the specific

application.

Overall, the rampfunction ADC is a suitable architecture for the specified
ADC class to be designed as outlined in Tab. 2.1. Particularly when very

small input signal have to be converted, an integration of the input signal
can be mandatory, e.g. when the noise floor of the signal is in the same

order of magnitude as the signal itself. In this case integration would

increase the SNR and allow a correct conversion of the input signal. See

the application example in chapter ft.

2.5 Algorithmic (Cyclic) ADC

Algorithmic ADCs, also referred to as cyclic ADCs, are implementations
of a binary division algorithm as shown in Fig. 2.8. It is similar to a

single block of a pipelined implementation as in Fig. 2.3. One difference

is that the resolution of the ADC and DAC in a single pipeline block can

be more than 1 bit and that the output of the single pipeline block is

fed to the next block. This is in contrast to the algorithmic ADC where

the output is fed to the same block again. The block in the algorithmic
ADC is reused for the next bit of resolution. Regardless of the resolution

only one common hardware block is required. Above 10 bits of resolution

however, the straightforward implementation needs some elaborated tech¬

niques to circumvent the imperfections of device behavior like mismatch

and finite output impedance of transistors. The principle of the cyclic
reuse of a single block can be combined with the earlier described sub-

ranging, multi-step and pipelined principles. The combination of different

ADC principles result in architectures tailored to a specific application as

mentioned in the first paragraph of section of this chapter. Neverthe¬

less the ADC which is a true implementation of the conversion scheme in
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Comparison

Subtraction

Multiplication

Digital out

Fig 2 8 Binary division algorithm for an algorithmic ADC. Vref denotes

full scale.

Fig. 2 8 is referred as algorithmic or cyclic ADC.

A variant of the algorithmic ADC, the redundant signed digit (RSD)
ADC takes advantage of the SRT algorithm (after Sweeny, Robertson and

Tocher) described in [*'»]. The difference to the conventional algorithm in

Fig. 2 8 lies in the comparison of the signal against a reference signal. The

RSD algorithm performs a comparison against two levels giving three -1,
0 and 1 as results rather than only 1 and 0. As long as the comparison
levels in the RSD converter lie within a tolerance limit of ±Vref/4, the

algorithm is insensitive to several nonidealities as comparison inaccuracy
or loop gain error. A comprehensive review of the RSD converter can be

found in [ill.

2.5.1 Examples, Current-mode Implementation

To increase conversion speed the conversion stage of the algorithmic ADC

can be multiplied. The doubled residue of the conversion algorithm is

then not fed back to the same stage but to the next stage resulting in a

pipeline structure. In this paragraph pipelined implementations are also

referred to as examples.
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An early voltage-mode implementation [ V] relied on ratio-matched ca¬

pacitors which was overcome by the use of switched-capacitor circuits.

An example of a switched-capacitor implementation can be found in [2 i].
To achieve resolutions greater than 8 bits, the principal sources of er¬

ror have to be addressed, which results in increasing chip size. In [/J] a

switched-capacitor implementation with a resolution of 10 bits at a sam¬

pling rate of 14 MS/s is reported. In this ADC a digital correction scheme

is used to overcome errors introduced by amplifier offsets or charge injec¬
tion from switches. This is realized with the expense of chip area which

resulted in 5.75 mm2.

Several current-mode implementations of algorithmic ADCs have been

reported [25] [2Ù] [27] [is] [>'>]. In contrast to switched-capacitor im¬

plementations current-mode circuits don't need high-gain low offset am¬

plifiers for precise operation. Additional, basic arithmetic functions are

simple to implement. This results in very small algorithmic ADCs. [2s]
achieves 10 bits of resolution using 0.18 mm2 chip area at a sampling rate

of 25kS/s.
When higher resolution is required, additional circuitry is also neces¬

sary. [2(>] achieved 14 bits of linearity with a chip area of 1 mm2 (area
for analog core only).
In [I1-)] the low supply voltage potential for current-mode versions of al¬

gorithmic ADCs is elaborated.With a supply voltage of 1.5 V 10 bits of

resolution is achieved at a sampling rate of 12 kS/s using 4 mm2 of analog
core area

When higher speed is required, a pipelined structure of the algorithmic

principle can be employed as described in the beginning of this paragraph.

Pipelining can rise the sampling rate by a factor of the bits of resolution.

Although this factor is reduced when digital correction schemes have to

be employed as reported in [2 ].
Current-mode algorithmic ADCs implemented in a pipelined manner with

15 and 10 MS/s at a resolution of 8 and 5 bits using 2.4 respectively
0.4mm2 of core area are reported in [.¥.)] and [.!l].
RSD implementations relax the need for precise matching capacitors or

matching transistors in voltage-mode or current-mode implementations

respectively. Thus higher resolution with less chip area can be achieved.

In [/I] a voltage-mode cyclic RSD ADC with 13 bits of resolution using
3 mm2 is reported. In ['<2] and [,i'>] a pipelined and a cyclic current-mode

RSD ADC are described with resolutions of 10 and 12 bits using 2.5 and
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2.13 mm2 of chip area.

2.5.2 Comparison to Specifications

Due to the cyclic reuse of the conversion stage the area required for an

algorithmic ADC is greatly reduced. In contrast to pipelined structures

the small area used would match the specification in terms of minimal area

consumption and multichannel implementation. But as mentioned in the

examples, when greater resolutions are needed the chip area increases.

Resolutions greater than 8 bits have been reported only with chip areas

greater than 2 mm2 which is roughly one magnitude larger than the aimed

target area.

Fürther, additional control logic has to be implemented, which controls

the conversion process as well as the delay of the output bits, which have

to be concatenated during the conversion process cycles to form the digital

output word.

Therefore, the algorithmic ADC lacks the needed simplicity for a possible
multichannel implementation.

2.6 Oversampling and Sigma-Delta (SA) ADC

In contrast to the principles described previously, oversampling and SA

ADC form a special class. They sample the analog input signal at a

frequency larger than twice its bandwidth, which is referred to as over-

sampling. The principles previously described make use of the Nyquist

theorem, which states that a sampling rate higher than twice the base¬

band frequency /n, i.e. the analog input bandwidth which includes all

signal information, does not add information to the sampled signal. The

advantage of oversampling and noise shaping, which is an additional fea¬

ture of SA ADCs, are the reduction of quantization noise in the baseband.

To describe the benefit of oversampling it is necessary to review the prop¬

erties of quantization noise.

The root-mean-square (RMS) value of the quantization noise Vjv equals

v» =

Wi
(2.5)
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with A as the step size in a Af-bit ADC

A = Vref (2N - l)-1 (2.6)

and V^ as the full-scale voltage of the ADC.

With (2.5) the SNR of the ideal Af-bit sampled sine wave yields

2JVA

SNR = ^§- = 2Arv/P5. (2.7)
\7V2

The SNR in decibel yields

SNRdB = 20 • log10(2NVTI,) = 6N + 1.8. (2.8)

Fig. 2.9(a) shows the spectral distribution of the quantization noise of a

Nyquist and of an oversampling ADC. Since the quantization noise power

remains unchanged regardless of the sampling rate, the noise power den¬

sity decreases if the sampling rate rises as in an oversampling converter.

When the output signal of the converter is restricted to the baseband with

a low-pass filter, lower quantization noise affects the output signal. When

the sampling rate is four times larger than the Nyquist sampling rate of

2/o, the oversampling rate (OSR) is four as in the example in Fig. 2.9(a).
In this example the resulting SNR improves by 6 dB, since the noise power

in the baseband is divided by four.

The SA modulator is shown in Fig. 2.10(b) together with the demod¬

ulator, which consists only of a low-pass filter to reconstruct the original

analog input signal. It is a further development of the A modulator and

demodulator in Fig. 2.10(a). An additional integrator at the input of

the A modulator and the integrators in the loop and at the input of the

A demodulator are summarized in the loop filter of the SA-modulator.

This loop filter together with the feedback loop shifts part of the noise

to higher frequencies, leaving less noise in the baseband. This is called

noise shaping and is illustrated in Fig. 2.9(b). With the technique of noise

shaping it is obvious that a high order lowpass filter in the demodulator

is needed in order to filter the noise shifted to higher frequencies adjacent
to the baseband. Due to the drastic reduction of quantization noise in the

baseband, the quantizer in the modulator can be realized with only 1 bit.

A single bit quantizer shows inherent linearity which does not affect the

overall performance of the modulator.
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(a) Spectral distribution of quantization noise in

a Nyquist converter and in an oversampling con¬

verter. The two shaded areas show the total quan¬

tization noise power in the respective frequency
bands of interest (baseband).

(b) Noise shaping of a SA modulator. The shaded

area is the resulting total quantization noise power

in the frequency band of interest (baseband) with

noise shaping. The thin dashed line denotes the

spectral quantization noise power without noise

shaping.

Fig 2 9 Noise properties of oversampling ADCs respectively of SA mod¬

ulators.
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It is to say that modulator and demodulator (A and SA in Fig. 2.10(a)
and Fig. 2.10(b)) are in the analog domain. The architecture of a SA

ADC is illustrated in Fig. 2.10(c). The quantizer consists of an ADC

followed by a DAC. When the ADC has 1 bit of resolution it can be im¬

plemented with a comparator. The digital signal from the ADC is fed to

the decimator. This element attenuates the out of band noise (low-pass
filter) and resamples (decimates) the oversampled signal at the Nyquist
rate in the digital domain.

2.6.1 Examples, Current-mode Implementation

There are many oversampling and SA ADCs published in the literature.

Most of them consist only of the modulator part of the ADC assuming
that the decimation/filtering is performed off chip. An example to illus¬

trate this remark can be found in [31] in which a switched-current SA

modulator and a following decimator are described. Modulator and dec¬

imator are integrated on the same chip. Total area consumed amounts

to 6.1mm2, from which 0.5mm2 or 8% are used for the 1-bit modulator!

Therefore, published performance values, e.g. power and area consump¬

tion, resolution, have to be evaluated carefully.
The voltage-mode implementations reported in [3,5] and [3ft] include all

necessary elements of a complete SA ADC. [35] is a low power example
with a total power consumption of 2.7 mW with a resolution of 19 bits at

an output rate of 800 Hz. The ADC reported in [.*»!] shows a high output

rate of 2.5 MHz with a resolution of 16 bits at a power consumption of

550 mW. These two ADC are implemented in CMOS-processes with an

area of 19 and 35 mm2 respectively.
There are also several current-mode SA ADCs published. [37] gives a

tutorial discussion of switched-current implementations. Several modu¬

lators have been realized in CMOS-technology with area consumptions
from 0.26 to 1mm2, power consumptions from 2 to 40 mW, resolutions

between 9 an 11 bits and signal bandwidths up to 625 kHz.

In [*>>;] another switched-current implementation with a small area re¬

quirement is reported. Integrated in 0.8/zm CMOS-technology the 8-bit

modulator requires 0.18 mm2 of silicon with a analog input bandwidth of

8 kHz.
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^Q- H(f) ADC JIIH11

DAC

(c)

Fig. 2.10: (a) A-modulator and demodulator, (b) SA-modulator and de¬

modulator analog, (c) SA-modulator and demodulator digital.
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2.6.2 Comparison to Specifications

In terms of resolution and conversion speed SA ADCs are well suited

to the specifications outlined at the beginning of this chapter. Although
current-mode implementations have been demonstrated up to 11 bits only,
this would meet the requirements.
When considering the modulator of a SA ADC on chip and the decima¬

tor and/or digital filter off chip, e.g. in a following digital signal processor

(DSP), then the published implementations come close to our specifica¬
tions concerning area and power consumption. But with the necessary

digital operations on the same chip as the modulator, a single ADC im¬

plementation is not well suited for our specifications, especially when a

multichannel implementation is desired.

Therefore, only an implementation with off chip filtering can meet the

specifications, needing enough computational power for digital filtering

particularly with multichannel implementations.

2.7 Summary of General Analog-to-Digital Conversion

Principles

In this section the discussed general principles and architectures are sum¬

marized and compared to the specifications outlined at the beginning of

this chapter.

2.7.1 General ADCs

In Fig. 2 11 conversion rate vs. resolution for general ADCs is shown.

This figure does not give an exact guideline for the selection of an ADC

principle because many important factors, e.g. area and power consump¬

tion or process technology, are not considered. But it shows the limits of

performance in terms of speed and resolution, which can be achieved with

the different ADC principles, and the relation between them.

Generally, in terms of chip area, higher resolution and higher sampling
rate yield larger area. Higher resolution can be achieved with correction

schemes, e.g. to reduce the actual bits of resolution by comparing redun¬

dant output bits of successive conversion cycles. When implemented in
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hardware these schemes increase the die area significantly. With a simple

comparison of redundant output bits, the SNR can be enlarged by 3 dB

for an increase of 100 % of area. An example of a pipelined ADC with a

more sophisticated digital correction scheme can be found in [2 1].
SA-ADCs which can achieve very high resolution ranges, require also

large areas when highest resolution is needed and when the ADC is im¬

plemented with all the necessary digital circuitry, e.g. filters.

A possibility to achieve higher speed is to employ higher degrees of par¬

allelism as in flash converters. This also increases the area for the imple¬
mentation.

As a conclusion in terms of chip area it can be stated that architectures

with moderate resolution and conversion speed, e.g. twostep or cyclic

ADC, are smaller than ADCs with a highest resolution and low conver¬

sion speed or ADCs with low resolution and highest conversion speeds.

Rampfunction ADC can be an exception to this statement as they can

reach high resolution with limited area consumption. Although this is

achieved with lowest conversion speed.

2.7.2 Comparison to Specification

In Tab. 2.2 a summary between the characteristics of the discussed ADC

principles and the specifications for the desired ADC is presented.

Flash and two-step ADCs are designed for applications which require
fastest sampling rates as a primary design goal. Therefore, they lack

the necessary characteristics when compared against the specifications

regarding area and resolution. Also, pipelining is a principle to reach

higher throughput conversion rate in exchange to area. Although resolu¬

tions higher than 10 bits can be achieved, this principle is not considered

well suited to meet the specifications.

Successive approximation ADCs, which are used as general purpose con¬

verters, show characteristics with average performance level regarding

speed and resolution. Due to the complicated digital control logic, area

requirement is accordingly high. Algorithmic (cyclic) converters show

simpler control logic, which results in smaller area requirements. But if

a resolution greater than 8 bits is required, the area is increasing signif-
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icantly due to the precision needed when handling the analog signal in

the cyclic process In addition, each output bit has to be delayed until

the whole conversion process is finished Together with the rather com¬

plicated control logic algorithmic ADC, with the required resolution, lack

the needed simplicity for a multichannel implementation

SA ADCs are well suited when very high resolution is needed When

the resolution requirement is lowered, sampling rates of several kHz can

be achieved, which would meet the specification As with algorithmic

pipelined and successive approximation ADCs the digital logic, 1 e digi¬
tal filter, is substantial resulting in large area and difficult multichannel

implementation

Rampfunction ADCs integrate the input signal and therefore can be used

for very small input signal, most preferable current The implementation
is simple and does not require large digital control and processing circuitry

making them the most promising approach for the outlined specifications

Aspects regarding multichannel implementation are discussed in further

detail in chapter 5
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3. SWITCHED-CURRENT-LIKE (SIL)
ANALOG-TO-DIGITAL

CONVERTER (ADC) CONCEPT

In this chapter a new version of a ramp-ADC is introduced, which corre¬

sponds very well to the specifications outlined in section 2.1. The advan¬

tages of the proposed concept is described as well as its adaptability for

various applications.
The main converter stage exhibits a topology similar to a switched-current

(SI) memory cell. In contrast to normal use, this cell is operated in a dif¬

ferent mode. Therefore, this ADC concept is named switched-current (SI)
like ADC (SIL ADC).
The SIL ADC includes a rampfunction type ADC core as well as a tran¬

sistor input stage. The single transistor stage is used to integrate and

amplify the input current resulting in simple and area-effective designs.

Although the transfer function of the transistor is not linear, inherent lin¬

earity of the conversion is achieved by a constant transistor voltage swing
and correlated double sampling (CDS).
Even though the output of the ADC are digital samples, the SIL ADC is

not a conventional sampling ADC with a sample & hold input stage. The

input signal is processed in a continuous way and the output is based on

a measurement of time during this process. The term sampling has to be

understood in terms of the repeating measurement character of the SIL

ADC.

The circuit is well suited for highly integrated sensor systems due to its full

compatibility with digital CMOS-technology and low area requirements.
The current-mode design allows low-voltage operation and wide dynamic

range. This is shown by the implementation example at the end of this
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section with a dynamic range of > 145dB.

3.1 Architecture

The block and the associated timing diagram of the SIL ADC circuit ar¬

chitecture is shown in Fig. 3.1. As mentioned above, the converter works

in the current domain and therefore the input signal is a current. The

integrator and amplifier stage, which is shown in more detail in Fig. 3.2,

basically consists of a single transistor Tmt with its gate-source capaci¬
tance used as the integration capacitance Clnt. At first, the voltage over

Cmt is reset by closing switch S\ to the initial voltage, which corresponds
to the gate-source voltage of Tmt such that Iq is flowing entirely through

Tmt. This process is similar to the read-in phase of a switched-current

memory cell. After the opening of switch S\, the input current im is in¬

tegrated on Clnt resulting in decreasing charge qmt on Clnt. Assuming a

invariant transfer function of transistor Ttnt, the charge qmt determines

the output current imt

imt = I(qmt)- (3.1)

This output current imt is processed by a window current comparator and

a counter, which measures the time At between the crossings of imt with

current level irefj and current level iref2 of the comparator. A constant

output current difference Aimt = iref2 — irefi combined with (3.1) yields
a constant charge difference Aqmt on Cmt

ilndt = Aqmt = const. (3.2)
At

The measurement time At for a constant input current im (3.2) yields

To calculate the output current imt in function of the input current im,
the transfer function of Tmt is linearized at the operating point Iq and a

small-signal analysis is applied to determine the constant Aqtnt in (3.3).
Although the transfer function of Tmt is not linear, this calculation is
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Input and Bias
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Integrator and

Amplifier Stage

Offset Compensation
Stage

Fig. 3.2: Simplified equivalent circuit of the integrator and amplifier stage

of the SIL ADC. With the optional offset compensation stage

clockfeedthrough (CFT) errors can be eliminated.

carried out to show the function of the concept. Later in this section it

will be shown, that the concept is inherently linear and the nonlinearity
of Tmt does not come into effect. Using

1-mt

Cm.t
(3.4)

for the small-signal integration voltage vmt with qmt as the small-signal

charge, Aqlnt on Clnt becomes

Aqtnt =
9m

(3.5)

where gm is the transconductance of transistor Tmt at the operating point

Iq. Assuming a constant input current im the voltage vmt becomes a

linear voltage ramp and the output current signal imt a linear current

ramp according to

'Hnt
Cln*

(3.6)
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Ultralow input currents require a superimposed bias current Ib (is =

im+Iß, see Fig. 3.2) such as the current imt crosses both comparator levels

of the window current comparator within the maximum measurement time

(given by the application requirements), even for itn =0. This enables

also a zero input current calibration, which is applied alternatively with

the signal measurements. (3.3) then yields

At=.,A;-; (3.7)
(*m + -Lb)

and the ratio ^ can be determined by two time measurements:
Ib

(").' Atn - At,

In Atr.
(3.8)

Atn and Atm correspond to At measurements with Ib only and im + Ib

respectively. Calibration and conversion tasks can be performed with the

digital signal processing stage, e.g. to adapt measurements of different

channels in an array configuration.

Parameter variations of the integrating transistor Tlnt (e.g. changing trans-

conductance due to temperature changes) can be compensated by the

periodic comparison with a zero signal or reference signal measurement.

The nonlinear transfer function of Tmt does not come into effect, because

the time measurement by the window comparator corresponds to a fixed

charge difference Aqlnt on Clnt independent of the input current. This

results in an inherent linearity of this ADC concept.

However, this is only true as long as Aimt and the transfer function across

Tmt do not change between the two measurements and therefore guarantee

the same Aqmt (3.5). This can be achieved when the output conductance

from transistor ï\ in Fig. 3.2 is very high to maintain a invariant transfer

function from the input current im to the measured time At even when

the voltage at the output node is varying. To keep the output conductance

as low as possible Tmt, T2 and the current sources in Fig. 3.2 can be built

as regulated cascode circuits [12] to enhance their output impedance. De¬

tailed investigations of cascode circuits were reported in [ = '»]. They show

an increase in output conductance greater than 4 decades of a regulated
cascode circuit in comparison to a single transistor. In addition to an
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increase of area consumption the saturation operating area of a regulated
cascode circuit is smaller compared to a single transistor. In our appli¬
cation this reduction is not critical due to small-signal changes only of

Vint-

An important feature of the concept is the use of the CDS technique.
The output current ramp of the integrator and amplifier stage is fed into

a window comparator which outputs start and stop signal for the output

counter. When the current ramp crosses the nonzero lower level of the

comparator the start signal for the counter is generated and when cross¬

ing the higher level the stop signal is passed to the counter. In a single
level comparator only the stop signal for the counter is generated. The

start time would then be identical with the end of the reset phase of the

overall timing and error sources which change randomly the start level of

the current ramp would affect the measurement.

CDS is described extensively in the literature although not with the mea¬

surement of time for crossing two given signal levels but rather with the

measurement of signal changes between two given time points. This is

the case due to the asynchronous output of measurement data to the next

processing stage when the measurement time is not predetermined. Ad¬

ditionally, the measurement of a signal, which is in most cases voltage,
can be performed using standard ADCs. In the SIL ADC concept CDS

with fixed signal levels assures that in every measurement cycle the same

amount of charge is integrated in the integrating capacitance. This en¬

sures linearity with varying input currents. When CDS with fixed time

difference would be employed, the integrated charge would vary from mea¬

surement to measurement according to the input current and introduce

the nonlinearity of the integrating gate-source capacitance.

A source of error of the measurement start point is clockfeedthrough

(CFT). CFT of the reset switch S\ produces an offset in the voltage

ramp vmt and the current ramp imt after resetting. As long as this offset

and the resulting start-level of the output current imt are not larger than

the lower level irefj of the following window comparator this imperfection
does not affect the accuracy of the measurement.

Measurements show that the CFT of minimal sized switches (0.6 /jm
CMOS-technology) is not critical when the integration capacitance Clnt is

larger than 3pF. The offset voltage with an integration capacitance Cmt
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of 3pF was measured at 10 mV (switching voltage 3.6 V). According to

QcFT = UcFTCint (3.9)

the charge Qcft, which is pushed out from the reset switch S\ to the

integrating capacitance Cint, results in 30 fC.

The minimal integration capacitance Cint, which could be designed, would

be the gate-source capacitance of a minimal sized transistor and yields
1.5 fF. Due to parasitic capacitances of the integration technology the

practical minimal integration capacitance is in the order of 10-50fF, de¬

pending on the layout. The practical minimal integration capacitance
when CFT is considered, yields 200 fF in this technology, when the switch

is controlled with a reduced voltage (2.5 V) and an CFT error of 100 mV

is tolerated.

If the CFT has to be reduced due to a small output dynamic range or

a smaller integration capacitance, dummy switches as well as offset com¬

pensation stages [2s] as shown in Fig. 3.2 can be employed.

3.2 Noise Analysis

The performance of an ADC can be defined by several characteristics.

Most important are the resolution and the dynamic range which corre¬

spond to the precision an input signal can be converted and at which

minimal and maximal magnitude of the input signal this can be achieved.

In this section the noise sources of the SIL ADC, which affect the infor¬

mation carrying signal, are reviewed and quantitatively described. Other

performance characteristics as speed, power and area consumption of the

ADC were discussed in this chapter qualitatively and are discussed further

in conjunction with the two implementations of the SIL ADC concept in

chapters 5 and 6. The noise analysis is carried out as follows:

1. Each noise source is evaluated separately. A noise equivalent input

current im neq
is calculated for each noise contribution, which is the

according noise signal referenced at the input of the ADC.

2. With itn neq
and the input current itn the signal-to-noise ratio (SNR)

of the corresponding noise source is determined.
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The analysis is only valid with following definitions and prerequisites:

• The analysis is based on the relation between noise and signal power,

i.e. spectral noise power densities are multiplied with their noise ef¬

fective bandwidths and then processed further. Spectral information

of the results is lost and is not considered in this analysis.

• The measurement time At is assumed to be constant with a constant

input signal, although it varies due to noise. This can be assumed

as long the time variations due to noise are much smaller than the

measurement time, i.e. for high SNRs. For low SNRs, numerical

simulations are carried out in chapter 4.

• The noise on the input current of the window current comparator

(imt) is transferred to an equal noise of the measurement time At.

This assumption is verified numerically in chapter f.

• The SNR is defined as (RMS for root-mean-square)

SNR = 20logwt9nalRMS- (3-10)
NoiseRMs

• The input current im is assumed to be noiseless.

The minimum detectable signal (MDS) is defined in [ 1 i] and [ 1 >] as the

RMS equivalent input noise, which corresponds to a SNR of 1 i.e. OdB.

Although a signal with a SNR smaller than 1 can hold retrievable infor¬

mation when either signal or noise show known characteristics, e.g. dif¬

ferent spectral structures, this is not applicable in general. Assuming

equal bandwidth for noise and signal and unknown spectral composition
of these signals (i.e. white spectral composition), a SNR of 1 indicates

the lowest signal which can be processed. Because the noise bandwidth

is usually larger than the signal bandwidth, and some information about

the spectral composition of the signal is available, the determination of

the MDS with a SNR of 1 is more stringent than in reality.

In Fig. 3.3 the noise sources are inserted in the block diagram of the SIL

ADC concept.

inb is shot noise that arises from the bias current Ib- The assumption
that a current can be generated carrying shot noise only is discussed in
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the next section.

Generally, the spectral power density i2sn of shot noise is constant over

frequency (white noise) and equals

'sn«„ = 2ei (3.11)

with e as the elementary charge and i as the signal current. Together with

the noise effective bandwidth Bs the effective noise current is is calculated

according

is = \j2eÀBs. (3.12)

This equation is valid until the frequency becomes comparable to 1/t,
where t is the carrier transit time through the depletion region of the

according junction.
In our application and in most practical electronic devices, t is extremely
small and 3.11 is accurate well into the gigahertz region [1 I]. Shot noise

is generated by random crossings of carriers across a junction, even when

the averaged current over the junction is constant. This is referenced as a

Poisson process, which adheres to the Poisson probability distribution [16].
When a large number of carriers is considered, the Poisson distribution

can be approximated accurately by a Gaussian distribution [17]. Further,
the standard deviation of the Poisson distribution is the square-root of

the medium number of events observed. In the case of integrating a shot

noise affected current in a capacitance, the standard deviation a (noise)
yields to

H (3-13)
e

With i as the integrated current, At the integration time and e the ele¬

mentary charge. This is the standard deviation in number of events, in

this case charge carriers collected.

With 3.12 this standard deviation a can be expressed also as

e

Here, the number of charge carriers is calculated with the integration of

the shot noise current is over the measurement time At. Although not

used for the further analysis, Bs can be calculated with 3.13 and 3.1 I

Bs = —T--
(3.15)

2At
v '
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With 3 13 and with the integrated charge «At as the signal, the SNR

results in

«At /«At
SNR = = \ =a. (3.16)

a V e

The voltage difference Avmt on the integrating capacitance Cmt within

one measurement can be calculated as

(im + IB)At
Avmt = —

, (3-17)
Ctnt

with the bias current Ib-

With equations 3 16 and 3 17 the noise equivalent input current im neq

due to shot noise of the bias current can be calculated according to

_

J ncpselBJtin + Ib)
,qlo\

I'm neq
~

\ \ n
' (O.I.O)

y ^'UmtCmt

ncDS is an integer which indicates how many times the noise affects the

measurement, e.g. when the output current ramp of the integrator and

amplifier stage crosses the lower and upper level of the window comparator
the noise power is doubled and therefore ucds equals 21.

With the input signal im the corresponding SNR at the input then results

in

SNR =
-^- =ttJ ^ tC^~_

(319)
'I'm neq \j nCDSelB^tn + Iß )

The integrating and amplifying transistor Tmt with the transconductance

gm adds thermal channel noise ing

i-ng = \j^akTgmBc (3.20)

with a for the noise factor of the amplifying field effect transistor (FET), k

the Boltzmann constant, T the absolute temperature and Bc as the noise

effective bandwidth. The noise effective bandwidth Bc is determined by

1 In this respect shot noise is different compared to other noise contributions Ac¬

cording to -> 1 i shot noise is dependant of the integrated charge q = lAt There¬

fore, the exact ucds would be smaller than 2, because the lower level of the

window comparator corresponds to a smaller integrated charge than the upper

level
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the bandwidth of the following comparator. As in the literature, a is

normally assumed as |, which is used also in our case. In higher order

models a can vary slightly dependant on the variation of the depletion

region charge along the channel [;s].
At the gate of the amplifying transistor this results in a noise voltage vng

UakTBc
Vng = \ -• 3.21

With the general relation of an current i integrated in a capacitance C

over a time-period t

.

_

Cv
% ~

T~

small changes (noise) of the voltage Av result in a Ai of

(3.22)

Ai = —Av = —Av. (3.23)
ov t

In our case t equals the measurement time At

At =
CmtAvmt

(3.24)
'Hn

and C equals Cmt. With 3.23 and 3.24 the noise equivalent input current

im neq
for the thermal noise of the amplifying transistor results in

and

(3.25)

SNR=-^-=AvtntJ a—
. (3.26)

ncDs4^akTBc

The noise inc in Fig. 3.3 originates from the comparator and is approxi¬
mated with the thermal noise of the input current mirror of the compara¬

tor. This assumption is reasonable as long the transconductances g of the

transistors in the input current mirror of the comparator are significantly

larger (> 4 times larger results in < 3 dB SNR error) than the transcon¬

ductances of the transistors in the following stages of the comparator.
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This is due to the thermal noise dependency of the transconductance g.

The transconductances g of the input current mirror have to be designed
as large as possible to keep the input voltage stable over the input range

of the current.

The noise equivalent input current of a single stage current mirror is cal¬

culated in appendix A. Equal to the calculation of the noise equivalent

input current of the thermal noise of the integrating and amplifying tran¬

sistor Tmt, the noise calculation of the comparator noise is performed.
With 3.23, 3.21 and appendix A the noise equivalent input current ilnneq
for the thermal noise of the comparator results in

1 /
A ,^„901(901+902) . ,,07,

IncDS^akTBc im (3.27)
L±Vint9m y 9c2

with gci and gC2 as the transconductances of the transistors of the input
current mirror of the input stage of the comparator and the noise effective

bandwidth Bc of the comparator. The according SNR result in

SNR =
-^—

= Avmtgmt / -. r. (3.28)
We, \J ncDS4akTBcg»^>+g^

{ '

9c2

inf in Fig. 3.3 denotes low-frequency noise whose power spectral density
is inversely proportional to the frequency. This noise is referred to as

1/f-noise. Also other terms can be found in the literature e.g. flicker or

contact noise.

Due to the fact that 1/f-noise varies heavily with different processing

technologies and that no conclusive theory has been settled to describe

1/f-noise, it is necessary to carry out noise measurements to determine the

magnitude of the 1/f-noise. In this work the single 1/f-noise coefficient

Ntf is used which has to be determined experimentally e.g. as in [ !<•].
The noise current power spectral density ïj equals

ij = ^ (3.29)

with Ntf as the 1/f-noise current coefficient and / as the corresponding

frequency. This expression accounts for the total 1/f-noise contribution of
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the system referred to the input of the comparator including 1/f-noise from
the comparator itself with the noise effective bandwidth Bc. According
to [*">•'] this yields to an approximation of the RMS noise current in/2 after

correlated double sampling of

inf « v/jV,/[H-21n(4BcAt)]. (3.30)

When an error of less than 1 % of this approximation is tolerated, BcAt

must be larger than —.

The corresponding noise equivalent input current im neq
is calculated equal¬

ly as the noise contributions ing and inc with 3.23 and 3.21 and results

in

itnneq « "T \/Ntf [1 + 2 hl( °—^ —)] im- (3.31)
L-^vnt9m V I'm

The SNR caused by 1/f-noise equals correspondingly

SNR = -^- «
Atttntgm

(3 32)
Itnneq /J\T [1 l O ln( 4:B"C'nt Av"tt )1

The noise contribution Dnc in Fig. 3.3 origins from the digital quantization
of the time measurement. With (2.5) and tres as the timing resolution of

the counter the RMS noise in time t„r »#? can be calculated as

V^B^tres
(333)

'12

This time jitter can be converted into a equivalent noise voltage vgate neq

at the gate of the amplifying and integrating transistor Tt%nt

''%n°ne ejj /q oa \
vgate neq

—

~7^ ' yä.ä/±)

Cmt

Together with 3.23 and 3.2 1 the noise equivalent input current iinneq and

the resulting SNR then are

_

i%n \fn~GDS^res
AvmtC\nt a/12

and

(3.35)

SNR =
-^-

=

AvmtCmt vlg
. (3.36)

I'tnneq ^va y^GDSlres

2 The singularity of flicker noise with / —> 0 is cancelled by CDS, which attenuates

noise with / —> 0 (see next chapter).
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3.2.1 Bandwidth

The bandwidth of a system needs to be equal or larger than the band¬

width of the signal to be processed in order to provide adequate signal

propagation. Noise contributions in an electronic system are limited by
the noise effective bandwidth of the corresponding node. Therefore, the

bandwidth of the system is limited ideally to the maximum signal band¬

width to avoid any unnecessary noise contributions.

When the gap between signal bandwidth and noise effective bandwidth

is too large, the noise effective bandwidth has to be limited. This can be

achieved by filters or is given in an implemented circuit by the impedance
of the corresponding node, which can be approximated by a first-order

low-pass filter.

In the SIL ADC concept simulations show [ >rl] that an analog bandwidth

B of four times the maximum ramp related bandwidth, which is the sam¬

pling frequency, is required to guarantee a ramp signals during 68% of

the rising slope (measurement phase) with an error of less than l %:

B^—^—. (3.37)

In an implementation a trade-off between excessive noise and the expense

of a bandwidth limiting circuit has to be discussed.

Noise calculations require a noise effective bandwidth Beff which assumes

an abrupt transition from the passband to the stopband. Because this is

not the case in a real implementation a correction factor is introduced.

According to [il] the relation of the first-order low-pass bandwidth B,
which is effective in the implemented SIL ADC, and the ideal noise ef¬

fective bandwidth Beff, which is used for the noise calculations, is given

by

Beff = \B. (3.38)

3.2.2 Averaging

Due to the measurement of the time in which the ramp current from the

integrating and amplifying transistor crosses two fixed signal levels, the

time slot for one measurement cycle has to be adapted corresponding to
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the longest measurement time which can occur. Hence, the longest mea¬

surement time corresponds to the minimum input current, which can be

processed.
With the bias current superimposed to the input current the crossing of

both comparator levels and the output of a valid sample is guaranteed
even when the input signal is close to zero. In Fig. 3.4 this measurement

situation is depicted in the upper part of the figure.
In the lower part of Fig. 3.4 a multi-measurement of the same input sig¬
nal is shown. With high input signals the measurement time for one

measurement is much shorter than the available time slot. Therefore,

multiple measurements of the same input signal can be performed.
The measured time values Atn within one time slot can be averaged ac¬

cording to

<-*!'
avq

m
n=l

- J2 A*„ (3.39)

with m as the number of measurements within one time slot and At as

the measured time of a single measurement

m=—
.

3.40
At

v '

The overhead time, which is necessary to manage the multiple measure¬

ment, is neglected. Although m is an integer in reality, it is treated as a

real number in this work.

According to [ » 1 ] or [• '] the variance of of multiple measurement series

with individual of, i = \..n is

vlg = (-)(vl+V22 + - + Vr)- (3.41)

In our case with equal variances of = a2 the resulting variance of equals

2

°lvg = — (3-42)

Consequently, with the use of averaging the noise equivalent input current

im neq
is reduced and the SNR is increased with a factor of ^/m^.

lm neq /„ ,„n

'Hnneqavg /— [o.'ioj

and

SNRavg = SNR^iK. (3.44)
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ramp signal

high level

low level

high level

low level

J .

1 ^^ 1

- ~~ —' 7

\l i

/
- - / i- - /

! ' ' Ali

Ah

maximum time slot 2\tm

3 4 Output signal of the integrator and amplifier stage as in Fig. 3 1

with two different input signals.
In the upper graph a low input signal is applied to the input of

the integrator and amplifier stage, thus resulting in a less rapidly

rising ramp signal. The measured time Ati is almost as long as

the maximum time slot for one measurement.

In the lower graph the input signal is much greater. Therefore,
the output signal of the integrator and amplifier stage is a more

rapidly rising ramp signal. The measured time At2 can be mea¬

sured multiple times and at the end of the time slot an averaged
value At2 aVg

with a higher SNR can be processed.
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3.2.3 Total Noise

The total noise of this system can be calculated from the single noise

contributions introduced in the previous section. When the noise sources

are not correlated, which is the case in our discussion, the noise equivalent

input currents can be summarized in im neq total according to [ 1] and [ ]
in

'm neq total
=

, / / _,
%m neq„ (3.45)

y n

The resulting SNRtotai equals to

SNRtotal =
l

i

. (3.46)

Y^n SNRn

For the calculation and display of the different noise sources and the total

noise of this cocept a software tool based on Microsoft Excel is used in

this work. The tool is called Photolist and was developed by Loeliger [50].
Although it is designed for Integrating Sampled-Data Photosensmg (IS-
DPS) systems, it can be used to analyze the performance of the SIL ADC

concept. An example can be found at the end of this chapter.

The noise analysis is essential for the performance of the implemented cir¬

cuit, when designing an implementation of the SIL ADC. It gives guide¬
lines for the choice of the design parameters.

Important to notice is that the noise contribution caused by shot noise of

the bias current (and by the shot noise of the input current in ARSENIC)
is given by the accumulated charge Aqmt = ('hn +Ib ) At according to 3 13

(with i = im + Ib ) This noise is characterized by the Poisson process and

is not influenced by electronic circuitry. All following noise contributions

can only decrease the performance, if their noise contribution is higher
than 3 13. Therefore, the design parameters must be chosen accordingly.
The trade-off between measurement time, SNR and resolution must be

carefully evaluated. Longer measurement time At results in more accu¬

mulated charge in the integrating capacitance Cmt yielding lower noise

hnneq- The transconductance of the integrating and amplifying transis¬

tor as well as the integrating capacitance, which is the gate-source capac¬

itance of this transistor, are also important design parameters. Larger
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capacitance results in lower sensitivity but can prevent excessive CFT.

For a given voltage swing over the integrating capacitance more charge is

needed when employing a larger capacitance which results in longer mea¬

surement time. Thermal noise in the integrating and amplifying transistor

can be reduced with smaller transconductance. The drawback of the re¬

duced amplification is longer measurement time.

In the digital domain the trade-off is between counter frequency and width

of the counter. Larger frequency yields in higher resolution and less quan¬

tization noise but results in larger width of the counter when measurement

time is held constant.

As a conclusion for an implementation of the SIL ADC, the measurement

time can be traded-off for better performance and vice versa.

3.3 Bias Current

As described in this chapter the technique of the SIL ADC concept is

based on the measurement of a time interval in which an input dependent

ramp signal crosses two fixed detection levels. Without a bias current this

ramp signal would have a slope of zero if a zero input signal is applied.
This would result in an indefinite time measurement giving no conversion

value.

With a bias current, which is superimposed to the input signal, a minimal

slope of the ramp signal is guaranteed, giving a conversion value even when

the input value is zero. This can be seen in Fig. 3.5. The magnitude of

the bias current Ib is chosen ideally as

Ib = -^ (3.47)

with Aqmt as the charge difference on Cmt and Atmax as the maximum

measurement time.

When a bias current is introduced, the noise equivalent input current

imneq and the corresponding SNR of the different noise contributions

must be adjusted. The noise equivalent input current itnneq and the

corresponding SNR without bias current can be expressed with

(3.48)
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where a is given by the different noise contributions as calculated in 3 2.

The SNR can then be expressed as

SNR=-^ =
-. (3.49)

I'tn neq
^

With a bias current introduced the noise equivalent input current im neq

and the corresponding SNR change according to

*m neq
= (h,n + Iß )« (3.50)

SNR=-^ = -

%m
. (3.51)

I'tn neq
^ Hn > + B

In the implementation ARSENIC ,
which is described in chapter 1, Ib

equals approximately 40 pA, which is < 0.1 % of the full input scale of the

ADC.

3.3.1 Weak Inversion

The motivation to operate a MOS-transistor in weak inversion, also called

the subthreshold region, for bias current generation results from the dif¬

ferent noise properties when compared to a transistor operated in strong

inversion.

In Fig. 3 6 the transistor, which introduces the bias current in the SIL

ADC concept is shown. The bias current Ib is added to the input signal.
The noise introduced by the bias current is processed in the same man¬

ner as the input signal itself and determines the overall performance to a

great extend. Therefore, it is important to reduce the noise of the bias

current below the noise of the input signal. This can be achieved when

the transistor for bias current generation in Fig. 3 6 is operated in weak

inversion.

A current, which flows through the channel of a field-effect-transistor

(FET), is affected by thermal channel noise as long as the FET is not

operated in weak inversion. The power of the this thermal noise current

in equals the power spectral density multiplied with the noise effective

bandwidth and yields

i2ng = 4akTgmBn (3.52)
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ramp signal

4

high levé

low level

time slot

A4

At,

3 5 Output signal of the integrator and amplifier stage as in Fig i ]

resulting when different input signals with and without bias sig¬

nal are applied

Graphs l, 3 and 5 show different input signals without bias sig¬

nals Graphs 2, 4 and 6 the same input signals with superimposed
bias signals
Note that graph l shows a signal resulting from zero input sig¬

nal (no slope) and therefore, graph 2 is the result from the bias

signal alone Thus £2 corresponds to the maximum time which

can occur in the given time slot

Without bias signal, no conversion value of the signal with graph
3 could be evaluated even though the input signal is not zero

With superimposed bias signal £5 can be measured When the

input signal is large enough that the ramp signal crosses both

levels as denoted by graph 4, with the superimposed bias signal

te is measured instead of £4
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FET

Integrator and

Amplifier Stage

Fig 3 6 Schematic diagram of the introduction of bias current Ib-

with gm as the transconductance of the transistor, a as the noise factor of

the FET, k the Boltzmann constant, T the absolute temperature and Bn

as the noise effective bandwidth. Assuming the input current is shot noise

limited, this thermal noise of the bias current Ib is likely to be larger than

the noise of the input current.

When a FET is operated in weak inversion other relations for current,

transconductance and noise apply, which will be discussed briefly.

Strong inversion region of a FET is the case when minority charge carriers

form a conducting channel at the surface of the transistor. This occurs

when the gate to source potential vgs rises above the threshold voltage vt.

Weak inversion operation applies at the onset of strong inversion, i.e. when

the gate to source potential vgs is as high that the inversion channel is

starting to develop at the most heavily inverted channel end. The mobile

charge carriers concentration is very small. And even though the voltage

vgs is slightly lower than the threshold voltage vt, there is still current

flowing below the surface from drain to source. The drain current i^

is mainly due to diffusion. It is exponentially increasing with increasing

Vgs in contrast to quadratic dependence in strong inversion. Exact limits

between modes of operation of a FET are rather difficult to specify due

to the smooth transitions in between. A detailed analysis of FET modes

of operation can be found in [ > 1] and [ *].

In weak inversion the noise properties are also different. The current,
which is flowing through the channel of the FET, is not affected by ther¬

mal noise but by shot noise, because the current is controlled by a poten¬

tial barrier as Vittoz describes in [ *>]. Troutman and Chakravarti showed

in [ > I] that the dominant charge transport mechanism of the current flow¬

ing through the channel is diffusion, which illustrates that a FET in weak
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inversion behaves similar to a bipolar transistor, which also shows shot

noise of the terminal currents The most important difference between

a FET operating in weak inversion and a bipolar transistor lies in the

fact that carriers diffusing from source to dram at the surface of a FET

are effectively majority carriers, even though the inversion channel is just

starting to develop Therefore, they diffuse much further than their diffu¬

sion length as injected minority carriers in the base of a bipolar transistor

and weak inversion in a FET is possible even with very long channels

This fact is important later in this work, because long channels transistors

are used to generate the bias current Ib as shown in Fig ] * Addition¬

ally, the output conductance of a long transistor yields higher values,

proportional to j- in first order approximation, thus reducing bias current

variations with variations of the dram-source voltage (output voltage)
Larger transistor size is also beneficial for lower flicker noise because the

flicker noise power coefficient A^ at the gate is reduced with growing size

proportional to (g constant, see footnote)

Nvf ~ ^ (3 53)

with W and L as the width and length of the transistor
s

3.3.2 Bias Current Circuit and Measurement

To generate a bias current for the SIL ADC concept two circuits were

designed and evaluated They were laid out such that the current leading
transistors operate in weak inversion to achieve shot noise limited perfor¬
mance and low current levels (40 pA in ARSENIC

,
see chapter 5)

3 Flicker noise is represented equally in various transistor models in a first order

approximation Differences are higher order terms or correction factors according
to their respective level of complexity
On the gate side a geometry dependence of the flicker noise coefficient Nvf ~ tftt-

can be observed, which is independent of the biasing of the transistor On the

output side of the transistor the current flicker noise coefficient Ntf is dependent on

the operating point and therefore the geometry dependence can be expressed when

transconductance g, biasing current i^ag or fixed gate-source voltage vgao is held

constant This results in the geometry dependencies N,f ~ wr-(fl constant), N,f ~

72" (ldsO constant) and N,f ~ j^ (vgso constant) Flicker noise measurements of

the transistors used for the implementations in this thesis are depicted in Fig i
^

and discussed in Tab 1 1
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'noise [A/sqrt(Hz)]

1E-8

lds =1,2,5, 10,20,50, 100 HA

W/L=20/1 2 um

1E-13

1E0

— Theory
+ Measurements

f[Hz]

1E2 1E3 1E4 1E5

'noise [A/sqrt(Hz)]

1E-9
.

— Theory
ids =1,2, 5, 10, 20, 50, 100 hA + Measurements

f[Hz]
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'noise [A/sqrt(Hz)]
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f[Hz]

1E0 1E1 1E2 1E3 1E4 1E5

Fig 3 7 Measured flicker noise of transistors implemented in the 0.6 /jm

CMOS-process by AMS. Theory graphs are based on the

BSIM 3.3 model. The noise is measured at the output side of the

transistor with ids as a parameter. The measurements scale as

predicted with the noise power proportional to
j. inolse = /(*ds)

is modelled in the BSIM model with great detail and is described

inH.
Measurements are performed by AMS.
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Transistor size

(W/L) [Mm]

Measured flicker-noise

@ 10 Hz, ids =5/xA

[k/Vn~z]

L/1.2/xm Flicker-noise/
flicker-noise of

20/1.2/xm
transistor

20/1.2 105E-12 l l

20/20 9.2E-12 16.7 11.4

200/40 3.6E-12 33.3 29.2

Tab 3 1 Comparison of measured flicker noise of different transistors as

depicted in Fig. 3 7. The noise is measured at the output side

of the transistor and ids is held constant.

The noise should scale ~ j- in this case (right two columns).
The measurements show good correspondence to the theoretical

scaling.
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Ti

T,

y T

(a) (b)

Fig. 3.8: Two circuits used for bias current generation are shown with

Transistor T2 operating in weak inversion. Transistors T\ have

channel widths W of 12 /jm and channel lengths L of 1.2 /xm.

Transistors T2 have long channels of 18/xm and widths of 1/xm
which results in current ratios -is- of 1000.

In (a) a regulated cascode is used as the mirroring transistor

while in (b) an improved Wilson mirror is used.

Transistor T3, (W = 4.8/xm, L = 1.2/xm) is biasing the regulated
cascode.

In Fig. 3.8 two current mirror structures are depicted which were imple¬
mented with an approximate current ratio Jb^- of 1000. The input current

is generated with an additional mirroring transistor and a resistor.

The circuits are designed for the generation of bias currents between 10

and 50 pA. To assure that the output transistor T2 is operated in weak

inversion when the intended output current i),las is flowing, the transfer

characteristic of this transistor are analyzed in Fig. 3.9. Because the tran¬

sistor was not integrated separately, only simulations could be performed
to distinguish the regions of operation.
All three curves represent the same transistor transfer function with var¬

ious scaling of the y-axis. They share the linearly scaled x-axis with vgs

up to 1.5 V. [jj depicts the transfer characteristic with linearly scaled ids
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on the y-axis. 2 and 3 show ids scaled according to \fids and log(ids
on the y-axis.
When interpolating the linear part of the (quadratic) curve 2 to the x-

axis the threshold voltage vt of the transistor can be determined at 0.88 V.

At this gate-source voltage a drain current of 3.7 nA is flowing. Below this

drain current curve 3 shows a linear decrease of ids with decreasing vgs.

This corresponds to a exponential relation between vgs and ids, which is

characteristic in weak inversion.

The transition from weak to strong inversion occurs at the upper end of the

linear part of the logarithmic plotting of the transfer function. In Fig. 3 9

this is identified with a vertical line and corresponds to vgs = 0.88 V

(threshold voltage vt). At this gate-source voltage the drain current of

ids = 3.7 nA is well above the intended operating region and therefore

characteristics of weak inversion operation are applicable in the designed
bias current circuits.

Because these circuits are designed to provide a bias current for the SIL

ADC concept, the following stage is a capacitance which integrates the

bias current. This stage is also used to evaluate the performance of the

bias current circuits. This indirect measurement technique to measure

the noise is necessary, because a direct measurement of the noise is not

practicable due to the noise floor of the appropriate measurement equip¬

ment, which is several orders of magnitude higher than the noise to be

measured.

To determine if the noise measurement results of the circuits in Fig. 3 8

agree with the assumed shot noise characteristic, noise measurements have

to be compared with calculations.

As discussed in section 3 2 the stochastic arrival of charge carriers which

leads to shot noise are Poisson distributed. Therefore, the square root of

the number of accumulated charge carriers n, in the capacitance following
the bias current circuit, equals the shot noise SNR.

SNRshot = Vn~= sj^f- Î !(Ib) (3.54)

with Aqlnt as the accumulated charge

Aqlnt = CmtAVmt (3.55)

and with Avmt as the voltage difference on the integrating capacitance

Cmt
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Fig 3 9 Simulated transfer characteristics of the transistor used for bias

current generation. The transistor could not be measured due to

the integration of the circuits in Fig. 3 8.

Although these simulations are based on the BSIM 3.3 model

incorporated in the IC design tools from cadence design systems,

they represent the real transistor very accurately, even in weak

inversion.
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Thermal channel noise of the circuits in Fig. 3.8, if Transistor T2 would

be operated in strong inversion, is calculated as described in appendix
A. The thermal channel noise ithermai on the output side of the current

mirror results in

ithermai = \
UkTBm—— — (3.56)
V 91

with g\ and gi as the transconductances of the mirroring transistors and

with m as the number of transistors the bias current is flowing through.
Due to g\ >> gi the noise current is simplified to

ithermai = y/4:kTBmg2 (3.57)

Bandwidth B in 3.56 is calculated according 3.15 with

At =
AvmtCmt

(3.58)
Ib

and results in
1 Ib

B=—-=
A

B

„
. (3.59)

2At 2AvmtCmt

The output noise ithermai °f the bias current circuit then results in

\2kTmg2lB
Hhermal = \ -7 7^ • (3.60)

V AVmtCmt

The transconductance g2 is dependant on Ib- Due to weak inversion

operation the dépendance is (similar to bipolar transistors)

92 = ^f (3.61)

with Ut = — and m as a slope factor, which is dependant on process

technology and can be calculated according to [53].
Then, the corresponding SNR results in

SNRthermal = ^°— =

Av tCmtnUT

Hhermai V 2kl mg2

In Fig. 3.10 theory and measurement results of the circuit in Fig. 3.8 (a)
are shown. SNR versus bias current Ib and SNR versus time At, which
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Fig 3 10 Two presentation of the measured SNR from circuit 3 8 (a)
compared to theoretical calculations.

In (a) the x-axis represents the bias current, while in (b) the

x-axis indicates the time At measured. Note that longer mea¬

surement times correspond to smaller bias currents.

The relation between the two presentations is the constant

charge Q which is integrated for one measurement. It yields

Q = const. = IßAt = 4.48 pC. The integrating capacitance

Cmt is 3.7 pF with the voltage difference vmt = 0.121V.
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was measured with a SIL ADC based evaluation circuit, is presented.
The results of the theoretical noise calculation and measurement results of

the circuit in Fig. 3.8 (b) is compared in Fig. 3.] I. Flicker noise is assumed

not to introduce a relevant noise contribution in this example. This can

be concluded from the measured flicker noise diagrams in Fig. 3.7. With

a drain current ids of 40pA (bias current Ib) the flicker noise in the di¬

agrams of Fig. 3.7 is several orders of magnitude smaller than the noise

caused by shot and thermal noise. Furthermore, the measurements show

very good correspondence with the shot noise and thermal noise calcula¬

tions with no deviation, which could be attributed to the neglected flicker

noise.

The good agreement of the results with noise calculations is an indication

of consistency with the discussion of transistor operation in weak inver¬

sion. The measurements show higher SNR with very low currents (shot
noise) in contrast to lower SNR when the current would be affected by
thermal noise. The slight degradation of the SNRs with shorter measure¬

ment times is accounted to the evaluating measurement setup.

Measurements and theoretical noise calculations show that small current

generation can be performed favorably with transistors operating in weak

inversion. In the present implementation the transistors work in weak in¬

version up to currents of over 3 nA according to the simulation in Fig. 3.9.

3.4 Implementation Example

In this section an implementation of the SIL ADC concept is presented,
which is used as an initial verification of the theory. The usefulness of the

ISDPS software tool Photolist to calculate the noise contributions of the

different circuit blocks is also demonstrated.

The implementation was realized in an early stage of the development of

the SIL ADC concept. Therefore, different aspects of the implementation
do have some shortcomings, e.g. the noise of the available operational

amplifier is the dominant noise contribution in the implementation and

masks small input currents. Further, the implementation is not complete,
i.e. the complete implementation is not on one single silicon die. For the

implementation the l /xm CMOS-technology SACl from Philips was used.

Nevertheless this implementation reveals the potential of the SIL ADC

concept. The measured results are very promising and could be published



3 Switched-Current-Like (SIL) Analog-to-Digital Converter (ADC) Concept 67

' £ r -

' '

-

y<*

' - - - -

-*- Shot Noise Theory

x Measurements

-*— Thermal Noise Theory

1 E-10

Ib fA]

1 E-08

(a)

.,-.

'

# ft? >m*<•«• mr-

' ' ' '

' ' - ' ' ' ' '

' ' - ' ' ' ' '

-®— Shot Noise Theory

x Measurements

-&- Thermal Noise Theory

(b)

1 E-04 1 E-02

At[s]

1 E+00

Fig 3 11 The same presentation of data as in Fig. 3 10 but derived from

measurement results of the circuit shown in Fig. 3 8 (b)
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¥

Window

Voltage Counter

Comparator

Floating Photo- Integrator and Current-to-Voltage
current Source Amplifier Stage Converter

Fig. 3.12: Simplified circuit diagram of the modified SIL ADC concept

in [('»].

[1-].

In Fig. 3.12 a measurement circuit overview is shown. To the input a cur¬

rent source is connected, which generates a current proportional to the

light impinging on a photodiode. The voltage across the photodiode is

held at zero volts to suppress a dark current.

The output current ramp of the integrator and amplifier stage is converted

to a corresponding voltage ramp by a resistor and then fed to a window

voltage comparator, which is followed by a gated counter. The photocur¬
rent source and the integrator and amplifier stage were implemented on

the same die while resistor, comparator and counter were connected off

chip.
The potential of the output of the photocurrent source is determined by
the voltage at the gate of Tmt Because the voltage over the photodiode
is kept at zero volts by the operational amplifier, the anode and cathode

of the photodiode are floating, i.e. the potential of the anode and cath¬

ode is determined also by the gate of Tmt- The only floating photodiode,
which can be implemented in the AMS process technologies used, is a

p-diffusion/n-well diode (see Fig. 5.6) due to the fact that the substrate

is connected to ground by default. Furthermore, the p-substrate/n-well
diode, which is in parallel with the p-diffusion/n-well diode, is not kept
at zero volts and therefore introduce a leakage current, i.e. dark current,

as well as a varying capacitance parallel to Cmt- These nonidealities led

®lo

'
'

ttlt

*D
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to the development of an improved photocurrent source, which is imple¬
mented in ARSENIC and described in chapter 5

The integration capacitance Cmt, which is the gate-to-source capacitance
of Ttnt (W/L = 800/2), measures 4 96 pF and the voltage drop Avtnt °n

the capacitance Cmt is chosen to be 3 97 mV With the transconductance

gm of 12 6mS and the resistor R of 10 kil the voltage drop at the voltage

comparator is 0 5 V To calculate the noise contributions a noise effective

bandwidth Bn of l 57 MHz was identified by measurements1

Implemented in 1 /xm CMOS-technology from Philips, the photocurrent
source uses 0 05 mm2 of area and the integrator and amplifier section

occupies 0 0375 mm2

In Fig '» 1 ] the results of the performance calculation is shown The

graphs show the SNRs resulting from different noise contribution as well

as the overall SNR (l e 'Total Noise') in Fig ] 1 i)
Further, the SNR which is denoted 'Total Noise (AVG)' displays the over¬

all performance when repetitive measurements of the same input signal

during one time slot are performed as illustrated in Fig 5 f As the du¬

ration of one time slot the longest single measurement time (300 ms, see

Fig -*> 11) is used

The noise contribution denoted 'Photodiode' accounts for the shot noise

which accompanies the input current generated by the photocurrent source

Besides shot noise due to the photodiode, additional thermal noise of the

operational amplifier in the photocurrent source is considered It is calcu¬

lated according appendix \ Additional noise sources are thermal noise of

the integrating and amplifying transistor Tmt denoted 'Integrating Tran¬

sistor', thermal noise of the current-to-voltage converting resistor R and

1/f-noise from the photocurrent source The noise due to the quantization

of the counter (off-chip) is accounted for as 'Quantization Noise'

In this implementation the noise contribution of the operational amplifier
of the floating photocurrent source, l e the thermal noise of the input

stage, is dominant This contribution does not origin from a circuit block

of the SIL ADC concept, and does not limit the performance in general

4 The measurement of the noise effective bandwidth was performed using a pulse

generator at the gate of Tmt, which provided a voltage step The rise time mea¬

sured to reach vout en(j(l — e~Ttc) = 0 63vout en^ (with t = RC) at the input of the

window voltage comparator, equals the bandwidth u>n of an equivalent first-order

low-pass filter
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Fig 3 13 Calculated SNR contributions of the different noise sources of

the modified SIL ADC concept as depicted in Fig. 3 12.

The graph referenced as 'Total Noise (AVG)' complies with 3 11

and rises accordingly with 10 dB per decade.
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Fig. 3.14: Calculated overall SNR of the modified SIL ADC concept as

depicted in Fig. 3.12 compared to measurement results.

At of 1E-03 s corresponds to an input current im of 20 pA.

The operational amplifier used in this implementation was the only choice,
which was available in the AMS process technology, and was replaced with

a different amplifier later on, which is better suited for further implemen¬
tations. With the replaced operational amplifier and adjustments in the

design parameters, e.g. larger Avmt (see appendix A), the amplifier is not

the limiting noise source in the implementation ARSENIC, which will

be introduced in chapter 5.

An additional noise contribution origins from the source, which provides
the input current. For the noise analysis of the SIL ADC the input current

was assumed to be noiseless. For an implementation this noise contribu¬

tion must be considered in addition to the noise contributions of the SIL

ADC.

In this example the input current is provided by a photodiode, which

causes shot noise and can be seen in Fig. 3.13. The shot noise caused

by the photodiode is calculated in the same way as the shot noise con¬

tribution of the bias current. In this implementation the bias current is

omitted.

In Fig. 3.1 f measurement results of the circuit presented are compared to

the overall SNR calculated in Fig. 3.13.

Very good correspondence between measurements and theory can be ob-
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served

The lowest current, which equals the dark current of the photocurrent

source, was measured at 66 fAr resulting in a measurement time of 300 ms

With a measured maximum input current of 20 nA, which corresponds to

a measurement time of 1 /xs, a dynamic range of 110 dB is achieved

The lowest current measured (66 fA) shows a SNR of 37 dB, which cor¬

responds to a noise current of 1 fA If a bias current of 66 fA is applied,
currents down to 1 fA could be processed At the lowest input current the

SNR would then result in 0 dB while the dynamic range could be enlarged
to ff£ > 145 dB

3.5 Conclusions

Starting from the specifications (section 2 1) of a special application for

ADCs, a new ADC concept is introduced, which is based on the ramp

ADC principle It is named switched-current-like (SIL) ADC concept due

to its switched-current memory cell in the mam converter stage

The specifications outlined are specially demanding in terms of minimum

input signal, dynamic range, area and power requirements When review¬

ing general ADC principles, rampfunction and SA-ADC are considered

best suited to meet the specifications However, when a SA-ADC is in¬

tegrated with all necessary signal processing units, e g digital filtering,
the area requirements are larger than a comparable rampfunction ADC

architecture Together with only moderate resolution requirements and

better suitability to process very small current input signals, a rampfunc¬
tion architecture was selected

A very large dynamic range is achieved by the changing resolution from

minimum to full-scale input current It is demonstrated in a first imple¬
mentation example to be HOdB Combined with a bias current, it could

be enlarged to > 145 dB

The integration of the input current on the gate-source capacitance of a

FET, giving a output with linear dependence on the input current, regard¬
less of the nonlinearity of the gate-source capacitance, is a special feature

of the SIL ADC concept Because no linear capacitances are needed the

5 This dark current could be reduced when the anode and cathode of the photodiode
is kept at zero volts, in contrast to the floating potential in this design
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process technology can be simpler, i.e. no double poly option is neces¬

sary. Further, the gate-source capacitance can be implemented one to

two orders of magnitude smaller than the capacitance of a conventional

integrator, resulting in very high sensitivity.
Due to the simple conversion, the proposed concept is very suitable for

multichannel implementations with multiple independent ADCs on the

same silicon die.

To enlarge the dynamic range and to guarantee an output value even with

very low input signals, a bias current can be introduced. Two bias-current

circuits are proposed to provide bias signal at the input of the converter.

It is shown theoretically and by measurements that the bias current ex¬

hibits shot noise, which results from the operation in the weak inversion

region of the main transistors in these circuits.

The performance of the SIL ADC concept is determined by the noise

sources associated with the different circuit blocks and the dimensioning
of the design parameters like the size of the integrating capacitance Cmt

or the counter clock frequency. It is important to notice that the SNR

due to shot noise given by the Poisson process (amount of accumulated

charge carriers in the integration capacitance Clnt) is not influenced by
electronic circuitry and all following noise contributions can only decrease

the performance, if their noise contribution is higher than 3.13.

The main trade-off is between measurement time and performance (reso¬
lution, sensitivity). Lower speed and higher performance and higher speed
with lower performance can be exchanged, e.g. with averaging.
Limits are given by the properties of the used process technology, e.g. noise,
transistor parameters or leakage currents.

To demonstrate practically the SIL ADC concept, an example of an imple¬
mentation is presented. The performance was predicted and compared to

actual measurements. The measurements show very good correspondence
with the predicted performance with thermal noise of the operational am¬

plifier in the photocurrent source as the dominant noise source of the SIL

ADC concept in this specific implementation. The lowest current mea¬

sured (66 fA) shows a SNR of 37dB, which corresponds to a noise current

of l fA. With a measured maximum input current of 20 nA, a dynamic

range of HOdB is achieved.

As shown by this example the SIL ADC concept is very well suited to

meet the specifications outlined in section 2.1. The simple and area effi¬

cient design can process very small input signals with high resolution and
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dynamic range.



4. NOISE TRANSFER

CHARACTERISTICS OF

CORRELATED DOUBLE

SAMPLING (CDS)

This chapter analyzes aspects of correlated double sampling (CDS) with

special emphasis on noise propagation

CDS is an important signal processing technique in the SIL ADC concept

In contrast to most of the applications found in the literature, CDS in

the SIL ADC concept measures the time difference At when the signal

passes between two fixed levels, instead of measuring the signal difference

between a fixed time interval1 CDS suppresses varying reset errors as

well as low frequency noise as its mam benefit

Mam goal of this chapter is to verify the basic assumption made in chap¬
ter 3 that amplitude noise on a ramp signal is transferred into time noise

of the time measurement, when the ramp is processed with CDS with

fixed signal difference, 1 e (SNR for signal-to-noise ratio)

SNRamphtude = SNRAt (4 1)

As an introduction, the double sampling technique is compared to single

sampling and two possible double sampling schemes are discussed These

are double sampling of time when the signal passes a fixed signal differ¬

ence and double sampling of the signal levels at two fixed times

1 With fixed time difference the output data rate is regular, although this is not

crucial in most applications Furthermore, common system structures (micropro¬
cessor and discrete ADCs) permit a simple implementation of CDS with fixed time

difference
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An overview of noise propagation of CDS is given in Tab. 1.1 followed

by further investigations, i.e. simulations with a deterministic harmonic

distortion and bandwidth limited white noise superimposed on the signal

ramp processed by CDS. It is shown, that a deterministic harmonic dis¬

tortion (single frequency) cannot simulate noise, neither broadband noise

nor very narrow bandwidth limited noise.

The suppression of low frequency bandwidth limited white noise is demon¬

strated and quantified with simulations. Simulations of the transfer of

high frequency noise by CDS, with either fixed signal or fixed time dif¬

ference, are performed. Additionally, the suppression of deterministic

harmonic distortions (frequency 3> ^t, with measurement time At) by
CDS with fixed signal difference is demonstrated.

In section 1.1 the noise transfer from amplitude noise to the variations

of time measurements, when the ramp crosses two fixed signal levels, is

experimentally verified.

Finally, properties of integrated bandwidth limited white noise superim¬

posed to a ramp signal are investigated with simulations in section 4.5.

4.1 General Considerations

In the following calculations and simulations the input signal, which is

processed by CDS, is a ramp signal. This ramp is considered constantly

increasing, which corresponds to a stable input signal during the measure¬

ment period. If the input signal changes during the measurement process,

the output of the CDS is an averaged value, from which only conclusions

of a corresponding constant signal can be drawn.

4.1.1 Single versus Double Sampling

In Fig. 1.1 a graph of the double sampling technique is shown together
with the corresponding graph of single sampling.
An advantage of double sampling in presence of a potential reset error e

is obvious. This reset error can be replaced by an error signal which shifts

the input signal ramp up or down, e.g. low frequency noise. As long as the

offset does not shift the input signal above the low level or as long as the

input signal reaches the high level during allowed maximum measurement

time, no error results with double sampling. This can be observed with
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equal measurement times Ati and At2.

With single sampling the reset error results in erroneous time readings

Ati and At2 as can be seen in the lower graph of Fig. -1.1.

4.1.2 Fixed Signal Difference versus Fixed Time

Difference

In all published papers on CDS known to the author, e.g. [5r>] and [57],
CDS is implemented to measure the signal difference Av between a fixed

time interval At. The cited papers provide calculations of the output

power spectrum of CDS and report different realizations of CDS. Further

they show that a sample and hold element does not change the output

power spectrum of CDS significantly. But they don't comment on CDS

where the time difference between a fixed signal interval Av is measured.

The technique of CDS with fixed time difference is depicted in the upper

graph of Fig. -1.2. In the lower graph of this figure CDS is shown with

fixed signal difference Av and varying measurement time At.

In the SIL ADC concept CDS with fixed signal difference is applied. Ad¬

vantages include simpler implementation of the time measurement than

the measurement of the signal, e.g. voltage. Further, CDS with fixed Av

is less susceptible to disturbances by deterministic harmonic distortions

than CDS with fixed At as listed in Tab. 4.1.

The output power spectrum of CDS with fixed time interval At can be

calculated with the transfer function G(u>) of CDS, which is the Laplace
transformation of the output signal y(t) (see Fig. -1.3)

y(t) = x(t) - x(t - At) (4.2)

G{w) = 1 - e-juAt (4.3)

with x(t) as the input signal. With the transfer function G(u>) and the

input power spectral density Sx(u>) the output power spectral density

Sy(uj) in a linear system yields

Sy(u;) = \G(u;)\2Sx(u;). (4.4)

Together with (4.3) the output power spectrum density Sy(u>) of CDS

with a fixed time difference At yields

Sy(uj) = 2[1 — cos (luAt)] Sx (lu), (4.5)
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ramp signal

I

high level

low level

AÎ,

reset

4.1: Double versus single sampling.
In the upper graph the signal crosses two levels where between

the two crossings the time is measured.

In the lower graph, time is measured from the reset time, which

does not change, until the signal crosses the high level. Thus,
reset error e as well as other offset errors are not cancelled.
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ramp signal
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At]
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Ali
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A/2

At

4.2: Deterministic harmonic distortions, i.e. single frequencies, added

to a ramp signal and processed by CDS with fixed time difference

and fixed signal difference.

At and Av denote ideal measurements of time and signal differ¬

ence. Variables with indices 1, 2 and 3 indicate measured time

and signal difference for low, medium and high frequency noise

added to the ramp signal.

Frequency ranges of the superimposed deterministic harmonic

distortion are: / « i, /
l

At
and / 3>

l

Af
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Ai, Aï

Fig 4 3 Illustration of noise added to a signal before and after the inte¬

gration. Signal and noise are processed by CDS.

This figure does not determine if CDS is using fixed signal or

fixed time difference.

which is a repetitive spectrum due to the sampling process in the time

domain.

For the output power spectrum of CDS with fixed signal difference and the

measurement of time no closed form result can be found. In the literature

similar problems as the "level-crossing problem" and the "first-passage

problem" are treated.

The level-crossing problem (an overview is given in [!<>]) is the determi¬

nation of the statistical properties of the time t, which measures the time

when a random process x(t) crosses a constant level a.

The first-passage time is the time where x(t) crosses level a for the first

time. Munakata in [ A] and Papoulis in [Is.] state that the analytical
solution might not be possible. Therefore Munkata performs his investi¬

gations with computer simulations in [ >°] and [>*<]. Because the results

described do not fit the problem discussed in this work, and because no

analytical solution is available, specific simulation are carried out.

To investigate the effect of a signal with added noise on the distribution

of measured times when the signal crosses two fixed signal levels (CDS
with fixed signal difference) simulations were performed by Loeliger ["()]
and in section 1 1 of this work. The results are also compared with CDS

with fixed time difference.

4.1.3 Noise Propagation Overview

In this section and in sections 1 3 and 1 1 noise properties of CDS are

investigated with noise added to a signal ramp, which is then processed
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/«St f
^

J-
l At /»St

Fixed Av
Noise is

attenuated

Noise is not

attenuated

Noise is not

attenuated*

Fixed At
Noise is

attenuated

Noise is not

attenuated

Noise is not

attenuated

Tab. 4.1: Noise propagation of CDS with fixed time difference At and

fixed signal difference Av. *

(see text)

by CDS. This situation is illustrated by the 'Ramp signal' and 'Noise 2'

in Fig. 1.3.

In section 1.5 of this chapter the signal noise is added to a constant signal,
the sum is integrated over time and then processed by CDS ('Constant
signal' and 'Noise 1' in Fig. 1.3).

In Tab. f.l a summary of noise propagation is presented. The resulting
measured times and signal differences, when noise with different frequency

ranges is added, are illustrated in Fig. 1.2. Note that noise is represented

by a single frequency and therefore this figure is for illustration purposes

only. To identify different frequency ranges ^ is used. The At in this

expression must be taken as the fixed time difference in the case of CDS

with fixed time difference or the average time measured when CDS with

fixed signal difference is considered.

This summary is the result of the simulations, which follow in the next

section of this chapter.

• Low frequency noise is attenuated in both cases. It acts as an offset

and is cancelled by CDS as long as the signal does stay within the

limits of the levels of CDS.

• Noise in the frequency range of the signal / ~ ^7
cannot be distin¬

guished from the input signal and therefore cannot be attenuated
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by CDS.

• High frequency noise is not attenuated by CDS neither with fixed

time nor with fixed signal difference.

An exception occurs when the ramp signal is affected by a determin¬

istic harmonic distortion such as power line interference. In this case

CDS with fixed signal difference does attenuate the noise whereas

CDS with fixed time difference does not. This case is illustrated in

Fig. I 2 (valid as long as the disturbance of the ramp signal is a

deterministic harmonic distortion).
With fixed time difference At the single high frequency is sampled
two times and compromises the signal equal to high frequency noise.

In the case of a fixed signal difference Av, as depicted in the lower

graph of Fig. 4 2, where a single high frequency is added to the ramp

signal, the two signal levels are passed by the envelope of the signal.
This leads to an attenuation of the single high frequency as long as

the amplitude does not change during the measurement time At.

Simulation Technique

The representation of noise for simulations is created with various meth¬

ods. In any case it is bandwidth limited white noise. When not stated

differently, it is butterworth filtered white noise. White noise and filter are

provided by the simulation environment Matlab from The MATHWORKS

Inc..

Problems occur when very low frequency noise is needed (section 13 1)
due to numerical limitations of Matlab, i.e. the filter function. In this

case, bandwidth limited white noise ynoise including low frequencies is

simulated by a superposition of several random-phased sine frequencies
and is generated by the following steps:

1.
1000

ySm = J3 sm(ujtt + 4>t) (4.6)
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</>j random phase (uniformly distributed), lv1 = -^ffi 27r/c, fc corner

frequency of the noise to be generated2

2 Normalization ystn norm = stddev(ysm)

3 Reduction to the needed time-period used for the simulation

4 Resampling of ySmnorm, to achieve the desired time resolution for

the simulation

5 Scaling according to the desired SNRm ynoise
=

ysznnormsmc

The noise, which results from this process, includes frequencies in the de¬

sired bandwidth with equal power densities, l e bandwidth limited white

noise The 'white' noise generated with the built-in function of Matlab is

also inherently bandwidth limited, because the numerical representation

defines the minimum frequency (length of noise vector) and the maximum

frequency (sampling rate of the noise, l e distance between two values of

the noise vector)

The SNR for a noise affected signal is determined with the ideal signal
difference of CDS in relation to the standard deviation of the noise ac¬

cording to '» 10 Although the ideal signal difference and the signal noise

could be of any property, in this work voltage is used

At equals the measurement time In the case of CDS with fixed time

difference it is constant When CDS with fixed signal difference is used,
At equals the ideal time difference, l e the measured (simulated) time

difference without superimposed noise

The noise is superimposed to the signal ramp and processed by CDS ei¬

ther with fixed time difference or with fixed signal difference For each

corner frequency of the superimposed noise, this process is repeated un¬

til a statistical relevant number is achieved Then, the corner frequency
is changed, the noise is generated and processed by CDS multiple times

again

When the ramp is affected by a deterministic harmonic distortion (fol¬
lowing section), a single frequency is superimposed to the ramp with a

2 The start frequency tqqq/c is a trade-off between start frequencies as low as pos¬

sible to analyze the low frequency properties of CDS and the simulation time
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Fig. 4.4: Simulated transfer of deterministic harmonic distortions by CDS

with fixed At.

The gaps in the curves result from mathematical artifacts,
i.e. when the frequency is a multiple of the measurement time

At. These points were omitted in the graph. The measurement

(simulated) time was 1 s.

random phase and processed by CDS. Then the same single frequency
is superimposed with another random phase and processed by CDS etc.

until a statistical relevant number is achieved. The random phases are

distributed uniformly.

4.2 Propagation of Deterministic Harmonic Distortions

In this section simulations are shown, which show how deterministic har¬

monic distortions are processed by CDS.

In Figs. 1. f and 1.5 simulations of deterministic harmonic distortions su¬

perimposed to a ramp signal are shown. This is a special case and is

only valid when the signal ramp is affected by a deterministic harmonic
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Fig. 4.5: Simulated transfer of deterministic harmonic distortions by CDS

with fixed Av.

The gaps in the curves result from mathematical artifacts,
i.e. when the frequency is a multiple of the measurement time

At. These points were omitted in the graph.
The measurement time (simulated) of the ramp signal without

superimposed noise is 1 s.
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distortion. A deterministic harmonic distortion (single frequency) cannot

be used to simulate real noise, even when the bandwidth of the noise is

very narrow.

As expected, deterministic harmonic distortions at higher frequencies are

attenuated only by CDS with fixed signal difference. In Fig. 4.5 it can

be observed, that the attenuation of the noise is proportional to the fre¬

quency of the distortion and to the magnitude of the distortion. This

is different to the attenuation of low frequency bandwidth limited white

noise (see section 1.3), where the attenuation is only proportional to the

corner frequency of the superimposed noise.

Deterministic harmonic distortions at lower frequencies are attenuated in

both cases. This property is investigated in the next section.

A deterministic harmonic distortion cannot represent noise. This can be

understood when the probability density function (PDF) of noise with

a gaussian PDF is compared to the PDF of a sine. The PDF of a sine

exhibits maxima at the lower and upper edge and a minimum at 0 (looks
like ears), while the PDF of gaussian noise has its maximum at 0 and

decreases towards higher amplitudes. This fact is further illustrated by
the simulations in the following Figs. 4.8 and 4.7.

In Fig. -1.6 bandwidth limited white noise with a very narrow bandwidth

(10 Hz) is superimposed to the ramp signal and processed by CDS with

fixed signal difference. No attenuation can be observed in contrast to the

previous result, where deterministic harmonic distortions at higher fre¬

quencies superimposed on the ramp signal was attenuated by CDS with

fixed signal difference.

When comparing Figs. 1.2 and 1.7 this result is obvious. With a deter¬

ministic harmonic distortion the envelope is parallel to the ramp signal,
whereas the envelope of a bandwidth limited noise signal is varying cor¬

responding to the bandwidth of the noise.

4.3 Broadband White Noise Propagation

In this section the transfer of broadband, i.e. bandwidth limited, white

noise by CDS is simulated. As described in section -1.1.3 low frequency
noise is generated by adding several random-phased sine frequencies while

bandwidth limited noise including higher frequencies is generated with

filtering white noise.
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Fig 4 6 Simulated transfer of narrow bandwidth limited white noise by
CDS with fixed Av.

The measurement time (simulated) of the ramp signal without

superimposed noise is 1 s.
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ramp signal (relative)

k> w *• en o> -J

Fig. 4.7: Simulated bandwidth limited white noise superimposed on a

ramp signal. The noise is bandpass filtered at a center frequency
of 85 Hz with a frequency span of 10 Hz.
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10 10

noise lowpass corner frequency [Hz]

10

Fig. 4.8: Results of numerical simulations of bandwidth limited white

noise on CDS.

The curves show SNRs of the simulated signal difference with

fixed time difference. Different curves show various input signal
SNRs.

The measurement time (simulated) of the ramp signal is 1 s.

4.3.1 Low Frequency Noise

In Figs. 1.8 and -1.9 the results of simulations with bandwidth limited

white noise are shown. In these simulations, the lowpass corner frequen¬
cies of the superimposed bandwidth limited white noise range from 0.01 Hz

to 4Hz. The lower limit is set by the simulation time, which increases to

impractical values (several days) when lower start frequencies would be

chosen. The upper value is arbitrary, i.e. should be larger than -^ with

At = Is.

Simulations with fixed time difference and fixed signal difference are dis¬

tinguished. CDS exhibits first-order highpass behavior in both cases. It

can be seen that the output SNR equals the input SNR for frequencies

higher than
2Af

For lower frequencies an attenuation of the noise with
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Fig 4 9 Results of numerical simulations of bandwidth limited white

noise on CDS.

The curves show SNRs of the simulated time difference with

fixed signal difference. Different curves show various input sig¬
nal SNRs.

The measurement time (simulated) of the ramp signal without

superimposed noise is 1 s.
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Fig. 4.10: Results of numerical simulations of bandwidth limited white

noise on CDS.

The curves show SNRs of the simulated signal difference with

fixed time difference. Different curves show various input signal
SNRs.

The measurement time (simulated) of the ramp signal is 1 s.

20 dB/decade is observed, as listed in Tab. 1.1.

The attenuation of these low frequencies are useful to cancel offset errors,

e.g. errors resulting from clockfeedthrough (CFT), errors caused by drift,

e.g. temperature changes or excessive flicker noise.

4.3.2 High Frequency Noise

Simulations of the transfer of bandwidth limited white noise with higher

lowpass corner frequencies by CDS are shown in Fig. 1.10 and 1.11. The

lowpass corner frequency is varied along the x-axis, while the highpass
corner frequency is constant (given by the simulation resolution).
Simulations with fixed time difference and fixed signal difference show
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Fig. 4.11: Results of numerical simulations of bandwidth limited white

noise on CDS.

The curves show SNRs of the simulated time difference with

fixed signal difference. Different curves show various input sig¬
nal SNRs.

The measurement time (simulated) of the ramp signal without

superimposed noise is 1 s.
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no attenuation of the noise. These simulation results are reasonable when

compared to the results in section 1.3.1, where the transfer of very narrow

bandwidth limited white noise was examined.

4.4 Level-Crossing Problem

As described in chapter 3, the SIL ADC concept uses CDS to measure the

slope of a ramp signal. For the noise analysis it was assumed that the noise

on the ramp signal is transferred into an equal noise of the measurement

tim At. Noise transfer characteristics of CDS were investigated so far in

this chapter. The goal of this section is to simulate the noise transfer with

the properties of the SIL ADC, e.g. noise with the bandwidth of the SIL

ADC.

In this section only CDS with fixed signal difference is analyzed. The mea¬

surement time is varying due to input signal changes and due to noise,
which is superimposed on the ramp signal.
There is no general expression to describe the effect different noise sources

superimposed on the ramp signal have on the distribution of the measure¬

ment time.

In the literature this problem is called level-crossing or first-passage prob¬
lem and is treated in further detail in [ i(>] or [ i"'"']. Loeliger could show [ >f >]
that the noise of the measured time is equal to the noise, which is super¬

imposed on the ramp signal (with shot noise).
In this work simulations and measurements of the transfer of bandwidth

limited white noise, e.g. thermal channel noise of a FET, added to the

ramp signal are presented.

The bandwidth limited white noise in this section is generated numerically
from white noise, which is filtered by a third order butterworth filter. The

bandwidth of the noise is ^, which is the experimentally defined band¬

width necessary that the ramp signal itself is not compromised.
In Fig. 1.12 the correspondence between input and output SNR of band¬

width limited white noise processed by CDS is shown. Each cross identifies

a given input SNR on the x-axis with a corresponding output SNR on the

y-axis. The input SNR results from noise superimposed to the ramp signal

(see previous section), while the output SNR is derived from numerical

time measurements. The output SNR is the relation between the ideal

time difference, i.e. the time difference when a ramp signal without noise
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Fig. 4.12: Simulation results of level-crossing measurements of ramp sig¬
nals with added bandwidth limited white noise.

The added noise results in input SNRs (x-axis) and correspond¬

ing output SNRs (y-axis), which are derived from time measure¬

ments (simulated).
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is processed, and the standard deviation of the measured (simulated) time

differences.

The simulation shows that the amplitude noise on the signal ramp is

transferred to time noise of the time measurement, which was assumed

for the noise analysis in chapter 3. The filtering effect of CDS for very

low frequencies (/ < 2A~t) does not come into effect in this simulation,
because it affects only a small part of the added noise and is therefore

not visible in the result graph. It has been calculated to cause an error of

1.3% in this setup. The error is approximated only, because it is depen¬
dant of the length of the numerical noise representation of the simulation,
i.e. the lowest frequency, which is simulated, is given by the length of the

numerical noise representation. The simulated noise is inherently high-

pass filtered by the simulation. In this simulation, the length of the noise

vector was 2 s, while At was 1 s.

To verify the simulation results, a measurement setup to measure the

transfer of bandwidth limited white noise superimposed on a ramp signal
with CDS was designed. The setup is shown in Fig. 1.13.

The sawtooth generator defines a periodically repeated current i^, which

flows through the channel of T\. This determines a ramp current iramp

iramp = 10 ~ «Ti • (4-7)

To this ramp current, which represents the ideal signal, a noise current

inoise is added. The noise current is generated by a voltage controlled

current source consisting of an operational amplifier, transistor T2 and

resistor R. The bandwidth limited white noise is generated by a noise

generator with variable output power to set different input SNRs. The

signal current is then converted by resistor Rl to a voltage and fed to a

window comparator with following computer evaluation. The measure¬

ment setup, which is integrated in the 0.6 /x CMOS-process from AMS

(without generators and the window comparator), is designed to be in¬

sensitive to y-noise by designing transistors with large areas and operating
the circuit with large currents in comparison to the integrated SIL ADC

in chapter 5, where the flicker noise is not dominant.

Measurement results are shown in Fig. 1.1 1. They show that the SNR

of the measured time is almost identical to the SNR of the signal ramp.

This confirms the simulation results in Fig. 1.12.

The filtering effect of CDS with very low frequencies is not visible, because
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Fig. 4.13: Measurement setup for the level crossing measurements of a

ramp signal with added bandwidth limited white noise.

it affects only a small part of the added noise and is therefore not visible

in the result graphs.
In the upper graph of the figure with higher input SNR a slight decrease

of the measured output SNR can be observed. This effect is within the

measurement precision of 3-4dB.

4.5 Integrated Noise

Noise, which arises before the integrator and amplifier stage of the SIL

ADC, is integrated as illustrated in Fig. 1.3 with 'Noise 1'. Shot noise

of the bias current is modelled by a poisson process. The resulting SNR

due to integrated shot noise has been derived in chapter 3 as given in

equations 3.13 - 3.19. Therefore, in this section simulations of integrated
bandwidth limited white noise are performed.

In the next chapter the application ARSENIC is introduced. The input

signal of the SIL ADC is generated by a photosensor, which consists of a

photocurrent source including photodiode, transistors and an operational
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Fig. 4.14: Measurement results of the transfer of bandwidth limited white

noise by CDS with fixed signal difference.

Average measured time difference in the upper graph was

200 /xs, while the average measured time difference in the lower

graph was 2 ms.
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Fig. 4.15: Simulated probability density function (PDF) of the bandwidth

limited white noise before the integration.
The noise is lowpass filtered with a corner frequency of 1 kHz.

To compare the PDFs of nonintegrated and integrated noise, the

maximum probability is scaled to 1 and the area is normalized

to 1, resulting in a relative noise amplitude scaling.

amplifier. Noise, which arises from the photosensor, is integrated by the

following stage of the ADC.

The bandwidth limited white noise in this section is generated from white

noise with a large bandwidth, which is filtered by a third order butter¬

worth filter as in section A.A. White noise with a large bandwidth is

generated by a built-in function of the simulation tool Matlab.

In Figs. -1.15 and -1.16 the probability density function (PDF) of noise

before and after the integration is shown. The corner frequency of the

lowpass filter was set at 1 kHz (limited by the sampling resolution of the

simulation). The PDF in the figures is the average of 60 individual PDFs,
each calculated with different random noise.

The PDF of the noise before and after the integration are almost identical
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Fig. 4.16: Simulated PDF of the bandwidth limited white noise after the

integration.
To compare the PDFs of nonintegrated and integrated noise, the

maximum probability is scaled to 1 and the area is normalized

to 1, resulting in a relative noise amplitude scaling.
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Fig. 4.17: Simulated integrated bandwidth limited white noise processed

by CDS with fixed signal difference.

The different curves resulted from input noise with different

lowpass corner frequencies (20Hz to 1000Hz). The flattening
with higher SNRs result from the limited simulation resolution.

and the standard deviation is very close to the theoretical value of 0.34

of a gaussian distribution. This also confirms that the noise generation

process (built in function of Matlab) generates noise, which is gaussian
distributed.

Finally, Fig. 1.17 shows the result when bandwidth limited white noise is

integrated and processed by CDS with fixed signal difference as used by
the SIL ADC concept.

The simulation shows that noise superimposed on a constant signal (input
signal, before integration) is transferred to amplitude noise on the ramp

signal (after integration), which shows noise with equal SNR as time noise

of the same signal after CDS. This result is identical to the result when

noise without integration is considered (compare to Fig. 1.12).
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4.6 Conclusions

In this chapter noise properties of CDS are investigated.
A summary of the attenuation of noise by CDS was given. Noise with

three different noise frequency ranges added to the input signal ramp

was investigated. A difference between CDS with fixed signal difference

and CDS with fixed time difference was found only when a deterministic

harmonic distortion (single frequency) is affecting the signal ramp. CDS

with fixed signal difference, as used in the SIL ADC concept, attenuates

deterministic harmonic distortions in contrast to CDS with fixed time

difference. This has only a limited relevance in practical application,

e.g. suppression of power line interferences.

In this context, it was shown that a deterministic harmonic distortion

cannot be used to represent noise for simulation purposes.

Simulation results showed that low frequency noise is attenuated by CDS

in contrast to high frequency noise. To quantify the attenuation of low fre¬

quency noise of CDS, bandwidth limited white noise, with lowpass corner

frequencies lower than -^, was added to a ramp signal and processed by
CDS. No difference between CDS with fixed time difference versus CDS

with fixed signal difference was found. The attenuation of the added noise

of CDS was found to be similar to the attenuation of a first-order highpass
filter with a cutoff frequency of j^ with At as the measurement time of

the ramp signal without superimposed noise.

Overall, CDS provides substantial low-frequency suppression, which is

useful in applications where low-frequency noise occurs, e.g. dominant 4-

noise or power-line interferences as long as the power-line frequency is

considerably smaller than ^. Additional, CDS with fixed signal differ¬

ence suppresses single high frequencies as a benefit over CDS with fixed

time difference.

No closed form result of the transfer of the power spectrum of CDS with

fixed signal difference (level-crossing problem) is found in the literature.

Therefore, simulations and measurements of the transfer of bandwidth

limited white noise added to a ramp signal by CDS are performed. Be¬

cause of the application ARSENIC ,
where bandwidth limited white noise

is introduced before and after the integration process, bandwidth limited

white noise is added to the ramp signal before and after the integration.
As with previously reported measurements with shot noise, the transfer
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of white noise added to a ramp signal showed that white noise on the

ramp signal is transferred into equal noise in the time measurement. The

same result is obtained when bandwidth limited white noise is integrated
and then processed by CDS with fixed signal difference as used in the

SIL ADC concept. The attenuation of low frequency noise could not be

observed in the level crossing simulations and measurements, because the

effect is to small.

Overall, this chapter confirms the assumption, that amplitude noise on

a signal ramp is transferred to equal time noise when processed by CDS

with fixed signal difference. This assumption was a prerequisite of the

noise analysis in chapter 3.



5. "ARSENIC ", AN APPLICATION

OF CURRENT-MODE ADCS IN

ID-ARRAY CONFIGURATION

"ARSENIC" is an abbreviation of ARray SENsor Integrated Circuit

and is a frontend circuit for spectral photometry with multiple channels

and with the integration of the SIL ADC concept as a core element in

each channel. The design of the SIL ADC was driven mainly by this

application.
Possible applications include all situations where the exact determination

of colors and color densities are important. An example of a handheld

spectrophotometer, where such a frontend circuit is applicable, is shown

in Fig. 5.1.

After an introduction to image sensors, the architecture and performance
of ARSENIC is described in detail.

The main question is, if the SIL ADC can be implemented in an array

of 64 channels with a pitch of 100/xm for a dedicated application, and

meet the performance specifications, which are discussed in this chapter.

Key aspects include the noise properties of the photosensor and integrator
and amplifier stage (photodiode and integration capacitance, operational

amplifier noise properties) and digital readout structure, which determines

the resolution.

CCD and CMOS Image Sensors

Imaging in general is probably one of the fastest evolving technologies
that finds its way in the consumer market. Together with mobile commu¬

nication and mobile computing e.g. Personal Digital Assistants (PDAs)
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Fig 5 1 Spectrophotometer from GretagMacbeth AG.

The handheld unit (arrow) is mounted on a xy-table for au¬

tomated measurements. In this unit the frontend IC includes

sensors and simple multiplexed analog signal processing, but no

analog-to-digital conversion.
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enormous rates of growth are predicted. This is the reason why many

companies are developing new image sensors with not only better per¬

formance but with lower cost of the overall imaging system as the prime

target.

In the past charge-coupled devices (CCDs) were the technology of choice

for image sensors. Basically an electronic analog shift register invented in

1970, CCDs have evolved to a sophisticated level of performance.
But CCDs exhibit some disadvantages which are getting more important
with the continuing development of the electronic devices in the future. A

major aspect is the technological incompatibility with standard CMOS-

technology CCDs are fabricated in a highly specialized technology result¬

ing in higher cost of fabrication. Additional circuitry like analog amplifiers
or analog-to-digital conversion, which processes the output signal of the

sensor, has to be integrated off-chip, which decreases reliability and in¬

creases size and overall cost.

Furthermore, their operation principle requires nearly perfect charge trans¬

fer. With a given transfer efficiency from one pixel to the next, the overall

transfer efficiency for an entire column decreases exponentially with the

number of pixels in one column, making it difficult to achieve large array

sizes with high efficiency Additionally, the manufacturing yield decreases

with larger array size excessively since CCDs are highly vulnerable to

single pixel defects that can block an entire column. Further details of

limitations of CCDs are elaborated in [10].
CMOS imagers overcome many of the problems CCD suffer from. Main

advantage is the unrestricted compatibility with standard CMOS-tech¬

nology, which is the mainstream technology of the present and the near

future. Analog-to-digital-conversion and digital signal conditioning can be

implemented in CMOS as well, reducing the need for off-chip signal pro¬

cessing. CMOS image sensors are suitable for low-voltage and low-power

applications enabling their use in mobile applications. Furthermore, and

in contrast to CCDs, CMOS image sensors provide random access to in¬

dividual pixels.

Despite some shortcomings like fixed-pattern-noise, which is discussed in

Yangs comparison between CCD and CMOS imagers [(>!], or smaller fill

factor, CMOS image sensors will replace CCD based sensors in many

fields. First commercial cameras are already available off the shelf and

CMOS sensors are on the way even for high-quality professional markets

including professional cameras, film scanners, medical imaging and mu-
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seum archiving [h/].

CMOS Device Scaling

In [(> i\ Wong explores the image sensing performance of CMOS imagers
with decreasing feature size of CMOS-technology He concludes that scal¬

ing down to 0.5/xm imposes no restrictions on image sensors in CMOS,

especially no significant decrease in the quantum efficiency of integrated

photosensors. When technologies with minimum gate length smaller than

0.5/xm are used, limitations regarding efficiency of photosensors or tran¬

sistor performance have to be observed.

Most important for the photon detection is the spectral sensitivity. It

depends mainly on the thickness of the absorption layers. In technologies
with minimum gate length of 0.5/xm and larger, the carriers generated

by photons within the depletion region of the collecting junction are col¬

lected completely. Carriers generated in the neutral bulk region are also

collected via diffusion of the carriers to the collecting junction, because

the diffusion length (several hundred /xm) is in general much longer than

the thickness of the absorbing layers.
With smaller feature size the sensitivity does not decrease significantly,
but the crosstalk can increase because less carriers are generated in the

smaller depletion layer and a larger part of the generated signal origins
from carriers diffusing to the collecting junction.
With technologies using suicides, which will be common for technologies
with 0.35/xm or smaller feature size, CMOS imagers will suffer from a re¬

duction in spectral sensitivity because suicides are fairly opaque to visible

light and the absorption length is much smaller than for polysilicon. Ad¬

ditionally, the diffusion length is getting smaller due to the higher doping
of the material and the recombination of photon generated electron-hole

pairs in the highly doped layers is more likely an issue, reducing the sen¬

sitivity of the device.

On the circuit and system level the advantages of CMOS scaling properties

are obvious. Although the sensor area cannot be scaled when expecting
constant sensitivity, the integrated signal processing circuitry is almost

linearly scalable resulting in higher fill factor per sensing element and

smaller overall chip size. Even passive elements are scalable to a great

extend, e.g. because capacitances in technologies with smaller feature size
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yield higher capacitance values per area.

In the application presented in this chapter, which is implemented in

0.6/xm CMOS-technology, the sensor area occupies roughly 20% of the

overall chip core area. When a scaling factor of 0.7 is assumed, which is

described in the International Technology Roadmap for Semiconductors

(ITRS) [(> l] from the Semiconductor Industry Association (SIA) as a tech¬

nology step for every three years, the core area of ARSENIC could be

reduced to about 75 % of its present size with one technology step without

changing the circuit scheme.

Multichannel Architectures

Imaging applications will spread in most aspects of modern life. Prob¬

ably a very big market share in the future market will include low-end

consumer products like the example in Fig. 5.2.

Beside consumer products, imaging devices for professional use will be

available for miscellaneous applications. Spectrophotometry or medical

scanners are examples where one-dimensional arrays are used due to re¬

stricted area or maximum performance needed.

As reviewed in chapter 2 there are many current-mode ADC with differ¬

ent conversion schemes implemented. But only few multichannel imple¬
mentations or current-mode ADCs, which are implemented in an array

configuration, exist today. One reason are CCD imagers, which were a

main application for integrated ADCs in array implementations. In CCDs

a potential has to be measured, which is performed by voltage-mode cir¬

cuitry. But in CMOS imagers, which will be implemented in many future

applications, photodiodes provide a current as the output signal, which

has to be measured. This is most favorably performed by ADCs operating
in current-mode.

In the voltage-mode domain, different ADC principles usable in multi¬

channel CMOS image sensors were implemented. In the 2-D image sen¬

sors, which were reported in [u5] and ['•(»], ADCs were applied column-

parallel, where in the first case each column in the pixel array has its

own ADC, and where in the other case one ADC every eight columns is

implemented.

Array implementations with true column-parallel SA-analog-to-digital
conversion are not practical due to high area requirements of the filtering
as described in chapter 2 and in [3]. Therefore, arrays with SA-analog-to-
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Fig. 5.2: Personal Digital Assistant (PDA) from Sony Corporation with

built-in camera (arrow).
The sensor of the color digital still camera includes 200'000 pix¬
els.
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digital conversion are implemented with column-parallel modulators and

off-chip filtering as reported in [ '].
Some of the authors, which reported multichannel implementations, name

their design pixel-level analog-to-digital conversion, e.g. in [r>7] and [1]. In

spite of the claim in the title, no complete ADC in each pixel is imple¬
mented in these designs. In the cited articles a simple modulator is found

within one pixel and with necessary filtering off-chip. True pixel-level
ADCs have not been realized until today.
It can be concluded that the demand for high performance ADCs, which

can be integrated in an array implementation, will raise in the future. Es¬

pecially ADCs, which deliver digital output values without time and area

consuming postprocessing, will be on demand. The number of various ap¬

plications, which include CMOS imaging, will increase significantly and

they will favor current-mode conversion circuitry. The SIL ADC concept
is designed for these requirements and therefore has the potential to meet

specifications for future multichannel applications.

5.1 Architecture

In this section the concept and circuit diagrams of ARSENIC are dis¬

cussed. Theoretical and measured performance data is reviewed in sec¬

tion 5.2.

ARSENIC is a frontend solution for a spectrophotometer. It measures

the light intensity at different wavelengths of the applied light sample and

provides simultaneous digital output values for each intensity measured.

In the spectrophotometer the incoming light is fed to a diffraction grating.
The sample light is split into different wavelengths, which are applied to

ARSENIC. 64 channels measure light intensities from 350 nm to 760 nm

of the sample. The light sensing area, i.e. the area to which the diffraction

grating focuses the split light upon, measures 0.5 x 6 mm. The values of

the measured light intensities of the different channels are converted to

digital values and prepared for serial external access. ARSENIC works

as a system on a single die, which converts light to digital data in a linear

array configuration of 64 channels.

In Fig. 5.3 an overview of the complete system, which is integrated mono¬

lithically on one die, is given.
In the center of each channel of ARSENIC a SIL ADC is located. It is
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Fig. 5.3: Block diagram of the ARSENIC architecture. All elements

shown in this graph are integrated on a single silicon die.

designed according to the concept introduced in chapter 3. Therefore, all

calculations are based on the formulas derived in chapter 3.

Analog biasing signals are generated in a separate biasing block and are

distributed to the channels. Adjustments of bias signals are introduced

with input connections, which are indicated in Fig. 5.1 with 'analog in'.

Bias currents could be copied in the biasing block and distributed to

the channels. This would result in several connections from the biasing
block to every channel. Additionally, the voltages would drop over these

connections according to the current flowing and the resistance of the

connections. In ARSENIC bias currents are generated in a distributed

manner. In the biasing block a voltage potential is generated, which is

distributed to all channels. In the channels the potential is converted to

a current by a transistor. Due to the very high input impedance of these

converting transistors, no current is flowing in the connections from the

biasing block to the channels and therefore no voltage drop occurs. Fur¬

thermore, the distribution of the voltage potential for a bias current can

be achieved with a single connection for all channels.

Each channel includes the same digital control logic and receives clock

signals as an input. When a measurement cycle is completed, the digital

output values are switched serially from one channel to the next channel.

They can be all accessed from the last channel. Further detail of the

acquisition sequence and array issues are described later in this section.
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Fig. 5.4: Single channel of ARSENIC. A photosensor circuit converts

light into electrical current which is fed to the SIL ADC. Reg¬
ister and digital control logic are used for the integration in

ARSENIC.

5.1.1 Single Channel

More detail of a single channel is depicted in Fig. 5.1. Analog bias signals
include bias currents for transistors and current levels for the window cur¬

rent comparator as well as the bias current, which is needed to maintain a

minimum input current for the SIL ADC. Digital input signals include the

overall clock signal, the duty cycle signal to define reset and measurement

times during one measurement cycle, and the clock signal to read out the

digital data.

Photosensor

The photosensor, which consists of a photocurrent source, provides the

input signal of the SIL ADC.

The photocurrent source is an improved version, when compared to the

photocurrent source of the first implementation described in chapter 3.

The circuit diagram of this improved version is shown in Fig. 5.5. The op¬

erational amplifier together with transistor T\ holds the voltage over the

sensing diode at zero to ensure that the current iout is dependent on light

only. Dark current can be eliminated in contrast to the first implemen¬

tation, where the voltage over a parasitic diode is not held at zero volts

and therefore an unwanted leakage current is flowing (see section 3.1).
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Fig 5 5 Photosensor of a channel in ARSENIC. It consists of a pho¬
tocurrent source including a photodiode as a light sensing ele¬

ment and an operational amplifier with transistor T\ to keep zero

voltage over the photodiode. Transistor T2 is used to disable the

photocurrent iout.

Transistor T2 is used to switch off the output current iout. The signal von

is generated by the digital control logic. When a single measurement is

performed and the counter of the SIL ADC is stopped, von is set to zero

and thus iout of the photocurrent source is switched off. This assures that

the voltage level of the integrating capacitance in the integrator and am¬

plifier stage is not becoming too small and therefore could not be restored

to the reset level in the reset phase of the measurement cycle.
The output current of the photosensor provides the input current of the

SIL ADC. Therefore, the noise analysis of the photosensor is not per¬

formed in the noise analysis of the SIL ADC. It can be found in ap¬

pendix A.

With a CMOS-process different photodiodes can be realized in principle.
In Fig. 5 6 different types of photodiodes, which can be implemented in

AMS 0.6/xm CMOS-process CUX, are shown. The corresponding quan¬

tum efficiency is depicted in Fig. 5 7. It can be observed that diodes with

either a n- or p-diffusion are less sensitive at shorter wavelengths (low
light penetration depths). They suffer from shorter carrier lifetime due to

very high doping concentrations in diffusion areas. This results in much

shorter diffusion length of the holes and electrons generated in these ar¬

eas.

The oscillations in the quantum efficiencies over the spectral range are
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Fig. 5.7: Measured quantum efficiency of different types of photodiodes in

the AMS 0.6/xm CMOS-process, pw indicates a p-diffusion/n-
well diode, pw+sw indicates a p-diffusion/n-well diode in com¬

bination with a p-substrate/n-well diode, sw indicates a p-

substrate/n-well diode and sn indicates a p-substrate/n-diffusion
diode.
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Fig 5 8 Integrator and amplifier stage and bias current source in the

SIL ADC as implemented in ARSENIC. The bias current is

provided to maintain a minimal input signal.

due to interferences between the different layers and the protection layer.

They remain stable and can be eliminated digitally by a calibration.

For ARSENIC the p-substrate/n-well photodiode is chosen for its best

efficiency at shorter wavelengths.

Integrator and Amplifier Stage

The circuit diagram of the integrator and amplifier stage is shown in

Fig. 5 8. This stage includes three regulated cascode circuits. The main

transistor Tmt together with the two transistors next to it forms a regu-
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lated cascode circuit T\. The main reason for this solution is its very high

output impedance in order to maintain the output current imt indepen¬
dent of the corresponding voltage at the output. Cmt corresponds to the

gate-source capacitance of transistor Tmt without an additional discrete

capacitance.
The second regulated cascode circuit in this stage provides the current Iq .

This current is read in by transistor Tmt during the reset phase, i.e. when

switch S\ is closed. In the measurement phase with switch S\ open, part
of current Iq forms the output current imt according to

1mt=Io-lTmt- (5.1)

Because the output current imt needs to be independent of the voltage at

the output, the bias signal Iq is also generated with a regulated cascode

to provide a very high output impedance. The voltage signal Vj0 defines

the current Iq and is generated by the biasing block of ARSENIC (see
Fig. 5 3).
The third regulated cascode circuit forms the bias current Ib as described

in section 3 3. When the input current is zero, this current provides a

minimal current ramp at the output of the amplifier and integrator stage.

This ensures a measurement value even with very small input currents.

The output current imt is compared to two reference currents in the win¬

dow current comparator.

During reset, i.e. switch S\ closed and Iq flowing entirely through tran¬

sistor Tmt, a reset voltage across Cmt corresponding to the current Iq is

established. With the level shifting transistor Tievei at the output it is

ensured that no current during reset is flowing to the next stage. Vievei

must be selected accordingly. At the beginning of the measurement phase,
i.e. switch S\ open, the gate potential of Tmt is raised and imt flows to

the next stage according 5 1.

Window Current Comparator

The output current imt of the integrator and amplifier stage of the SIL

ADC is fed into the window current comparator (itn). In the circuit dia¬

gram of the window current comparator in Fig. 5 9 two almost identical

structures are used. The input current im is read into a current mirror,
which is duplicated on the mirroring side. It is compared to two different

reference currents, defined by potentials vrefi and vref2 These potentials
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Fig. 5.9: Window current comparator in the SIL ADC implemented in

ARSENIC. The input current is compared against two ref¬

erence currents, which are defined by voltages vrefi and vref2-

Flip-flops at the output provide the digital outputs.

The circuit includes two identical parts, where the second at the

bottom is not shown completely.
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are generated by the biasing block of ARSENIC equal to Vj0 in Fig. 5 8.

The comparator features a built-in hysteresis. The reference potential

vref defines the reference current and a second current which is half the

reference current. When the input current rises and passes the reference

level the output flip-flop is set. Reset of the output flip-flop occurs when

the input current is lower than half the reference current. This ensures

that the output does not toggle due to small variations of the input cur¬

rent, e.g. noise. At the input an improved Wilson current mirror copies
the input current to the next internal stage independent of the voltage

potential.
The schematic of the window current comparator in Fig. 5 (), as well as the

implementation in silicon, shows how simple and area efficient a current-

mode comparator can be designed in comparison to a voltage-mode com¬

parator. To implement a two level comparator including hysteresis in

voltage-mode would require several power and area consuming operational

amplifiers.

Counter, Register and Digital Control Logic

The output of the two flip-flops (voutl, vout2) of the window current com¬

parator provide start and stop signals to the counter, whose circuit di¬

agram is shown in Fig. 5 10. These signals are denoted compl-in and

comp2-in in Fig. 5 10.

The counter consists of 16 D-flip-flops with a level triggered reset. The

asynchronous design is very area efficient and can be controlled with little

glue-logic.
Due to the asynchronous design of the counter, the maximum clock fre¬

quency has to be determined to avoid any glitches, which could lead to

erroneous counter readings. Regarding to the setup, hold and propaga¬

tion delay times of the different gates in the AMS 0.6/xm CMOS-process,
the minimum time between two clock cycles is determined to 24.6 ns in

worst case conditions. This corresponds to a clock frequency of 40.6 MHz,
which is one order of magnitude higher than the used clock frequency in

ARSENIC
.

In Fig. 5 1 1 the timing of the digital signals during a measurement and

reset cycle is plotted. The operating sequence is as follows:

With compl-in high and comp2-in low it is indicated that the output

current of the integrator and amplifier stage is higher than the lower
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Counter

5.10: Counter, register and digital control logic as integrated in every

channel of ARSENIC, elk and elk-data are signals, which are

identical for all channels, where comp and von are signals used

inside each channel and data and enable are signals interfacing
the two neighboring channels, counter-data and register-data
refer to the content of the counter and register flip-flops.
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Fig. 5.11: Timing of the digital control signals of the counter, register and

digital control logic of ARSENIC. The corresponding circuit

diagram is depicted in Fig. 5.10.
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reference current and lower than the upper reference current, i.e. lies in¬

side the current comparator window. Therefore, the counter is counting

(1). When the upper reference current is reached, i.e. the measurement

is completed, comp2_in and the synchronized signal comp2_in_Q rise and

subsequently the counter is halted and multiplexer selector MUXS con¬

nects the value from the counter to the register input(2). The integrated

monoflop provides a strobe signal to copy the data into the register, which

is indicated by the signal enable-out when completed (3). The enable sig¬
nals from all channels are AND-gated. The output of this AND-gating
enable-out* indicates measured data from all channels is available (4) and

can be accessed serially with the clock signal elk-data at the falling edge
of enablejout* (6).
With the beginning of the reset phase all comp signals and consequently
MUXS and all enable signals are set low (5). In addition, the counter

is reset internally by the signal reset. When the next measurement phase
is initiated and the output current of the integrator and amplifier stage

rises above the lower reference current of the window current comparator,

the signal compA is set high and the counter starts counting again (7).

Main feature of this digital processing circuit is the autonomous handling
of the digital data. No external input for controlling and accessing the

data is needed. The falling edge of enable-out* indicates readiness to clock

out the data serially by the receiver, which is usually a microcontroller.

Another feature is the possibility to customize the measurement and reset

cycle. With the rising edge of enable-out* it is indicated that all channels

completed their measurement and the reset phase can be initiated imme¬

diately. This enables to perform several cycles in a given time frame when

the individual measurement time of a channel is short. The reset phase
can also be adjusted. Depending on the speed of the data clock signal the

reset phase can be terminated as soon as the data is read out.

5.1.2 Array design

Various design aspects in terms of implementing several identical inte¬

grated circuits on the same die have to be considered. The term channel

is used for the designation of these identical circuits, which are integrated

repeatedly on the die.

A main issue of array design is multiplexing. The general question is how
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many parts of the circuit can be shared with all channels and how many

parts need to be implemented for all channels individually
In ARSENIC considerations about multiplexing differ substantially for

the analog and the digital part The analog circuit processes signals which

are in the order of 100 fA Therefore, multiplexing several channels is not

an option due to signal errors introduced by multiplexing, e g leakage
current or clockfeedthrough (CFT) of switches, which all are in the same

order of magnitude as the signal After the signal is amplified (l e in

ARSENIC after the integrator and amplifier stage), although multiplex¬

ing would be feasible in terms of the errors mentioned above, parallelism
is still needed because of the required measurement rate

The desired measurement rate is 50 measurements per second and chan¬

nel ' The time used for one measurement for the slowest channel is up to

20 ms With multiplexing the necessary rate cannot be achieved

Assuming that not all channels are multiplexed to one common output

line, but rather every second channel is multiplexed to one output, which

would be feasible in terms of output rate, only a small benefit with regard
to area would result (5 - 10 %) This cannot be justified when considering
the error introduced, which is associated with switching

Although no multiplexing of the signal in the analog domain is appro¬

priate, l e no circuit parts can be used for several channels, at least a

common bias generation is implemented for all channels as described ear¬

lier

The digital circuitry is designed to control the channel in an array en¬

vironment The acquiring and handling of digital data can be done in

various ways, considering speed and area requirements as the key factors

All considerations are based on serial external access of the digital data

Serial readout is adequate considering the moderate readout speed and

the much more convenient internal data handling when compared to par¬

allel external access Furthermore, the pin count of the overall circuit,

which is important in terms of economical considerations, can be kept
low

1 The output rate is given by specifications of the spectrophotometer It is defined

with a minimum output rate of 10 values per second When a digital averaging of

5 is considered (> +6 dB) this results in 50 measurements per second

2 One measurement data set consists of 64 channels, each 16 bits wide When the

reset time is determined at 1 ms, this results in a output clock frequency of 1 MHz
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Fig. 5.12: Options for timing and readout structures in an array environ¬

ment, (a) Every channel with own counter and single register
results in 3 units of area, (b) Every channel with two registers
and a subtractor results in 4 units of area. One general-counter
is used by all channels.

In these cases glue-logic and wiring is not a factor in terms of

clXGcL.
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In Fig. 5.12 two versions of the digital part are presented schematically.
Version (a) is a straightforward implementation of the same concept as

of a single channel SIL ADC. Version (b) uses one continuously running
counter for all channels and two registers for each channel. At start and

stop of a measurement the momentary counter values are stored in the reg¬

isters. The difference of these two values equals the measurement value.

Because of the simultaneous inputs from the window current compara¬

tors of all channels and the serial output, no advantage with regards to

speed would be achieved. But version (a) in Fig. 5.12 is smaller than

version (b) with equal functionality. Therefore, version (a) is chosen for

implementation in ARSENIC.

5.1.3 Calibration

The overall system of ARSENIC needs calibration. This includes the de¬

termination of the transfer functions from the light to the digital output
data to calculate absolute measurement results from raw measurement

values. The calibration needs to be repeated due to temperature and ag¬

ing effects.

The calibration process is not limited to ARSENIC. When the sample
to be measured is not light emitting, it has to be illuminated by a light
source. The reflected light is then guided to ARSENIC for measurement.

This light source has not a uniform spectral density over the spectral range

of the light to be measured, which needs to be considered in the calibra¬

tion. Inside of ARSENIC, calibration includes the compensation of the

varying quantum efficiency of the photosensors over the spectral range,

and the determination of the electrical transfer factors from the input
current to the digital data, which vary from channel to channel.

Calibration can be performed with measurements of known samples, e.g.

with the measurement of a white and a black sample, corresponding to

uniform spectral densities of full scale and zero input. The resulting cor¬

rection factors are saved and adjust the raw measurement data. These

operations are performed outside of ARSENIC in the following digital

processing stage, i.e. in a following microprocessor.

Corresponding to the precision level required, calibration measurements

have to be repeated as needed. No further investigations concerning cali¬

bration have been performed in this work, but a similar industrial system

requires a calibration rate from several minutes to hours depending on the
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measurement rate and outside temperature changes.

5.2 Implementation and Performance

5.2.1 Design Calculations

In table 5.1 an overview of the design parameters for ARSENIC is pre¬

sented. The geometric data for the photosensor is given by the appli¬
cation. The overall width and length of the array is determined by the

light sample size of 6 mm x 0.5 mm. To achieve the required spectral res¬

olution of 20 nm, 64 channels are necessary. This equals a pitch width

of 100 /xm. Considering the design rules of the CMOS-process the active

area is slightly smaller.

The light specifications in appendix B are also given by the application.

Together with the responsivities of the realizable photodiodes, the min¬

imum and maximum currents can be calculated. With the responsivity

R\ and area A of the sensor and the optical power density P'J t
of the

incident light, the photodiode current I equals

I = P'JptRxA (5.2)

with Rx = 0.16 ^ @ 400 nm and Rx = 0.35 ^ @ 550 nm as the respon¬

sivities and P" = lOu-^r @ 400 nm and P" = 75 m-^ @ 550 nm as
opt ' mz opt mz

the optical power densities.

The parameters for the integrator and amplifier and following stages are

derived from the specifications discussed above. The amount of charge
accumulated in the integrating capacitance Cmt defines the SNR due to

shot noise of the bias current and the input current. In contrast to equa¬

tion 3.19, the input current im is not assumed to be noiseless. The input
current here is affected with shot noise as the bias current Ib

Aqmt defines the SNR according to Poisson as the square-root of the the

number of charge carriers collected

SNR =
J-^-

= 64.6 dB (5.3)

with the definition of the SNR according to 3.10.

Several trade-offs have to be considered, that no noise source, which is in¬

troduced in ARSENIC, is dominant over the shot noise contribution of
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Photosensor

Photodiode size (active area) 91.8/xm x 500/xm

Array pitch 100/xm
Number of channels 64

Minimum current 80 fA

@ 400 nm wavelength
Maximum current 1.3nA

@ 550 nm wavelength

Integrator and amplifier stage

h 200/xA
Cmt 4.93 pF

AVmt 94 mV

Aqmt 4.63- 10~13C

gTmt 864 /xS

Alout 80/xA

Window current comparator

I'm 0..100/xA

1'refl 5/xA

1'ref2 45/xA

Counter and digital logic

Number of bits 16

Clock frequency 5 MHz

Maximum measurement time 13 ms

^Al'max

Minimum measurement cur¬ 39.5 pA
rent (—> bias current Ib)
Maximum resolution 0.6 fA

Tab 5 1 Defined Parameters for the ARSENIC implementation.
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the input and bias current. The trade-offs concerning noise contributions

are determined by the noise calculations in section 3 2.

Additional trade-offs occur, when the layout is considered. Larger area

can improve the performance by more sophisticated circuits, e.g. cascodes

versus single transistors, but makes it more difficult to achieve the desired

size of the channels. Furthermore, power consumption is increased, which

introduces problems in terms of overall power consumption and excessive

heating degrading the performance. Because these trade-offs can not be

based on calculations only, simulations, which include layout issues, are

the main tools to find the optimal solution. Additionally, design expe¬

rience with the CMOS-process used, helps to overcome the challenge to

find the best trade-offs.

In the integrator and amplifier stage Iq = 200/xA defines the operating

point of transistor Tmt with a transconductance gTtnt = 864 /xS*.
The window current comparator doubles its reference currents internally
which results in two switching levels of 10/xA and 90/xA. The clock fre¬

quency sets the relation between maximum input current and resolu¬

tion. With 5 MHz clock frequency a maximum resolution of 0.6 fA can

be achieved. With greater input currents the resolution is gradually re¬

duced, resulting in 0.7pA at the maximum input current of 1.3 nA.

5.2.2 Layout

In this section general layout considerations as well as aspect of optical
crosstalk of neighboring photodiodes are discussed.

In Fig. 5 13 the basic cross-section of the AMS 0.6/xm CMOS-process is

illustrated. This type of process is called a twin-tub process, because on

top of the substrate and epitaxial layer (which is not plotted in Fig. 5 13)
either a p or n-well is located. This design prevents "latch-up" of para¬

sitic bipolar transistors and provides the possibility to influence transistor

characteristics with the doping concentration of the wells independent of

the substrate doping concentration. This is important particularly for p-

channel transistors.

The AMS process includes three metallization layers as well as a double

poly option, which is not used in ARSENIC. Two of the three metal

layers are used for connections while metal layer 3 is used for optical

shielding.
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Fig 5 13 Wafer cross-section of the AMS 0.6/xm CMOS-process with

double poly option. The epitaxial p-layer, which is between

the wells and the substrate, is not plotted, p- and n-diffusions

measure approximately 200 nm in thickness, wells approxi¬

mately 2.5/xm and the epitaxial-layer (not plotted) approxi¬

mately 15/xm. (figure by AMS)
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5.14: Basic floorplanning of ARSENIC. The enlarged channel slice

on the right side shows layout details of a pair of channels: 1

photodiodes of photosensors, 2 operational amplifiers of photo¬

sensors, 3 integrator and amplifier stages with following window

current comparators, 4 counters and complete digital logic.
Besides the power rings around the analog and digital circuit

parts, no connections are plotted.
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In Fig 5 1 1 the general floorplannmg of ARSENIC as well as the gen¬

eral layout of 2 channels within the chip is illustrated The design is

corehmited°', which is a result of the serial output of the digital data and

the large size of the core area Inside the padframe the digital and ana¬

log electronics are separated and equipped with individual power supply

rings to minimize electrical crosstalk Ground nets are connected on one

single point to establish the same ground potential Withm the channels

the window current comparator is part of the analog domain while the

counter, including the logic circuitry, is located in the digital area Con¬

nection lines from the comparator, which are providing start and stop

signals for the counter, are the only wires from the analog to the digital

circuitry

Every two channels the structure is identical The operational amplifier
used to keep the voltage over the photodiode of the photosensor is wider

than the given channel pitch of 100/xm Therefore, the operational am¬

plifier of the left channel is placed in front of the operational amplifier of

the right channel as illustrated in Fig 5 14 with cipher '2'

Concerning density, a single channel could be designed as narrow as de¬

sired General limits are only given by the design rules and the length of

the channel, which increases with smaller channel width and is limited by
the maximum die size The design rules limit the minimum pitch of the

photodiodes to 10 /xm, therefore, a minimum pitch smaller than 20 /xm is

not reasonable, when the relation between channel pitch and active width

of the photodiode has to be smaller than 2

In Fig 5 ] 5 a die photograph of ARSENIC is shown Although the design
is corehmited, padhmited cells had to be used because corehmited pads
were not available at the time of implementation Without this limitation

and without the test structure (cipher 'I'm Fig 5 15) the design would be

1090 /xm shorter at the larger dimension and 250 /xm shorter at the smaller

dimension resulting in an overall area of 7240/xm x 3610 /xm = 26 14 mm2

To limit the optical crosstalk between neighboring photodiodes, guardrmgs
around the light sensing area have to be established and optical shielding

3 A chip layout is corehmited, when the circuit without the pads, l e the core,

requires such an amount of area, that the area adjacent to the core is sufficient

for all pads
A chip layout is padhmited when the area, which is surrounded by all pads forming

a ring, is larger than the core area
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1 11 1 Test Structures

il

M*i
2 Photodiodes

3 Photocurrent Source,

Integrator and Amplifier,

Window Current Comparator

4 Counter, Glue Logic

5 Analog Biasing Circuits

Fig 5 15 Die photograph of ARSENIC Overall area is

8330/xm x 3860/xm = 32 15 mm2 The analog circuitry

is shielded with metal 3 to prevent photon generation of

electron-hole pairs outside the photodiode, which could reach

the photodiode and contribute to the current generated by the

photosensor The die bonding in the picture exhibits one of two

bonding schemes, which can be used for different evaluating

purposes
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Measurement

Diode

(c)

Fig. 5.16: Measurement setup with pw+sw (see caption of Fig. 5.7) pho¬
todiodes implemented in 0.6/xm CMOS-technology without

guardrings and without optical shielding. Equal to the mea¬

surement setup illustrated in Fig. 5.17 the pitch (x) of these

photodiodes measures 50 /xm while the light sensing area yields
30 /xm x 500 /xm.
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with metal is necessary. Optical crosstalk results mainly from diffusing
electrons and holes, which are generated outside of photodiodes and in

the neighboring photodiodes. Diffusion lengths can vary up to several

hundred /xm in a standard CMOS-process and therefore metal shielding,
which cannot1 be applied over the whole area of the chip, is not sufficient.

Furthermore, metal shielding does not suppress the diffusion of electrons

and holes from a photodiode to their neighboring photodiode.
In the case of ARSENIC guardrings consist of a p-well connected with a

p-diffusion to ground (see Fig. 5.18). Electrons and holes, which are dif¬

fusing in the p- and n-wells, cannot cross these rings laterally and cannot

contribute to the current of a photodiode, which is on the other side of

the guardring. In contrast to electrons and holes in the p- and n-wells,
electron-hole pairs, which are generated in the epi layer, can diffuse freely
and a part of these particles diffuses to neighboring photodiodes, i.e. they
contribute falsely to the currents of the neighboring diodes.

In Figs. 5.16 and 5.17 different measurement setups are illustrated. In

setup of Fig. 5.16 the optical crosstalk is measured when guardrings are

not implemented, where in Fig. 5.17 the efficiency of guardrings is illus¬

trated. A LED (wavelength 612/xm) is used to generate light, which is

focused by a microscope.
In the measurement setup of Fig. 5.16 the current of the photodiode on

the right side is measured in (a), (b) and (c). No metal shielding is applied
and no guardring is designed around the photodiodes. The measurement

results are listed in table 5.2.

In case (a) the current measured is caused only by diffusing electrons and

holes, which are generated by the LED beam outside of the measurement

diode. The diffusing electrons and holes are not collected in the area,

where they were generated (outside of any diode). The current measured

in case (b) is caused by the LED beam, which directly illuminates the

diode. Case (c) is similar to case (a). Only diffusing electrons and holes

contribute to the current measured. In contrast to (a), most of the gen¬

erated electrons and holes are collected by the neighboring diode to the

left, and only a portion diffuses to the measurement diode.

The measurement results in table 5.2 indicate that electrons and holes

generated outside of the measurement diode diffuse to the measurement

4 Some of the layout cells are supplied by the foundry and cannot be covered with

metal, either because the metal is used within these cells for connections or the

cells are used within the padframe, which cannot be covered due to bonding wires.
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(a)

(b)

Fig. 5.17: Measurement setup with pw+sw (see caption of Fig. 5.7)
photodiodes implemented in 0.6/tm CMOS-technology with

guardrings and optical shielding. The pitch (x) of these pho¬
todiodes measures 50 /tm while the light sensing area measures

30 /tm x 500 /tm.



5. "ARSENIC ", Current-Mode ADCs in ID-Array Configuration 135

diode. In case (a) the measured current is almost equal to the current

measured in case (b), i.e. a large part of the generated electrons and

holes in case (a) are collected by the measurement diode. In case (c) the

amount of diffusing electrons and holes, which is collected by the measure¬

ment diode is smaller, because a large part is collected by the illuminated

diode. Still, an attenuation of only <20dB is observed from the illumi¬

nated to the neighboring diode. This would degrade the the selectivity of

the light measurement considerably.

The measurement setup of Fig. 5.17 evaluates the function of a guardring.
In case (a) of the measurement setup light is applied to the metal 3 shield¬

ing outside the photodiode, whereas in case (b) it is applied to diode 1.

Measurement results of this setup are summarized in table 5.3. Metal

is opaque to light, therefore, the currents measured in setup (a) are not

caused by electron and hole pairs, which are generated by the direct illu¬

mination of the LED. The currents of diodes 1 and 2 are caused by stray

light of the LED beam, where currents of diodes 3 and 4 are accounted to

an parasitic offset current, e.g. measurement setup error. These currents

are used to correct the measurements in setup (b).
In setup (b) the currents in row (b)* result, when currents, which are

caused by stray light of the LED beam and parasitic offsets, are sub¬

tracted from the raw measurement results in row (b). The current of

diode 1 is caused by the direct illumination of the LED. The currents of

diodes 2-4 are caused by the diffusion of electrons and holes from diode

1. The attenuation of more than 60 dB from diode 1 to diode 2, com¬

pared to less than 20 dB without a guardring, shows the effectiveness of

the guardring.
Based on the results from measurement setups in Figs. 5.16 and 5.17 and

the measurements of the quantum efficiencies in Fig. 5.7, the photodiodes
of the photosensor in ARSENIC were designed as illustrated in Fig. 5.18.

5.2.3 Performance

Measurements of ARSENIC were performed with the measurement setup

as illustrated in Figs. 5.19 and 5.20. ARSENIC needs three main input2,
which are dynamical: Basic clock, data clock to access the output data

serially and a phase signal, which sets the measurement and reset times.

To read out the data an enable signal is generated in ARSENIC to impie-
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Setup

(a) 1.09 nA

(b) 1.46 nA

(c) 195 pA

Tab 5 2 Measurement results of measurement setup in Fig. 5 16. The

currents measured are generated by pw+sw type photodiodes
without guardring and without metal shielding.

Setup Diode

1 2 3 4

(a) 20.5 pA 7.2 pA 2.8 pA 2.9 pA

(b) 2.95 nA 22.7pA 7.5 pA 3.9 pA

(b)* 2.95 nA 2.2 pA 0.3 pA 1.1 pA

Tab 5 3 Measurement results of measurement setup in Fig. 5 17. The

currents measured are generated by pw+sw type photodiodes
with guardring and metal shielding.
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Fig. 5.18: Cross section of the sw-photodiode array of ARSENIC.

Metal 3 is used for optical shielding covering guardring and

areas where the diodes are connected with metal 1 connections.

The channel pitch of 100 /tm was given by specifications result¬

ing in an active width of 91.8/tm determined by the design
rules of the 0.6/tm CMOS-process. The length of the active

area measures 500/tm.
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Fig 5 19 Setup for measurements with ARSENIC as the Device Under

Test (DUT). The shielding box provides immunity against the

electrical environment and the microscope is used to focus and

position the LED light exactly on the Photosensor.
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Fig. 5.20: Picture of the measurement setup with pulse generators on the

left side, followed by power supplies, shielding box with micro¬

scope and DUT, logic analyzer and the monitor of the control¬

ling PC.
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ment a handshake protocol. Static input currents have to be provided for

the current comparator reference currents and additional bias currents.

They can be generated easily by variable resistors connected to either

ground or positive power supply.
The clock and phase signals can be generated by a signal processor, which

processes the digital output data of ARSENIC, with no additional inter¬

face hardware. Therefore, the measurement cycles can be controlled by
software in a convenient way.

For the measurements in this work, discrete pulse generators were provid¬

ing the necessary clock and phase signals. The digital output was clocked

into a data acquisition card (PCI), which was controlled by a PC running
LabView Software from National Instruments (http://www.ni.com).

Figs. 5.2] and 5.23 show the noise calculation for a channel as presented
in section 3.2 for two different measurement setups. Fig. 5.21 corresponds
to a measurement without bias current, while in Fig. 5.23 the calcula¬

tion is performed with superimposed bias current. The curves, which are

marked 'Total Noise (AVG)' indicate the overall noise, when during the

given measurement cycle multiple measurements are performed. These

multiple results can be averaged to a single measurement value with a

higher SNR. This process is described in more detail in section 3.2 of

chapter 3.

The quantization noise of the integrated counter in ARSENIC is dom¬

inant with higher input currents as shown in Fig. 5.21. To be able to

measure higher SNRs with higher input currents, an off-chip counter was

used for the measurements with bias current. This is reflected in a very

low quantization noise, which can be observed in Fig. 5.23.

Besides lower quantization noise, Fig. 5.23 shows lower SNRs of the noise

contributions with smaller input current according to 5.51. This is be¬

cause the bias current introduces constant noise in all stages while the

input current introduces noise corresponding to its magnitude.
In comparison to the first implementation example in chapter 3, where

the the noise contribution of the operational amplifier of the photocur¬
rent source is dominant, in ARSENIC the noise contribution of the op¬

erational amplifier is significantly lower according to A. 13. This results

from a different op-amp (lower bandwidth Bp, higher transconductance

gp), larger Avmt and from larger integration capacitance Cmt-

The measurement results in Figs. 5.22 and 5.21 show good correspondence
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Fig 5 21 Calculated SNR contributions of the different noise sources in

ARSENIC without bias current.
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Fig 5 22 Calculated overall SNR of ARSENIC without bias current

compared to measurement results.

with theory, especially in the case where all stages of ARSENIC are used

(Fig. 5 22). In Fig. 5 21 deviations of the measured data compared to

theory occur. The noise of the bias current is verified in section 3 3 2,
therefore the deviations are contributed to the measurement setup. This

is a reasonable explanation, because noise sensitive analog signals have to

be connected to the external counter in contrast to the short integrated
connections when the internal counter of ARSENIC is used.

The dynamic range DR is determined with

DR = (5.4)

The minimal input current i,„m is given by the longest measurement

time. In the case without bias current immm equals 39.5 pA. In the case

with a bias current, 40 pA was measured with a SNR of 52 dB, yielding a

minimum current of 100 fA.

The maximum input current itnmax can be limited by the analog input
bandwidth or by the resolution of the digital counter '. In ARSENIC

5 A higher input current results in a steeper current ramp at the input of the window

current comparator. When the input current is as high that the counter counts
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Fig 5 23 Calculated SNR contributions of the different noise sources in

ARSENIC with a superimposed bias current of 40 pA.
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Fig 5 24 Calculated overall SNR of ARSENIC with bias current com¬

pared to measurement results.

the maximum input current due to the analog input bandwidth was de¬

termined with the measurement of the slope of the input current of the

window current comparator when a voltage step at the input of the inte¬

grator and amplifier stage is applied. The time to cross the comparator

levels was measured to be 100 ns, which corresponds to an equivalent max¬

imum input current of 4.6/tA.
The maximum input current due to the resolution of the digital counter

at 5 MHz is 2.3 /xA. Therefore, the maximum input current in ARSENIC

is limited by the resolution of the digital counter and yields 2.3/xA.
With the maximum and minimum input currents the dynamic range re¬

sults in 95 dB without bias current and 147 dB with bias current. This

very large dynamic range results from changing resolution from full scale

to minimum input current. The resolution at full scale is 1.15/xA com¬

pared to the resolution at minimum input current of 100 fA (with bias

current). A conventional ADC with a resolution of 16 bits is limited to a

dynamic range of 97dB (216).
To ascertain that digital signals of a channel, e.g. clock signals, do not de¬

grade the performance of neighboring channels, the clock signal to all but

only one count when the current ramp is between the low and the high comparator

level, the maximum input current is achieved.
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Fig 5 25 Lasercut metalpath. Additional to the power setting of the

laser, the size of the laserbeam, which can be adjusted and

controlled via an aiming mark, is crucial for good results.
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Fig 5 26 Calculated overall SNR of ARSENIC without bias current

compared to measurement results of an isolated channel.
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Clock frequency Supply current @ 5 V Power consumption

0 MHz 43 mA 215mW

5 MHz 53 mA 265mW

10 MHz 65 mA 325mW

20 MHz 86 mA 430 mW

100 MHz 159 mA 795mW

Tab. 5.4: Power consumption of ARSENIC at different clock frequencies.

one channel was disconnected, i.e. the clock signal connection was laser

cut as illustrated in Fig. 5.25. The functionality of the chip was preserved
with the exception that only one channel was able to perform a measure¬

ment. The results in Fig. 5.26 were achieved with a normal measurement

sequence. They show no significant deviation to the measurement with

all channels working normally in Fig. 5.22.

In table 5.4 the power consumption of ARSENIC is listed. Normal oper¬

ation would be with a clock frequency of 5 MHz resulting in 265 mW. The

rise in power consumption of 50 mW per 5 MHz yields to a total input ca¬

pacitance of approximately 60 pF for all digital gates, which corresponds
to the datasheets values of the process library by the foundry.
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5.3 Conclusions

ARSENIC is an implementation of the SIL ADC concept, which is in¬

troduced in chapter 5, in a frontend system for spectral photometry
In this chapter the design, implementation and measurement results have

been presented and illustrate the successful realization of a system with

64 parallel channels, which converts light at the input of each channel into

digital data at the output Sensor frontend, analog-to-digital conversion

and digital data handling have been integrated in every channel within

a pitch of 100 /tm The overall length of a channel measures 2440 /tm in¬

cluding a photodiode of 500 /tm

Driven by voltage-mode applications like CCD-image sensors, in the past

very few applications include a current-mode multichannel ADC imple¬

mentation, which could be compared to ARSENIC Alternative ap¬

proaches were conducted with a photodiode array multiplexed to an trans-

impedance-amplifier and following single voltage-mode ADC on a separate

die0 Mam challenge of ARSENIC was to determine the best trade-offs

The trade-off between measurement time and performance could be found

with calculations according to chapter i Further trade-offs between area

and power consumption and performance were determined using simula¬

tions

Measurements of the quantum efficiencies of different types of photodi¬

odes, which are realizable in the AMS 0 6 /tm CMOS-process, show better

performance of the p-substrate(p-epi)/n-well diode than of the combined

p-substrate(p-epi)/n-well p-diffusion/n-well diode This unexpected re¬

sult, which is most pronounced at shorter wavelengths, is caused by the

diffusion layer In the highly doped diffusion layer the carrier lifetime is

much shorter than in well areas This leads to shorter diffusion lengths and

less efficiency of the combined p-substrate(p-epi)/n-well p-diffusion/n-well
diode Therefore, the p-substrate (p-epi)/n-well diode was selected for im¬

plementation in ARSENIC

The diffusion length of photon generated electrons and holes is more than

a magnitude larger than the depth of the different layers (diffusions, wells,

epi) Therefore, the depths of the layers is not critical for the sensitivity of

the diode, but applying smaller layer depth the effectiveness of guardrings
would be reduced due to their smaller depths

6 This approach was conducted for the development of the spectrophotometer from

GretagMacbeth AG in Fig ', 1
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The unique design of the overall layout with different sections for analog
and digital circuitry with their respective power supply rings did prove

its suitability. Digital signals (clock, counter) of a single channel do not

degrade the performance of neighboring channels, which was verified with

the measurement of an isolated channel.

The digital circuitry with its small asynchronous counters and the state

machines to convert the parallel outputs of the counters to serial data,
works properly. Digital output data corresponding to the light intensities

measured by all 64 channels can be accessed by a digital signal processor,

microcontroller or similar with a corresponding handshake protocol.

Theoretically calculated performance has been achieved. Measurements

with or without bias current resulted in an overall maximum SNR over

55 dB while the dynamic range was measured to be 95 dB in the case

without bias current and up to 147 dB in the case with a superimposed
bias current. This dynamic range is exceptionally high, when considering
the maximum dynamic range of a conventional (with linear steps) 16-bit

ADC of 97dB. The SNR is slightly smaller than the SNR, which could

be achieved due to the shot noise limit given by the amount of charge col¬

lected. Digital averaging can increase the SNR, while the required higher
measurement rate can be provided due to the parallel design.



6. "ARM ", AN APPLICATION OF

CURRENT-MODE ADCS IN

TWO-DIMENSIONAL (2D) ARRAY

CONFIGURATION

This chapter explores the potential of the SIL ADC concept for 2D-array

implementations. The aim is to integrate in each element of the array the

necessary frontend electronics and a complete ADC. This includes sen¬

sor and signal conditioning if necessary, analog-to-digital conversion and

the digital interface. Main benefits of such a highly parallel implementa¬
tion would be higher speed and less susceptibility to noise introduced by
columnwise readout and multiplexing of analog signals.
Main challenges include the integration of a complete ADC in a very lim¬

ited area (100/tm x 100/tm) while the resolution must be kept in this

application at over 60 dB to detect the information carrying input signal.
The input signal consists of a large bias signal and a small information

signal, which is in the order of 1 %o of the bias signal. The bias signal is

varying in the order of 1 %, which is additionally challenging.

In the literature no 2D-array implementation of a sensor-array with com¬

plete ADC within one array element can be found. Arrays with column-

parallel ADCs can be found in imager applications, e.g. in [2], where pixel
size is in the order of 10/tm x 10/tm and a limited resolution is sufficient.

Some of the reported ADC multichannel implementations are denoted

pixel-level analog-to-digital conversion [hi] [I]. In spite of the claim in

the title, no complete ADC in each pixel is implemented in these designs.
In the cited articles a simple modulator is enclosed within one pixel and

the necessary filtering is performed off-chip. True pixel-level ADCs have
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not been realized until today and is addressed within this chapter with

the use of the SIL ADC.

The application introduced in this chapter is embedded in the environ¬

ment of the development of a new data-storage concept called the "Milli¬

pede" by IBM Research, Zurich Research Laboratory (Dr. Teddy Loeliger,

tlo@zurich.ibm.com), which will be introduced in the following section. It

emerged from a joint research project between the Electronics Laboratory,
Swiss Federal School of Technology Zurich and IBM.

The output of this joint research is a concept including design, simula¬

tions and the implementation of a prototype chip. For this concept the

acronym "ARNI", which is an abbreviation of ^472-ray sensor integrated
circuit for .Millipede, is used in this work.

Until now, circuitry for conceptual testing has been integrated. Although
the circuits implemented within the prototype chip differ slightly from the

circuits simulated, first measurement results nonetheless can be used to

verify the concept and for further development of ARAi.

6.1 The "Millipede"

The "millipede" concept is embedded within the research activities of the

micro- and nanomechanics project at the IBM Zurich Research Labora¬

tory in Rueschlikon. The objectives are the exploration of highly paral¬
lel atomic force microscope (AFM) data storage with terabit/square-inch
capacity and ultra-high storage densities. A detailed description of the

concept can be found in [bQ-].
Millipede consists of a 2D AFM probe array to write, read-back and erase

data in very thin polymer films. Each element of the array consists of an

AFM cantilever with a very small tip at the most forward edge. With

a thermomechanical local-probe technique, nanometer-sized bit indenta¬

tions are embossed by each of the cantilever tips into the polymer layer.
The millipede concept is illustrated in Fig. 6.1. It is based on a mechani¬

cal parallel x/y-scanning of either the entire cantilever array chip or the

storage medium, i.e. polymer film. A feedback controlled z-approaching
and levelling scheme brings the entire cantilever array into contact with

the storage medium. Additionally integrated cantilevers in the corners of

the array chip are used to control and maintain contact of the tips with

the medium. Actuators to control the x/y-axis are located sideways of
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Polymer Storage Media

on x/y/z Scanner

Fig. 6.1: The Millipede storage concept. The x, y and z actuators provide
lateral and vertical displacement of the polymer media with ref¬

erence to the cantilever array. Figure from [6<-t], reproduced with

permission, © 1999 IEEE.

the array chip and are based as well as the actuators for z-axis control on

electromagnetic actuation.

During the storage operation, the chip is scanned over an area called the

storage field by the x/y-scanner. Each cantilever/tip of the array writes

and reads data only in its own storage field. This eliminates the need for

adjustments between different cantilever/tips.
The scanning electron images in Fig. 6.2 show an actual prototype with a

32 x 32 cantilever array. Each of the storage fields measures 92 /tm x 92 /tm,

resulting in an overall size of less than 3 mm x 3 mm for the storage

medium. Assuming a demonstrated areal density of 200 Gb/in2 ', one

storage field has a capacity of 2.6 MB and the entire array with 1024 stor¬

age fields and a size of 9 mm2 results in 2.7 GB of data storage.
The read and write operations are performed using a time-multiplexed

addressing scheme very similar to a dynamic random access memory

(DRAM). While selecting row by row, each cell within one row is ad¬

dressed fully parallel.

1
200 Gb/in2 is demonstrated with the 32 x 32 prototype array. 500GB/in2 is

demonstrated with a single cantilever [ l'].
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Fig. 6.2: Scanning electron images of a prototype cantilever array chip.

Figure from the IBM Journal of Research and Development [70],
reproduced with permission, (c) 2000 IBM.

Writing a bit is achieved by applying a high voltage at the two legs of

the cantilever, heating the tip up to about 400 °C to soften the polymer.
This creates a bit indentation ideally of 40 nm in diameter representing a

logical "1". For sensing, the cantilever tip is operated at about 350 °C,
a temperature that is not high enough to soften the polymer. The air

between the cantilever and the polymer transports heat from one side to

the other. When the distance is reduced and the area of contact or close

contact is enlarged as the tip moves into a bit indentation, the heat trans¬

port between the tip and the polymer becomes more efficient. Hence, the

temperature and the resistance of this cantilever will decrease more than

the temperature and resistance of a cantilever located over a spot with¬

out an indentation. Measuring the differences in resistance provides the

means of detecting the data bits.
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6.2 Concept of AKM

The idea is to design a CMOS 2D-array chip which is located on top of

the cantilever array with interconnections to the legs of each cantilever to

read out and write data as shown in Fig. 6.3. ARAi includes electronic

circuitry to read out the information stored with millipede in parallel.

Fig. 6.1 shows a read cycle of a single bit by a cantilever. The cantilever

acts like a resistance with a diode in series. In a first phase denoted as

| 1 | in Fig. 6.4 voltage V\ is applied which preheats the cantilever. The

resistance Rcl increases until the voltage V\ is lowered and the switch S\

is closed (phase 2
,
measurement phase). Depending on the heat transfer

the resistance Rcl is lowered differently for a logical "0" or "1".

The current through the cantilever is integrated in the capacitance C,

resulting in a output voltage Vout n or Vout i. Due to the high noise of the

cantilever current, a single sample of Rcl taken during the lowering of this

resistance cannot determine the value of the data bit measured. There¬

fore, an integration of this current over the whole measurement phase (
in Fig. 6.1) is necessary. This results in an output voltage difference AVout

when reading a logical "0" or "1" of approximately 1 %o at the end of the

measurement phase. R is used to limit the current through the cantilever

if the cantilever resistance Rcl would decrease unintentionally. This is a

measure of security, i.e. the cantilever cannot be destroyed.
The circuit as shown in Fig .6.1 illustrates the read cycle but can be used

for testing purposes only, i.e. for a discrete implementation. Although the

figure illustrates a working solution, this circuit cannot be used in an inte¬

grated 2D-array chip version because of the required area of capacitance
C. According to the signal levels for the thermomechanical read and write

process, the integrating capacitance C requires an area, which is too large
for the desired area of 100/tm x 100/tm/array element by more than three

orders of magnitude.
The design of ARAi does overcome this problem by the use of a current

divider at the input of ARAi.

Tab. 6.1 summarizes the specifications which are determined by the nec¬

essary operational conditions of the cantilever.

Due to the relatively long time which is needed to read out data, a highly

parallel architecture is required to achieve a competitive data rate. Cur¬

rent flash memory cards reach data rates in the order of 20 M bit/s, which

defines the desired data rate for millipede. It is important to point out
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CMOS Array

Cantilever Array

Fig 6 3 Scheme of the data flow of Millipede. The CMOS array is located

on top of the cantilever array, providing the same electronic cir¬

cuits for reading and writing for each cantilever.

Data for writing is serially loaded and passed to the selected can¬

tilever row. Reading data is initiated by selecting the cantilever

row followed by serial read out of the entire row. As an alter¬

native data can be read in for writing and read out in a parallel
mode with the additional peripheral 'DEMUX' and 'MUX'.
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Cantilever
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s2
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-^ r

Fig. 6.4: Single Cantilever read out circuit with corresponding signal
forms. The read cycle consists of two phases: 1 preheating the

cantilever, 2 measurement (integration) phase.
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Maximum area for one circuit 100/xmxlOO/xm

array element

Cantilever resistance Rcl 3kQ
..
5kQ

ARcl reading "0" or "1" 1%0

Large signal cantilever current i (measurement) 0/xA .. 300/xA
Current matching between two cantilevers 1%

Measurement time t (phase 2 in Fig. 6 1) 20/ts

Tab 6 1 Specifications of the read parameters derived from the necessary

operational conditions of the cantilever. The maximum area is

given by the size of one array element of the cantilever array.

that highest data rate is not the main objective of millipede. The primary

design goal is very high density to store high amounts of data in limited

space, e.g. for storing databases in mobile devices.

Data is accessed by a row- by-row addressing scheme with multiplexing in

the columns and serial column-level readout as illustrated in Fig. (> 5. Re¬

sults stored within one column are read out serially during the subsequent
conversion period, while the next row is selected for sensing. This high
level of parallelism leads to the requirement that the read-out circuitry
needs to be integrated for each element of the 2D-cantilever array.

In a first step, a read-out circuit, which consists of the sensing analog
electronics and analog-to-digital conversion suitable for 2D integration

was designed and simulated. A test circuit was implemented and first

measurement results for concept verification were obtained.

The block diagram of a channel, which is designed for a true 2D imple¬
mentation is depicted in Fig. 6 5. It consists of the cantilever including
the current limiting resistor R and ARAi, which encloses front-end cir¬

cuitry and analog-to-digital conversion.

The differences of ARAi to ARSENIC include the front-end circuitry,
which is adjusted to the respective sensor. In ARAi a reference current

iref is subtracted before the SIL ADC to limit the dynamic range, while

in ARSENIC a bias current is added to provide a minimum input signal.

Additionally, ARSENIC features a more sophisticated digital interface

to simplify the digital data access from outside of the chip, e.g. from a
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¥

30/1 2 2/1 2

u n.
7

Fig 6 6 Three stage current divider of ARAi. To keep a constant factor

of the division, the length of each transistor pair is equal. In the

third stage the gate length of the transistors is long to achieve

high output impedance.

following microprocessor.

6.3 Implementation

ARAi and the first prototype asl were designed using the CADENCE

design environment with the integrated designkit for the 0.35/tm CMOS-

process from AMS.

Current Divider

The integration capacitance C must be reduced when the targeted area

is given at 100 /xmx 100/tm and the current from the cantilever i averages

150 /xA. When the integration time t is fixed because of physical properties
of the read process and the voltage swing V over the capacitance can only
be slightly modified, the input current i must be adjusted to allow a

smaller capacitance C according to
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.7: Integrator and subtractor stage of ARAi. The integrating ca¬

pacitance Ctnt yields 6pF. The reference current iref has to be

provided externally or by a memory cell which stores the previous
value (see text).
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Fig. 6 6 shows the current divider, which is the first stage of ARAi. It

divides the incoming current from the cantilever by a factor of 2100. This

reduces the area of the capacitance from 0.2 mm2 (850 pF) to 1320/tm2
(6pF), which is reasonable in terms of the available overall area of a

channel2.

Integrator and Subtractor

The following integrator and subtractor in Fig. 6 7 integrates the divided

current, converts the integration voltage to a current and subtracts a ref¬

erence current to limit the dynamic range of the following stage. This

reference current should correspond ideally to the integrated cantilever

current when reading a logical "1". Then, the output current of the in¬

tegrator and subtractor yields either zero, when the cantilever is over a

logical "1", or the output current is not zero, which corresponds to a

logical "0". The reference current corresponds to a logical "1" that the

absolute flow direction of the output current conforms to the circuit topol¬

ogy of the following stage.
The generation of such a reference current is critical due to the variation of

the cantilever current of 1% from one cantilever to another. The difference

between a logical "0" and "1" is only 1 %o, therefore, a single reference

cantilever for the array, or even for each row, cannot generate an accurate

reference current. A solution is to store and subtract the previous current

of the same cantilever. The large signal part of the current from a can¬

tilever is equal from measurement to measurement. When the digital bit

is not changed between two measurements, the subtraction yields zero.

When the digital bit has changed the subtraction yields only the differ¬

ence due to the bit change, without the large signal offset. Bit changes

(not the absolute value) could be detected easily with a comparator.

SIL ADC

The integrator and amplifier stage and the current comparator in Fig. 6 8

and Fig. 6 () are similar to the implementations in ARSENIC. Complex¬

ity is lower because only a digital decision between "0" and "1" has to be

2 The voltage swing over the capacitance C is reduced from 3 5 V to 240 mV
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Fig. 6.8: Integrator and amplifier stage of ARAi. Similar to the corre¬

sponding stage of ARSENIC in Fig. 5.8 without bias current

circuitry and without regulated cascodes. The integrating ca¬

pacitance Cmt yields 0.5 pF.

¥

vref 12/1 2

"D>0—f^-Q

Fig. 6.9: Current comparator of ARAi. On the contrary to the window

current comparator of ARSENIC in Fig. 5.9, this is a compara¬

tor with only a single decision level. The first current mirror in

the window comparator of ARSENIC is moved in this imple¬
mentation to the integrator and amplifier stage.
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Fig. 6.10: Counter and Latch of ARAi with parallel read out.

made instead of a linear conversion over a wide input range. In the inte¬

grator and amplifier stage no bias current is used to generate an output

value at zero input current. When the counter is not stopped during the

measurement phase due to a zero or very low input current, a logical "1"

is assumed.

Counter and latch are designed in the same circuit element. When the

counter has come to a stop, the value in the latch is frozen and can be

read out. If a serial read out is desired, the counter and latch could be

extended as in Fig. 5.10.

Performance

The functional simulation revealed correct function of ARAi. As an input

a current with a shape similar to the cantilever current shape was supplied.
The integral of this current was varied by 2%o with a slightly higher peak
value of the current in one case. Measurement time was 20 /xs, iref was

60.05 /xA and the clock frequency was 10 MHz.

After the integrator and subtractor the output currents were 13.6 nA and

130 nA respectively, corresponding to a logical "1" or "0". The digital

outputs were 63 and 7 respectively, which allow to distinguish a logical
"0" from a logical "1" in this functional simulation.
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Current Divider:

Thermal noise @ 100 kHz bandwidth

Flicker noise @ 10 kHz bandwidth

63 dB

62 dB

Integrator and Subtractor:

Shot noise

Thermal noise @ 100 kHz bandwidth

70 dB

96 dB

SIL ADC Integrator and Amplifier:
Shot noise

Thermal noise @ 100 kHz bandwidth

59 dB

82 dB

SIL ADC Current Comparator
Thermal noise @ 100 kHz bandwidth 84 dB

SIL ADC Counter and Latch:

Quantization noise 33 dB

Ta b 6 2 Estimation of noise in ARAi. All noise sources except the quan¬

tization noise of the counter and latch should not lower the SNR

beyond 60 dB which is needed due to the input signal variation.

For the quantization noise of counter and latch stage, 18.5 dB

are estimated to be sufficient (see text).

An estimation of the major noise sources was performed. To compare

the different noise sources, the SNR at the different stages is calculated

according to

SNR = 20 logwS'3nalAmplitude
^ (g 2)

iv OlSeAmplitude

The results are listed in Tab. 6 2.

Thermal noise was estimated according to 3 20 with Bn = 100kHz. 1/f
noise was estimated using measurements of transistors integrated in 0.6 /tm

CMOS-process performed by AMS as shown in 3 7. The flicker noise esti¬

mation of the overall circuit is performed in the current divider, because

the signal is not yet amplified and in the third stage of the current divider

the smallest transistor with the highest amount of 1/f noise is used. The

flicker noise current was estimated @ B = 10 kHz and Ius = 72 nA to be

0.06nA, which results in a SNR of 62dB.

The thermal noise of the current divider is calculated for each of the three
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stages according to appendix A. With g2 << g\, the SNR results in

SNR = —^=±^ = ÇâdB. (6.3)
y/AakTB 9\

The SNR caused by shot noise in the integrator and subtractor as well

as in the integrator and amplifier stage of the SIL ADC, is calculated

according to equation 3.16.

Thermal noise sources were estimated with in0ise = \JAkTgB. The values

for the transconductances g of the relevant transistors were obtained by
simulations. The SNRs given in in Tab. 6.2 for the thermal noise represent

the most noise critical transistors in these stages.
The quantization noise in the SIL ADC is calculated according to 3.36,
with très =100 ns, Cmt = 0.5 pA, Vmt = 0.25 V and a minimum current of

'm = 5nA.

Noise in all stages, except the quantization noise of the counter and latch,
must not lower the SNR beyond 60 dB due to the signal difference of l%o.

Quantization noise of the counter and latch is not as critical, because only
a discrimination level has to be introduced to attribute a logical "0" or

"1" to the digital output value. In memory application, like magnetic

recording (hard disc etc.), a bit error rate of 10~5 is used as a design

goal [<')]. A relation between SNR and the bit error rate can be calculated.

In [7i] this relation is plotted with the assumption of gaussian noise,
which is also assumed in ARAi. To achieve the desired bit error rate

of 10~5, a minimum SNR of 18.5 dB must be achieved. The raw error

rate can be reduced significantly with the use of error correcting codes to

achieve the desired error rate of the application at the expense of lower

information density. In millipede error correcting codes are introduced

in the controlling digital circuitry, which processes the output signals of

ARM.

In Tab. 6.2 the noise contributions from the current divider and shot

noise in the second integrator are critical. The values are based on several

assumption, e.g. bandwidths at the corresponding nodes, which affect

the SNR. Therefore, even though the estimation of noise is close to the

maximal tolerable limit, an implementation in silicon is necessary to verify
the noise calculation and if the bit error rate is competitive.

The CMOS 2D-array chip is placed on top of the cantilever array (Fig. 6.3)
and therefore, the same amount of area is available for the electronic cir¬

cuitry. An estimation of the area consumption is illustrated in Fig. 6.1 1.
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Bias Transistors

Integrating

Capacitance
Current Divider

100x100jim

SILADC ntegrator and Subtractor

Fig 6 11 Layout estimation of ARAi. All stages of Fig. 6 5 were designed
in the 0.35/tm CMOS-process from AMS and placed into the

available area of 100/tm x 100/tm. Connections and an optional
current memory cell of approximately 20/tm x 25/tm are not

included.
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All elements of ARAi are placed in the targeted area of 100 /tm x 100 /tm.

The layouts are implemented in the 0.35/tm CMOS-process from AMS.

Even with the metal connections, which are missing in this estimation,
the implementation does fit into the given amount of silicon.

In ARAi it is assumed that a reference current is provided externally.
This current could be provided by the previous value of the cantilever.

To store this current a current memory cell has to be implemented addi¬

tionally in each array element. In [72] a memory cell, with the required

precision at 100 kHz cycle frequency, was implemented in a 1 /tm CMOS-

process. The area consumption was 40 /xmx 50 /tm. The area of this mem¬

ory cell is estimated at 20/tm x 25/tm when implemented in a 0.35/tm

CMOS-process. Hence, it would fit additionally into the layout of ARAi.

A prototype of ARAi was implemented by IBM. The prototype and the

measurement results were presented in [>' ',]. Due to permanent continuing

development of the Millipede project, especially in terms of specifications
of the read and write cycles, adjustments were introduced in the electronic

circuitry.
In Fig. 6.12 the block diagram of asl is illustrated. The preamplifier is

implemented as a current divider. In contrast to the simulated concept,

only a single current mirror is used. As a consequence, the capacitance
in the integrator has to be larger. The reference current iref, which is

subtracted before the integrator, is not derived from a specific cantilever.

Therefore, iref cannot be used to cancel the entire offset from cantilever

signal. It is used to limit the dynamic range of the following stages. The

comparator is designed to store the previous value and use this value as

a variable comparator level.

Comparator, counter and latch perform the analog-to-digital conversion.

Further details of the implementation can be found in [7 ',].
Fig. 6.13 shows a picture of the implemented chip and in Tab. 6.3 and

Fig. 6.1 I measurement results of this implementation are summarized.

In Fig. 6.14 two sets of measurement samples show digital output values

of the counter. Input currents were 620 /xA and 620 /xA - 0.6 %o of the car¬

rier signal, which equals 619.630/xA. It can be concluded from Fig. 6.14

that the minimum signal difference at the input results in digital outputs,

which can be recognized as logical "0" and "1". Hence, the bits written

to the polymer could be read correctly. The overall SNR of the proto¬

type is 15 dB, which is dominated by the digital quantization noise. The
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Fig. 6.13: Chip photograph of asl. The different channels exhibit several

variations for testing purposes. Emphasis was put on the mea¬

surement of the functional and noise performance to prove the

feasibility of the concept.

quantization noise equals not yet the minimum SNR of 18.5 dB for the

targeted bit error rate of 10~5. Therefore, the design must be adjusted
with changing the trade-off between area, measurement time and perfor¬
mance. Larger area can provide better transistors or correlated double

sampling (CDS), whereas longer measurement time can reduce noise with

the use of larger capacitances.
Tab. 6.4 summarizes the performance of the SIL ADC in asl. The chip
area includes circuitry with additional multiplexers and additional mem¬

ory for testing purposes. Omitting these parts would reduce the area used

to 0.022 mm2 without changing the circuit.

6.4 Conclusions

ARAi is an application of the SIL ADC concept introduced in this chap¬
ter. It explores the feasibility of a 2D-array implementation with sensor

frontend and analog-to-digital conversion in every element of the array.

In comparison with ARSENIC where the sensor frontend was included
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.14: Measurements performed with asl. Two input currents corre¬

sponding to digital "0" and "1" were measured 100 times. Mag¬
nitudes were 620/xA (carrier only) and 619.630/xA (carrier and

information signal), which equals to a difference of 0.6 %o. The

clock frequency was 50 MHz, resulting in measurement times of

5/xs for the carrier and 110 ns for the information signal. Noise

was measured at 1 digital count, which equals 20 ns.

Input:
Carrier 620/xA
Information signal 370 nA

Carrier-to-noise ratio 80 dB

Analog-to-digital converter:

Carrier 5.0/ts
Information signal 110 ns

Noise (see Fig. 6.14) 20 ns

Carrier-to-noise ratio 48 dB

General:

Signal-to-noise ratio 15 dB

Tab. 6.3: Measured signal performance of asl.
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Speed (conversion rate) 100kSamples/s
Resolution 8-bit

Sensitivity (noise) 1.0 LSB

Chip area 0.055 mm2

Power consumption 4.2 mW

Tab 6 4 Performance of the implemented SIL ADC fabricated in 0.35 /tm

CMOS-technology operated at 3.3 V.

monolithically on the same die, the sensor itself is integrated on a separate

chip. Still, signal conditioning of the sensor signal is integrated in ARAi.

ARAi was developed in collaboration with a industrial partner for use

in a future data-storage concept with very high storage density up to

1 Tb/in2. Specifications for the concept and design phase of ARAi were

settled when the work started. They changed for the prototype imple¬
mentation asl and they will change for final implementation. Therefore,
the main goal was to show the feasibility of a 2D-array implementation.

Although the overall SNR of 15 dB has to be slightly increased to 18.5 dB

to achieve a competitive bit error rate of 10~5 without the use of a too

costly error correction code, the 2D-array concept in ARAi can be used

in millipede to achieve Tb/in2 storage density.

Measurement results of asl showed very promising results. With a rep¬

etition rate of 100 kHz, the information signal superimposed to a carrier

signal could be detected with a SNR of 15 dB, while the input signal-to-
carrier ratio was smaller than -60 dB. The area consumption of 0.055 mm2

for each array element, 0.022 mm2 without circuit elements, which are

used for testing purposes only, is larger than the targeted area of 0.001 mm2.

Main reason is the current divider at the input of ARAi. The current

divider implemented in asl has a lower division factor resulting in a larger
first integration capacitance. This capacitance accounts for half of the area

of an array element. In a recent redesign, from which no samples were

available for measurements yet, the area could be reduced to 0.0095 mm2

for an entire channel, which meets the targeted specifications. Improve¬
ments other than the current divider resulted mainly from newer process

technology.
The very small chip area allows parallel implementation of the readout cir¬

cuitry. Hence, high data rates are achieved by parallel operation, which is

a key element in data storage applications. Especially in Millipede, where
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the measurement time of a single cantilever is relatively long due to the

physical process of reading, parallelism is of eminent importance.

As a conclusion the ARAi concept shows the feasibility of a 2D-array

implementation of the SIL ADC concept. It is the first implementation
of a sensor front-end with a complete ADC within one array element.

It has been demonstrated, that the SIL ADC concept is scalable to be

implemented in a reduced area of smaller than 100/tm x 100/tm. Area

consumption and performance meet the specifications in the presented
case of the electronic readout circuitry for the data-storage concept Mil¬

lipede.



7. CONCLUSIONS

In this work a new current-mode analog-to-digital conversion concept,
based on the ramp conversion principle, was analyzed, developed and

realized in hardware for different applications. It is well suited for the

conversion of ultralow sensor current signals (fA-range) and for the im¬

plementation in an array arrangement, due to its simple and area-effective

design. Because the main converter stage is similar to a switched-current

(SI) memory cell, it is named switched-current-like analog-to-digital con¬

verter (SIL ADC) concept. The concept is independent of technology
features and therefore well suited to be implemented in CMOS technol¬

ogy together with other elements of an overall system. Additional to

performance benefits, such a system-on-a-chip profits from economical

advantages.

The main stage of the SIL ADC concept consist of an integrating and am¬

plifying MOS transistor. The voltage over the gate-source capacitance of

the integrating transistor, i.e. the charge in the gate-source capacitance,

corresponds to the output current of this stage. A measurement cycle
includes the time between two fixed output current levels of this stage.

Therefore, the nonlinearity of the transistor does not come into effect,
because in each measurement cycle the charge difference between the two

output current levels is constant independent of the input current. This

results in a inherent linearity, which is a main feature of the concept.

Additionally, the integrating gate-source capacitance can be implemented

approximately one order of magnitude smaller than the corresponding ca¬

pacitance in a classical integrator, where the capacitance is in the feedback

loop of an operational amplifier. This results in corresponding higher sen¬

sitivity.
The output current of the main stage is processed by correlated double

sampling (CDS), which cancels clockfeedthrough (CFT) errors. In con¬

trast to most application of CDS in the literature, in the SIL ADC, CDS is
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used with a fixed signal difference instead of a fixed time difference for one

measurement. Besides slightly better noise characteristics this guarantees

equal charge difference on the integrating and amplifying transistor stage
with varying input currents of the converter.

A bias current, which is used to provide a digital output, even with very

low input currents, is supplied by a current source. The bias current must

be introduced parallel to the input current, which is problematic due to

the noise contribution added. Therefore, a current source was designed
to introduce only shot noise, which could be achieved with weak-inversion

operation and was verified with simulations and measurements.

Noise sources of the SIL ADC concept were identified and a detailed anal¬

ysis to predict the performance of the converter was performed. From

these results it can be concluded that the dominant noise sources are de¬

termined by the specifications of the actual application and technology
used. In general, when longer measurement times are available, the noise

can be reduced, e.g. with larger integrating capacitance or by averaging.

In a second part of this work, the noise properties of CDS were inves¬

tigated with respect to two different measurement schemes. CDS with

fixed time difference was compared to CDS with fixed signal difference,
which is used in the SIL ADC. Simulation with low frequency noise signal

components showed in both cases that noise was suppressed equal to a

first order highpass filter with a corner frequency of
^xï,

where At is the

measurement time without noise.

With higher frequency noise CDS with fixed signal difference does sup¬

press noise, while CDS with fixed time difference does not. Simulations

showed a first order highpass behavior, equal to the simulation with low

frequency noise, but with a corner frequency, which depends on the noise

magnitude.
To verify how amplitude noise, which is added to a ramp current and

processed by CDS with fixed signal difference, is transferred to measured

time noise, simulations and measurements were performed with different

noise sources. Integrated and non-integrated noise showed the same noise

power (equal SNR) of the measured time noise and the amplitude noise

added to the input current ramp of CDS.

Several applications were presented in this work, which illustrate various

features of the SIL ADC concept.

A first implementation, which was developed in an earlier stage of this

work and therefore is not in all aspects the best possible solution, showed
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that currents down to the fA-range could be processed with a dynamic

range up to > 145 dB.

The main application of this work is ARSENIC
,
which demonstrates a

complete system-on-a-chip solution for spectral photometry implemented
in 0.6/tm CMOS technology. The 64 channel parallel arrangement uses

light as an input and can be connected directly to a microprocessor to

deliver digital data with a handshake protocol. This application shows

the array capability of the SIL ADC concept. With a resolution of 16 bits

and an input range from 80 fA to 1.3 nA the ADC of one channel occupies

100/tm x 1900 /tm of silicon area.

With ARAi it could be shown, that a two-dimensional (2D) array im¬

plementation of the SIL ADC concept is feasible, when the resolution re¬

quirement is lowered. Although in the literature some reported ADC mul¬

tichannel implementations are denoted p«ce/-fefe/-analog-to-digital con¬

version [d<] [I], no complete ADC in each pixel is implemented in these

designs. In ARAi a complete ADC is integrated in each array-element.
With a size of approximately 100/tm x 200/tm, a 8-bit resolution with a

repetition rate of 100 kHz could be achieved. In comparison to ARSENIC,
this high repetition rate is possible due to the much higher input current

of 150/xA. Similar to ARSENIC, small input current can be processed
with very high accuracy. This is necessary because the information hold¬

ing input current of ARAi equals only 1 %o of the overall input signal.
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A. ADDITIONAL NOISE

CALCULATIONS

A.l Current Mirror Noise

Equivalent input noise calculation of a current mirror with transistors T\
and T2 and according (constant) transconductances gi and g2

Output noise inout'-

In out
= Vl'Tln + lT2n

iTln, it2„ noise contribution from transistors T\ and T2

AakTB

'>'Tln = 921

*T2,

9i

^AakTBgz

(A.l)

(A.2)

(A.3)

êi

1

1

f~

I

->

T, T2

a 2

Fig A 1 Circuit diagram for the calculation of the current mirror noise

contribution.
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a noise factor of transistors, k Boltzmann constant, T absolute tempera¬

ture, B noise effective bandwidth. With A 1, A 2, A 3 and

i2 =i2 ^-
nm n out 2

92

the noise equivalent input current iln neq
and the SNR result in

(A.4)

AakTB
9i(9i A-92)

92
(A.5)

SNR =

1 92

l%n neq
AakTB gi(gi + g2)

(A.6)

A.2 Operational Amplifier Noise

Fig A 2 Circuit diagram for the calculation of the operational amplifier
noise contribution.

Equivalent input noise calculation of the operational amplifier in the pho¬
tocurrent source of the SIL ADC. The variables correspond to Fig. A 2

when not stated differently.

The thermal noise current inp in the channel of the input transistors of

the operational amplifier yields

np
= npAakTgpBp, (A.7)
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and the corresponding voltage vnp at the input equals

n„AakTB.

9p
v2np = P P

(A.8)

with np = 2 if the input stage of the operational amplifier is built differ¬

entially or with np = 1 if the input stage is built with a single transistor.

a stands for the noise factor of the FETs, k for the Boltzmann constant,

T for the absolute temperature, Bp for the noise effective bandwidth of

the input transistors and gp for the transconductance of the transistors.

The noise voltage vn over the integrating capacitance is

vn = -^r-vnp (A.9)
Cmt

and the noise equivalent input current im neq yields

_

vnGph
I'm neq a ,

with At as the measurement time

(A.10)

At = CPhAvmt. (A.ll)
I'ph

Avmt equals the voltage difference on Cmt during one measurement cycle
and iph the output current of the photocurrent source.

With A.8, A.9 and A.]] the noise equivalent input current A.10 caused

by thermal noise of the operational amplifier in the photocurrent source

yields

_

Gph npncDSAakTBp .

I'mneq f^ \ \ 1'phi x^-'*-^)
Cmt LAVmt V 9p

with ncDS as the factor caused by CDS (see section 3.2). The SNR then

yields

SNR =

CmtAvmt I gP
. (A.13)

Gph y npnCDS^OikTBp



B. LIGHT SPECIFICATIONS FOR

AJISENXC
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Specifications of the Incident Light

FS(X)

FSN(X)

MS(X)

400 430

S

N

FS(X) SmaxW

MS(X) SmirA)
FSN(X) = N(FS(X))

FSSNR(X) =

FS(X)

FSN(X)

FSDR

DR(X)

F<^

F<^
1 °min

FS(X)

MS(X)

ODR

F<^

r°may

500 730

-/n

MS„-

optical power density of the signal

noise-equivalent optical power density

full-scale optical power density

minimum-scale optical power density

full-scale noise-equivalent optical power density (maximum)

full-scale signal-to-noise ratio (minimum)

full-scale dynamic range

dynamic range

overall dynamic range
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