| ELSEVIER |

A Baker’s Dozen

Real Analog Solutions

for Digital Designers

Newnes



A Baker’s Dozen






A Baker’s Dozen
Real Analog Solutions for Digital Designers

by Bonnie Baker

o AMSTERDAM e BOSTON e HEIDELBERG ¢ LONDON
. NEW YORK e OXFORD e PARIS ¢ SAN DIEGO
M SAN FRANCISCO e SINGAPORE ¢ SYDNEY ¢ TOKYO

ELSEVIER Newnes is an imprint of Elsevier Newnes




Newnes is an imprint of Elsevier
30 Corporate Drive, Suite 400, Burlington, MA 01803, USA
Linacre House, Jordan Hill, Oxford OX2 8DP, UK

Copyright © 2005, Elsevier Inc. All rights reserved.

No part of this publication may be reproduced, stored in a retrieval system, or
transmitted in any form or by any means, electronic, mechanical, photocopying,
recording, or otherwise, without the prior written permission of the publisher.

Permissions may be sought directly from Elsevier’s Science & Technology Rights
Department in Oxford, UK: phone: (+44) 1865 843830, fax: (+44) 1865 853333,
e-mail: permissions @elsevier.com.uk. You may also complete your request on-line via
the Elsevier homepage (http://elsevier.com), by selecting “Customer Support” and then
“Obtaining Permissions.”

@ Recognizing the importance of preserving what has been written,
Elsevier prints its books on acid-free paper whenever possible.

Library of Congress Cataloging-in-Publication Data

Baker, Bonnie.
A Baker’s dozen : real-world analog solutions for digital designers / by Bonnie Baker.

p. cm.
ISBN 0-7506-7819-4
1. Digital integrated circuits--Design and construction. 2. Logic design. I. Title.

TK7874.B343 2005
621.3815--dc22 2005040558

British Library Cataloguing-in-Publication Data
A catalogue record for this book is available from the British Library.

For information on all Newnes publications
visit our Web site at www.books.elsevier.com

0506 070809 10987654321

Printed in the United States of America

Working together to grow
libraries in developing countries

www.clsevier.com | www.bookaid.org | www.sabre.org

ELSEVIER BOOKAID g0 Foundation



Contents

PPEFACE ...euunaeannanenniiienniirenioienistenssssanssssassossssssssssssssnssssssssssssssssssssssasssssas ix
Acknowledgments ..................uuuueiiiiiiiiiiiniieieeieeeeeeeeeeeeneeeeeeeeeeeeaeeaeaeaaaaaea.. xi
ADOUL Ehe AULROF .........cuueennneannnnniinnnniiiieneeiiiieneieiiennecsitenaessseasessessesnees Xiii
Chapter 1: Bridging the Gap Between Analog and Digital .............................. 1
Try to Measure Temperature Digitally..........cccoooueieiiiiiiiiiiiiieie e 6
Road BIOCKS ADOUNA .....coutiiiiiiiiiieiie ettt ettt ettt e bt e nbee b e i 8
The Ultimate Key to ANAlOZ SUCCESS ...ccvuieriiiiriiieeiieeiie ettt ettt ettt seeeseaeeeeiee e 14
How Analog and Digital Design Differ .........ccccoooiiiiiiiiiiiiiie e 15
Time and Its INVEISION.......cccoeiiiiiiiiiiiiiiiiic e e 20
Organizing YOUT TOOIDOX ...c..ceiuiiiiiiieiiieeie ettt ettt ettt 21
Set Your Foundation and Move On, Out of the BOX ......c..ccccociiiiiiniiiniiiice 22
Chapter 1 REEIENCES .....ccueeiuiiiiiiiiieiiie ettt sttt ettt 23
Chapter 2: The Basics Behind Analog-to-Digital Converters.......................... 25
The Key Specifications of YOUTr ADC .....cc.cooiiiiiiiiiiiieiteeee e 28
Successive Approximation Register (SAR) CONVEIterS........coceerierierieneeneenienienieneeneenneens 40
Sigma-Delta (E—A) CONVETLEIS .....ccueeruiiriiiriieniieriieniiesite sttt ettt te st te st e st e sbeesbeesbeesbeesbeesbeesieens 46
CONCIUSION ..ttt ettt e bt e ae e e tt e e bt e e sabeesabeesabeeeabeeebeeensbeesaseesareas 59
Chapter 2 RETEIEINCES ....vveeuviieiiieieeeiee ettt ettt ettt e te e e b e e ssbaeestaeessaeensaeesssaessseesnsens 60
Chapter 3: The Right ADC for the Right Application................................... 63
Classes Of INPUL STZNALS ...vvieiiiieiiieeiie ettt e tee et e e saeessreesnseeenseas 65
Using an RTD for Temperature Sensing: SAR Converter or Sigma-Delta Solution? ............. 72
RTD Signal Conditioning Path Using the Sigma-Delta ADC ..........cccccovirininiiniiniceeee. 76
Measuring Pressure: SAR Converter or Sigma-Delta Solution? ...........ccccoeceveiniiniinicnnennne. 77
The Pressure Sensor Signal Conditioning Path Using a SAR ADC ........cccoevvieeiieenieenienne, 79
Pressure Sensor Signal Conditioning Path Using a Sigma-Delta ADC.............cccccoceriinnnnnee. 80
Photodiode APPIICALIONS ...euvieiiieeiieeiie ettt eiee et et eeeiee et e e teeeeaeeseaeesaseessseesnseesnseeensneesneennes 81
Photosensing Signal Conditioning Path Using a SAR ADC .........cccoviiiiiiniininiiicececee, 81
Photosensing Signal Conditioning Path Using a Sigma-Delta ADC .........cccccooeriiriiricnennne. 82
MoOtor CONtrol SOIULIONS ......veiiuiieriiiiiieeiie ettt ettt ettt et esabee st eebeeenbae e e 83



Contents

CONCIUSION ..ttt ettt ettt e et et e bt e bt e e sbbeesabeesabeeeabeeembeeebaeenabeenanes 88
Chapter 3 RefEICICES ....uvveiiiiiiiie ettt e et e st e et e e ssteeesseeessaeenseesnseennns 89
Chapter 4: Do | Filter Now, Later or Never?...............couuueeeeeeicieeeeeennnnnnnnnne 91
Key Low-Pass Analog Filter Design Parameters ............ccoevcveeeiieeiiieenieenieesieesieeeiee e 95
Anti-Aliasing FIlter TREOTY .......ooouiiiiiiiiii et 103
Analog Filter REaliZation ...........cocuiiiiiiiiiieiiieciee ettt ettt et e et e eaee e e 105
How to Pick Your Operational AMPIIET........ccueeriiiiiiiiiieie et 108
Anti-Aliasing Filters for Near DC Analog SignalsS..........cccoeviiiiiieriiieniieiiieciee e 109
MUILIPIEXEA SYSTEIMIS ..cnvteeiiieeiiieeitie ettt ettt ettt ettt et eesbteesabeesabeesabeesabeeebeeenaeeenas 112
Continuous ANAlOZ STZNALS.......eeiiuiiiiiieiiiecieeee et see e sae e e eebeeebeeebeeeaneesnneenes 114
Matching the Anti-Aliasing Filter to the SyStem ..........ccoovieiiiiiiiiniieniieiceceee e 115
Chapter 4 RefEICICES .....vveiiieiiie ettt ettt e et e ettt e e eeeessaeesabeeesbeeenseeensaeesseenssennns 116
Chapter 5: Finding the Perfect Op Amp for Your Perfect Circuit ................. 117
Choose the Technology WISELY ......ciiiuiiiiiiiiiiieiieeiee ettt e e 121
Fundamental Operational AMpPlfier CITCUILS.........eeviruiriieeiieeiieieeie e 122
Using these FUNdamentals ...........cccooouiiiiiiiiiiiiieee ettt 129
Amplifier Design Pitfalls .........coooiiiiiiiiiii e 131
Chapter 5 RefeICINCES ... ..eiiuiieiiieeiie ettt ettt ettt st s e ebeeeaeeenaeeenes 133
Chapter 6: Putting the Amp Into a Linear System..................eeeeeeeeeeeeennnnn. 135
The Basics of Amplifier DC Operation..........cocceeuiviieiiriiiriienniieiieieeieeieereeeeeee e 137
Every Amplifier is Waiting to Oscillate, and Every Oscillator is

Waiting t0 AMPIITY ...ooueiriiiieie ettt 151
Determining System Stability .........cccceeviiiiiiieiiiieiie ettt ree e e sene e 157
Time Domain Performance............cooiiiiiiiiiiiiiiiiiicete ettt 161
GO FOTTN ottt 163
Chapter 6 REfEIENCES .....ccueriiiiiiiiiiieieec ettt et st 164
Chapter 7: SPICE Of Life..........cieiiieeeeeeeeeeeeeeeneeeeeeeeeeeeeeeeeeeesesseesseeeseeeees 165
The Old Pencil and Paper Design ProCess.........cociiiiiieiiiiiieiieieeeeie e 172
Is Your Simulation Fundamentally Valid?............ccccceeiiiiiiiiiiierieeeeeeee et 175
Macromodels: What Can They Do? ......cocooiiiiiiiieeeee e 179
Concluding REMATKS.......cooviiiiieiiie ettt ettt e et e e e et e e snbeeenbaeenneennseenes 183
Chapter 7 REEIENCES .....ccuveeuiieiieiiee ettt ettt ettt ettt ettt et ettt et e e eneens 184
Chapter 8: Working the Analog Problem From the Digital Domain ............. 185
Pulse Width Modulators (PWM) Used as a Digital-to-Analog Converter.............cccccecueeunen. 188
Using the Comparator for Analog CONVETSIONS ........cccueirriieeriieeriieenieenieesiteeieeeieeesieeenieeenes 194

vi



Contents

WiINAOW COMPATALOT ... ..eiuiiiiiieiiieiieie ettt ettt ettt et ettt ettt e neene et e aeeneeaneeas 196
Combining the Comparator With @ TIMET .........c.ceeeuiieiiiiiieerie e 197
Using the Timer and Comparator to Build a Sigma-Delta A/D Converter ...........ccccceceenee. 199
CONCIUSION ittt ettt ettt et sttt et et e et e bt st e et e eateeaeeeateens 207
Chapter 8 REfEIENCES .....ccueiiiiiiiiiiiiiieete ettt ettt 208
Chapter 9: Systems Where Analog and Digital Work Together ................... 209
Selecting the Right Battery Chemistry for Your Application...........cccceeeeeiienienienienienne 212
Taking the Battery Voltage to a Useful System Voltage.........cccoocvveviiinciiiiiiieiiiieeieeieeeeee 213
Defining Power Supply EffiCIENnCy ........coooiiiiiiiiiiiieieee e 214
Comparing The Three POWET DEVICES .......cccuieiiiiriiiiiiieiie ettt 219
What is the Best Solution for Battery-Operated SyStems? ..........cccceveereeneeneeneeneeneeneeeenn 221
Designing Low-Power Microcontroller Systems is a State of Mind .........c.cccccevvviieniieninns 222
CONCIUSION .ttt ettt ettt et et e et e et e eateeateeabeeabeembeambeenteanteenseans 228
Chapter 9 RefeIEINCES ... .uvveuiieiiieiiie ettt ettt e ettt e st e st e e enteesbeeeaeeesnseenes 229
Chapter 10: Noise — The Three Categories: Device, Conducted and Emitted.. 231
Definitions of Noise Specifications and Terms ..........ccceeeuerviiriirniinriiiiieeieeeeeeeeee e 234
DIEVICE INOISE ...ttt ettt ettt ettt ettt et e bt et et e et e enteenteenteens 238
CONAUCLEA NOISE ...ttt ettt ettt ettt ettt et eneene e 254
Chapter 10 REefEIENCES .......eiuiiiiieiiiie ettt ettt et et e 260
Chapter 11: Layout/Grounding (Precision, High Speed and Digital)............ 261
The Similarities of Analog and Digital Layout PractiCes ...........ccceeeveercvieeiiieeiieeeieesieenieenns 263
Where the Domains Differ — Ground Planes Can Be a Problem ...........cccccoooiiiiiiniiinnn. 266
Where the Board and Component Parasitics Can Do the Most Damage..........c.cccccveeevveennen. 267
Layout Techniques That Improve ADC Accuracy and Resolution ...........ccccceeeeeuirvienniennncnns 274
The Art of Laying Out Two-Layer Boards ..........cccceeeiiiiieeiiieieeeieeciecee et 277
Current Return Paths With or Without a Ground Plane .............ccoociiniiiiiiiiiiiiiiiiceee 281
Layout Tricks for a 12-Bit Sensing SYSIEM ........ccccvieeiuiieiieeiieerieeeieeeieeeree e eeeeesee e enes 282
General Layout Guidelines — Device Placement ...........cocceeciriiriiiiiiiciiiniiiieeicciecieceee 284
General Layout Guidelines — Ground and Power Supply Strategy ...........ccceeeveevvreeveennenns 284
SIENAL TTACES ...ttt st st 287
Did I Say Bypass and Use an Anti-Aliasing Filter?...........ccoccveviieriieicieiiieeee e 287
BYPass CaPaACILOTS ......eeuvieiiriiiiiieiiete ettt ettt ettt sttt et ettt sttt ene e eane e 287
ANti-ATASING FIEEIS ..eevviiiiieeiie ettt ettt e e see et e s e e ssbeeenbeeessaeenneensseenns 288
PCB Desig@n CheCKIiSt .......cocuiiiiiiiiiiiiiiiiiieeee ettt 288
Chapter 11 REfEreNCeS .....cccvieiiieeiie ettt ettt eesae e s e ssbeesnbaeensaeennneessseenes 290

vii



Contents

Chapter 12: The Trouble With Troubleshooting Your Mixed-Signal Designs

Without the Right ToOls.............cueeeeeeeeeeeeeeeeeeeeeeeneeneeeeeeeeeeeneeeeeeeeeeenenes 291
The Basic Tools for Your Troubleshooting Arsenal ............ccccveeviieriieeiiieniiieeiie e 293
You ask, “Does my Circuit A/D Converter Work?” .........c.cocieviiiiiiniienieeeeeeeieeiens 295
POWET SUPPLY INOTSE...ceiiieeiiieeiie ettt ettt e ettt e e e e sste e et e e esbeesnbaeensaeensneennseenns 298
Improper Use of AMPITIETS ....c.oeouiiiiiiieit ettt ettt 301
Don’t Miss the DELAILS .......eeiiiiiiiiiiiiieie et 303
(000) 116 1113 o) § W RSP RURRR 305
Chapter 12 REfEIeNCES .....ccvieiiieeiieeiie ettt ettt et e e seee e ste e st essbeesnbaeensaeenneeesnseenes 306
Chapter 13: Combining Digital and Analog in the Same Engineer, and on the

Y LT 2 11 T O 307
The Signal Chain to the Real WOrld ..........cccooiiiiiiiiiiiiiiiie e 309
TOOIS OF the TTAAE .....veeeiiiieiiieciie ettt e et e e stb e e stbeessbeeesbeeesseeensaeensseenns 310
Throwing the Digital In With the ANalog .........ccoveiiiiiiiiiiiiie e 314
COMNCIUSION L.ttiieiiiieiiee et ettt e et e et e et e e stte e tbeessbeeesseeesseeesssaessseessseessseesssaeassesasseeesseensseanes 318

Appendix A: Analog-to-Digital Converter Specification Definitions

ANA FOPMUIAS ..........eeeeennnnnnnnniiiiiinieeireieeieeeeeeeeeeeeeeeeeeeeeeeeeeeeeeeaaaaaaaenes 319
Appendix B: Reading FFTs.............uuuueeeeeeeeeeeieninnnnnnnenneeeeeeeeeessssssennnnnnns 329
Reading the FET PIOt.....cccoooiiii ettt 331
Appendix C: Op Amp Specification Definitions and Formulas...................... 337
3 R 343

viii



Preface

I went to an analog university where the core courses were, of course, all analog. Then |
started my career at a high-quality, premier, analog house; Burr-Brown. Mind you, my objec-
tive was not to work at an analog house, my objective was to have a job. Nonetheless, there

I rubbed shoulders with the best analog engineers in industry. After thirteen years, I decided
to expand my horizons and work for a digital company. For me, thirteen was a lucky number
because this is when my real education began.

What did I learn? I learned that you design your circuit so that it works in the application, not
so that you have the most elegant solution in industry. I also learned that you can use digital
circuits as well as analog circuits to get the job done. Moreover, I learned that sometimes
ignorance is bliss. Many of the digital engineers that I have worked with don’t know that
some tasks are impossible. For instance, at Burr-Brown we trimmed our precision analog
circuits with the high technology of Nicrome. This trim process is very specific to analog
silicon circuits and is accurate. I told the engineers that they could not have precision prod-
ucts without a Nicrome process. Boy was I wrong. Microchip trims in analog circuit precision
with their digital Flash process.

I have always been a “died in the wool” analog engineer, but I am starting to change. I haven’t
made a total transition to the “dark (digital) side,” but digital is looking more attractive all

the time. This attraction is enhanced by the fact that I am very familiar with analog and have

a diverse set of analog, and now digital, tools to solve my circuit problems. This book is for
you so that you can also have the same set of tools and can become more competitive in your
design endeavors.

Digital circuitry and software is encroaching into the analog hardware domain. Analog will
never disappear at the sensor conditioning circuit, power supply, or layout strategies. I know
the digital engineer will continue to be challenged by analog issues, even if they deny that
they exist.

Now let’s add to the complexity of the digital engineer’s challenges. The advances in micro-
controller and microprocessor chip designs are growing in every direction. Increased speed and
memory is just one example of the direction that these devices are taking. However, the most
interesting change is the addition of peripherals, including analog and interface circuitry. Not
only is the engineer required to know the details of the implementation of these peripherals,

x



Preface

but also know the basics of layout strategies. Today, the digital engineer needs an added dimen-
sion of knowledge in order to solve problems beyond the firmware design challenges.

Going forward, the digital engineer needs some basic tools in their toolbox. I wrote this book
for practicing digital engineers, students, educators and hands-on managers who are looking
for the analog foundation that they need to handle their daily engineering problems. It will
serve as a valuable reference for the nuts-and-bolts of system analog design in a digital word.
The target audience for this book is the embedded design engineer that has the good fortune
to wander into the analog domain.
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CHAPTER 1

Bridging the Gap Between
Analog and Digital

A few years ago, | was approached by a new graduate, engineering applicant at the Embedded
Systems Conference (ESC), 2001 in San Francisco. When he found out that I was a manager,
he explained that he was looking for a job. He said he knew of Microchip Technology, Inc.
and wanted to work for them if he could. He immediately produced his resume. I gave him a
few more details about my role at Microchip. At the time, I managed the mixed signal/linear
applications group. My department’s roles were product definition, technical writing, cus-
tomer training, and traveling all over the world visiting customers. At the conclusion of this
“sales” pitch, he proudly told me that it sounded like a great job. I reemphasized that I was

in the Analog arm at Microchip. He obviously thought that he did his homework because he
told me that analog is dying and digital will eventually take over. Anyone who knew anything
about Microchip would agree! Wow, I had a live one.

I was there, doing my obligatory Microchip booth duty for the afternoon. There was a lot

of action on the floor, and the room was full of exhibits. The lights were on, the sound of
conversations were projecting across the room. The heating and cooling system was doing

a splendid job of keeping us comfortable. Exhibitors in the booths were (believe it or not)
demonstrating the operation of sensors, power devices, passive devices, RF products, and so
forth. There must have been several hundred booths, all of which were trying to promote their
engineering merchandise.

Figure 1.1: The Embedded
Systems Conference exhibit
hall in 2001 had hundreds
of booths, many of which
were already showing

signs of interest in analog
systems. This was done even
though the emphasis of the
conference was digital.




Chapter 1

Some of the vendor exhibits had analog signal conditioning demonstrations. As a matter of
fact, right in front of us, Microchip had a temperature sensor connected to a computer through
the parallel port. The temperature sensor board would self-heat, and the sensor would measure
this change and show the results on the PC screen. Once the temperature reached a threshold
of 85°C, the heating element was turned off. You could then watch the temperature go down
on the PC until it reached 40°C, at which point the heating element would be turned-on again.

At a second counter, we also had a computer running the new FilterLab® analog filter design
program. With this tool, you can specify an analog filter in terms of the number of poles, cut-
off frequency and approximation type (Butterworth, Bessel and Chebyshev). Once you type in
your information, the software spits out a filter circuit diagram, such as the filter circuit shown
in Figure 1.2. You can theoretically build the circuit and take it to the lab for testing and verifi-
cation. There was a customer at the counter, playing around with the filter software.

W Filterbat - [Fitertabl] & x|
Bk Ede ew Fter Wi Hep =18 =
(BFHR & | B[ mmewern ] [ ARG [EE[ e [ oew [ |
Ef Fieguancy 3 Creat E Spice |
(=1} [=1}
0.018uF 0,128
Il Il
] ]
R F22
A58k TAT 175 A0 05
o /VV\-.L v L _L il -
" o obi | soni | out
For Hel, press FL (E) DD -5 aide)

Figure 1.2: One of the views of the FilterLab program from Microchip
provided analog filter circuit diagrams. This particular circuit is a 5
order, low-pass Butterworth filter with a cut-off frequency of 1 kHz.
The FilterLab program from Microchip is just one example of a filter
program from a semiconductor supplier. Texas Instruments, Linear
Technology, and Analog Devices have similar programs available on the
World Wide Web.

At exhibit counter number three, there was a CANbus demonstration with temperature sens-
ing, pressure sensing and DC motor nodes. CANbus networks have been around for over 15
years. Initially, this bus was used in automotive applications requiring predictable, error-free
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Bridging the Gap Between Analog and Digital

communications. Recent falling prices of controller area network (CAN) system technologies
have made it a commodity item. The CANbus network has expanded past automotive applica-
tions. It is now migrating into systems like industrial networks, medical equipment, railway
signaling and controlling building services (to name a few). These applications are using the
CANDbus network, not only because of the lower cost, but because the communication with
this network is robust, at a bit rate of up to 1 Mbits/sec.

A CANbus network features a multimaster system that broadcasts transmissions to all of

the nodes in the system. In this type of network, each node filters out unwanted messages.
An advantage from this topology is that nodes can easily be added or removed with minimal
software impact. The CAN network requires intelligence on each node, but the level of intel-
ligence can be tailored to the task at that node. As a result, these individual controllers are
usually simpler, with lower pin counts. The CAN network also has higher reliability by using
distributed intelligence and fewer wires.

You might say, “What does this have to do with analog circuits?”” And the answer is every-
thing. The communication channel is important only because you are shipping digitized analog
information from one node to another. With this ESC exhibit, three CANbus nodes communi-
cated through the bus to each other. One node measured temperature. The temperature value
was used to calibrate the pressure sensor on the second node. You could apply pressure to the
pressure-sensing node by manually squeezing a balloon. (This type of demonstration was put
together to get the observer more involved.) The sensor circuitry digitized the level pressure
applied and sent that data through the CANbus network to a DC motor. The DC motor was
configured so that increased pressure would increase the revolution per minute (RPM) of the
motor. Figure 1.3 shows a basic block diagram containing the pressure-sensing node.

+5V

A
Figure 1.3: The oo
. Output
CANDbus system at R % LED

the 2001 Embedded
Systems Conference

AW
AW
PWM

has three different
analog function nodes. Spi™
. . 5 cAN CAN |,
The node illustrated in Driver Controller  [¥7 7
this figure measured
. Microcontroller

the pressure applied

to a balloon and sent

the data across the Il SPI

CANbus network CAN bus

to a DC motor (not

illustrated here). | 12 Low-pess Prossure
ADC I?iﬁ;g Sensor

MPX2100AP



Chapter 1

Then to finish out the Microchip displays in the booth, there were three counters that had
microcontroller demos.

I asked the engineering applicant, giving him a chance to redeem himself, “Out of curiosity,
do you see anything analog-ish like in this room?” He looked around the convention room
thoughtfully. I was amused when he sympathetically looked at me and answered, “No, not re-
ally.” I think that he thought I was a bit old-fashioned, behind the times. No regrets from him.
He was confident that he gave me an insightful, informed answer.

You guessed it. His resume went into the circular file.

Try to Measure Temperature Digitally

No, this is not a book about interview techniques. This book is neither about how to win
points and climb the corporate ladder. This is a book about the analog design opportuni-

ties that surround us every day, all day long, and how we can solve them in a single-supply
environment. Reflecting on the applicant’s answer, I think that he was partially right. Digital
solutions are encroaching into the analog hardware in a majority of applications.

So let’s try to measure temperature digitally. The simple, low resolution analog-to-digital
(A/D) converter can easily be replaced with a resistor/capacitor (R/C) pair connected to a
microcontroller I/O pin. The R/C pair would supply a signal that operates with a single-pole,
rise-time function. The controller counts mil-

liseconds, with its oscillator/timer combination T Voo
measures the input signal. Why would you want Rrer Vier

to do this? Maybe you are measuring temperature w apP2

with a sensor that changes its resistance value with A

changes in temperature. - .

The temperature sensing circuit in Figure 1.4 Rean = 10kQ

is implemented by setting GP1 and GP2 of the ol nf/imlerance'

microcontroller as inputs. Additionally, GPO is set GPO —i>_
low to discharge the capacitor, Cyy. As the volt- = Cw o orrolr
age on C,yr discharges, the configuration of GP0 ;;

is changed to an input and GP1 is set to a high |
output. An internal timer counts the amount of
time (t, in Figure 1.5) before the voltage at GPO Figure 1.4: This circuit switches the

reaches the threshold (V,y,), which changes the voltage reference on and off at GP1 and
GP2. In this manner, the time constant

recognized input from O to 1. In this case, Ry ! ' -
of the NTC thermistor in parallel with a

(a negative temperature coefficient thermistor) is standard resistor (RNTC || RPAR) and

placed in para'llel .Wltl'l Ry OF RI.VTC || Resg- This . integrating capacitor (C ;) is compared to
parallel combination interacts with Cyyr. After this  the time constant of the reference resistor

happens, GP1 and GP2 are again set as inputs and  (Rger) and integrating capacitor.

6



Bridging the Gap Between Analog and Digital

Figure 1.5: The R/C time response
of the circuit shown in Figure 1.4 Rircl|Rear

. S R rer

allows for the microcontroller _
2
counter to be used to determine °

the relative resistance of the g v

. . TH

negative temperature coefficient )
. [
(NTC) thermistor element. o
©
5
=

0 t, t,
Time (s)

GPO as an output low. Once the integrating capacitor C,; has time to discharge, GP2 is set
to a high output and GPO as an input. A timer counts the amount of time before GPO changes
to 1 again, but this provides the timed amount of t,, per Figure 1.5. In this case, Ry is the
component interacting with Cr.

The integration time of this circuit can be calculated using:
Vour = Viee (1 —¢*) or
t=RCIn (1 = Vyy/ Vggr)
where V is the voltage at the I/O pin, GPO,
Vier 1s the output, logic-high voltage of the I/O pin, GP1 or GP2;
V1y is the input voltage to GPO that causes a logic 1 to trigger in the microcontroller.

If the ratio of Vyy: Vier is kept constant, the unknown resistance of the Rypc || Rpag can be
determined with:

Ryre ”RPAR = Ry ( tz/ t,)

Notice that in this configuration, the resistance calculation of the parallel combination of
Ryrc || Rpag is independent of C,y, but the absolute accuracy of the measurement is dependent
on the accuracy of your resistors.

Oops, did I say you can use a linear resistor and a charging device like a capacitor to replace
an A/D converter in a temperature measurement system? I guess my applicant at the ESC
show was also wrong. Analog will never disappear and the digital engineer will continue to
be challenged to delve into these types of issues. The analog solution is many times more
efficient and usually more accurate. For instance, the previous R/C example is only as
accurate as the number of bits in the timer, the speed of the oscillator, and how accurately you
know the value of your resistors.
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Road Blocks Abound

I have worked with a wide spectrum of analog and digital designers. Each one of them has
their own quirks and reasons why they can’t do everything, but here are some statements that
I have received from my digital clientele concerning their analog challenges.

Not My Job!

This statement came about with surprising frankness. “People in my department are avoiding
analog circuitry in their design as much as possible, no matter how important it is. Many of
them have had experiences where analog circuit performance was hard to predict. Therefore,
almost every engineer will find an existing analog circuit and use that as a point of reference.
If they have the misfortune of being asked to design part or all of the analog circuit from
scratch, they will try to use facts that they remember from their school days. And in their
school days they studied mostly digital.”

Good luck. It seems from this statement that the died-in-the-wool digital designer has no
interest in how to get from A to B, but more interest in what the cookbook suggests.

It turns out that the designers who operate in this mode are like a carpenter with a hammer
looking for a nail. The designer has a circuit solution and tries to make it fit their application.
A good example of applying the cookbook solution to a place where it won’t fit is to try to use
a standard 12-bit successive approximation register LOAD

(SAR) in a power sensing application. This type of ap-

. . . g Delta-
plication actually requires a sigma-delta converter. As = sigma SPI Interface
Se
you will find later in this book (Chapter 3), the sigma- - Co,’?jgne, —

delta (X—A) converter can reach a resolution level in

the sub-nano volt region. This is an advantage because )¢
you not only eliminate the input, analog-gain stage, but 240\//"\'/1
you reduce the noise in the bandpass region of your
signal. Figure 1.6 shows this power meter solution.

L2

Figure 1.6: A power meter application
requires <12-bit resolution in the

In this circuit, the current through the power line is system. This may imply that a Si"(‘Ple
sensed using an inductor on the low-side of the load. ~ 12-bit SAR converter can do the job,

A It. th It d thi . 1 but the required LSB size is much
S a resull, the voltage drop across tnis sensing ele- smaller than the SAR converter can
ment must be low.

provide. Consequently, a sigma-delta

Show Me the Beef converter is often used.

One day, a digital engineer said to me, “Thank god, I have finally found the key to working with
analog and now I can go back about my digital business. Thank you for that one, insightful tip.”

The tip I gave him was not that earthshaking. As a matter of fact, it provided the two primary
operational amplifier specifications that an engineer uses when designing an analog low-pass
filter. See Gain Bandwidth Product and Slew Rate (Chapter 4).

8



Bridging the Gap Between Analog and Digital

The gain bandwidth product (GBWP) is a multiplication factor that helps you predict the
closed-loop bandwidth of an operational amplifier. You can easily find this parameter by look-
ing at the specification table of the amplifier. You can quickly find this specification out of the
30 or 40 items in the table by looking at the “units” column. That column is usually on the
right side of the table. When you are trying to find the gain bandwidth product specification,
look for frequency units in Hz, kHz or MHz. Once you find these abbreviated units, verify
that you have found the right item by looking to the left for the specification definition. Now,
double-check and ensure you understand the test conditions for this specification by reading
the conditions column and the general conditions that are summarized at the top of the table.
All of these areas on a typical data sheet are pointed out in Figure 1.7.

& AC ELECTRICAL SPECIFICATIONS
Electrical Characteristics: Unless otherwise indicated, T, = +25°C, Vy, = +1.8 to 5.5V, V?—&ND, Veu = Vpp/2,

Vour = Vo/2, R = 10 kQ t0 Vp/2, and C, = 60 pF.
Parameters | sym [ Min [ 1yp | max | units
AC Response

Conditions

ain Bandwidth Product GBWP — 1.0 — MHzZ €—0
Phase Margin PM — 2 — o Je=+1  —onl
Slew Rate SR — 0.6 — V/ps
Noise
Input Noise Voltage E, — 6.1 — uVp-p |f=0.1Hzto 10Hz
Input Noise Voltage Density €y — 28 — nVAHz |f=1kHz
Input Noise Current Density ini —_ 0.6 — fANHz |f=1kHz

Figure 1.7: A typical electrical specification table for an operational amplifier has
seven columns. When searching for a particular specification, the units-column is
the easiest one to start with.

A second place where this specification can be found is in the characteristic performance
graphs later on in the data sheet (see Figure 1.8). Open-loop gain versus frequency is the
usual label for this curve. Sometimes the open-loop phase is included in this graph. You will
find that the OdB crossing of the gain curve will usually match the gain bandwidth product in
the specification table.

120

]
| 7.

Figure 1.8: These typical
performance curves show 100 i
many of the parameters in

the specification table of the
data sheet of an amplifier. This
graph illustrates the typical
open-loop gain, phase vs.

80 1

60 11

40 +HH

Open Loop Gain (dB)
Open Loop Phase (°)

frequency response. The arrow

in this figure points to the gain U
bandwidth product for this 50 A M 510

unity-gain-stable ampliﬁer. 0.1 1 10 100 1k 10k 100k 1M 10M
Frequency (Hz)




Chapter 1

The gain bandwidth product (GBWP) will tell you the highest small-signal frequency

(~ £100 mV) that you can send through your amplifier circuit without distortion. It also tells
you the frequency where a pole is introduced to your closed-loop amplifier circuit. This is
particularly critical to know when you design low-pass filters. In this type of circuit, you
deliberately put poles in the transfer function by putting resistors and capacitors around

the amplifier, as shown in Figure 1.2. If the amplifier adds a pole, your circuit could oscil-
late. Consequently, the closed-loop bandwidth of the amplifier must be at least 100 times
higher than the cutoff frequency (foyrope) Of the filter. Another way of stating this is that the
gain bandwidth product of your amplifier should be equal to or greater than 100 X fypopr
(this assumes the filter has a gain of +1 V/V). If you don’t take these precautions, you might
erroneously be inclined to investigate your filter equations only to find out that the amplifier is
not well-suited for your design.

You might ask, “How important is this specification in other amplifier application circuits?”
Generally, you will need an amplifier with good bandwidth performance for your signal, but
probably won’t see instability because of your amplifier selection. Or in another application,
you may be more concerned about the quiescent current of the amplifier or power supply
capability instead of the bandwidth because you are designing a battery-powered circuit that
operates at DC.

The second specification that I mentioned previously is slew rate. The slew rate of an ampli-
fier is determined by putting a square wave signal at the input of the amplifier and looking
to see how fast the signal changes on the output. The units of this specification are generally
V/sec, V/msec, or V/usec. You can find this specification in the table in the same way we
found the gain bandwidth product. There is also a characteristic curve in most amplifier data
sheets that gives a good look at how a typical part will perform. You’ll find that the label of
this graph is usually “Large signal, noninverting pulse response” (Figure 1.9).

5.0
45

G=+1VNV
Voo = 5.0V 7]

4.0
3.5

/
/
3.0 /
s L
/
/
/

2.0
1.5
1.0
0.5
0.0

Output Voltage (V)

\
|
\
\
|
\
\
\

Time (10 ps/div)

Figure 1.9: This graph illustrates the typical time domain
response of the output voltage vs. time of an amplifier.
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Bridging the Gap Between Analog and Digital

With the filter circuit, this specification will tell you the maximum frequency of the large sig-
nals going through your circuit. If you don’t pay attention to this specification, you may find

that the amplifier distorts your larger, higher frequency signals. A good rule of thumb for this
design parameter is: slew rate > ( 2tV pp X feuropr) Where Vourpp 1S the expected peak-to-

peak output voltage swing below fore Of your filter.

Once again, you may ask, is this specification critical in all applications? The answer is again,
no. You will find that the operational amplifier applications are very diverse. As a result,

op amp manufacturers average 30 to 40 specifications in the tables and 15 to 25 character-
istic curves. This is done to cater to as many users as they can. It is useful to note that the
gain bandwidth product and slew rate were primary specifications for this one type of circuit.
Meeting these specification requirements is critical if you are designing a low-pass filter, but
this is not the case with other operational amplifier applications.

Don’t Bother Me With the Small Stuff—Just Give Me the Data

One of the more common statements as said to me by the ambitious, digital engineer is, “Just
give me the data. [ will fix it in my processor. I know we can design a digital filter with the
classical FIR or IIR filters, or better yet implement an FFT response. I can also calibrate

the signal if need be. I'm confident that I will be able to get rid of those undesirable, messy
analog signals.”

This comment always brings a smile to my face. See the case in point with the circuit in
Figure 1.10.

VDD
1\ Instrumentation Amplifier (I1A)
Vaert [ \
25V Rs
A4
R3 R4
AAA
v VDD
R,
W
R, 2
W1 sok | £
12-bit c
A2 ADC  |RQUT §
A3 -5 5
) s
LCL- )
816G =
-
R, = 300kQ, R, = 100kQ, Rg = 40209, (+/—1%) IA Gain =
A1 = A2 = Single Supply, CMOS Op Amp, (4 + 60KQ/Rg) + Vier

A3 = 12-bit, A/D SAR Converter,
A4 = 2.5V Voltage Reference,

Figure 1.10: The circuit in this diagram uses a 12-bit A/D
converter in combination with an instrumentation amplifier to
convert the low-signal, output of a Wheatstone bridge sensor to
usable digital codes.
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The analog portion of this circuit has a load cell, a dual-operational amplifier configured as
an instrumentation amplifier, a SAR A/D converter, a microcontroller and voltage references
for the IA and A/D converter. The sensor is a 1.2 kQ, 2 mV/V load cell with a full-scale load
range of +32 ounces. In this 5 V system, the electrical full-scale output range of the load cell
is £10 mV. The instrumentation amplifier, consisting of two operational amplifiers (A1 and
A2) and five resistors, is configured with a gain of 153 V/V. This gain matches the full-scale
output swing of the instrumentation amplifier block to the full-scale input range of the A/D
converter. The SAR A/D converter has an internal input sampling mechanism. With this func-
tion, a single sample is taken for each conversion. The microcontroller acquires the data from
the SAR A/D converter. The controller can also execute calibration and translate the data into
a usable format for tasks such as displays or actuator feedback signals.

The transfer function, from sensor to the output of the A/D converter is:
Dour = (LCp — LCy )(Gain) + Vi) (2" Vigry)
with LC, =V, (R, /(R; +R,))
with LCy =Vpp (R /(R, +R,))
with GAIN = (1 + R; /R, + 2R; /Ry)
where LC, and LC), are the positive and negative sensor outputs,

GAIN is the gain of the instrumentation amplifier circuit. The instrumentation ampli-
fier is configured using A1 and A2. The gain is adjusted with R,

Viwers 18 @ 2.5 V reference which level shifts the instrumentation amplifier output

Viers 18 the 4.096 V reference, which determines the A/D converter input range and
LSB size;

Voo 1s the power supply voltage and sensor excitation voltage;

D7 1s a decimal representation of the 12-bit digital output code of the A/D converter
(rounded to the nearest integer).

If the design of this system is poorly implemented, it could be an excellent candidate for
noise problems. The symptom of a poor implementation is an intolerable level of uncertainty
with the digital output results from the A/D converter. It is easy to assume that this type of
symptom indicates that the last device in the signal chain generates the noise problem. But, in
fact, the root cause of poor conversion results could originate with other active devices or pas-
sive components in the signal chain, the PCB layout or even extraneous sources.

In this circuit, noise can be reduced within the analog channel hardware. But, with the first
prototype of this circuit, these low noise precautions were not used. Therefore, the data output
of the A/D converter illustrated in Figure 1.11 indicates that this was a noisy system. It is fine

12
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. 90 Code Width

Figure 1.11: A poor » 80 of Noise =44
. . (0]
implementation of the 270
12-bit data acquisition % 60
system shown in Figure 8 50

. o . .
1.10 could easily have %5 40 FIR Digital Filter

fa4 % 30 12-bits may be
an output range ° I achieved by
different codes with a o I I averaging 2048
2,048 sample size. DS | M [ [ I I 1 I_ .| samples
2960 2970 2980 2990

Output Code of 12-bit A/D Converter

to design a proto with this level of noise. In addition, it is truly divine to understand the noise
and remove it in hardware wherever possible.

But, let’s assume that you take the digital route to perform the filtering. On a perfect day, you
will need to collect at least 2,048, 12-bit data points and calculate the average. I said on a
perfect day because when I look at this data there seems to be more going on than just white
noise. There are small occurrences in the lower 20 codes of the data, and the major portion
of the data does not form a “normal distribution” type of curve. It seems to have troughs and
there is nothing normal about this data at all.

A common, bad scenario is that the problem is never solved through the lifetime of your
application circuit. These unknown noise problems are fixed with digital tricks. That overly
confident statement ignores the trade-offs inherent in taking the all-digital route. One of the
major consequences is time. A digital filter needs to collect several hundreds of samples in
order to compete with the analog solution. On top of that, the already digitized signal has
been contaminated by aliased (this is explained in Chapter 4), high-frequency signals, which
you will never be able to tell your original signal from the contaminants. These tricks may or
may not work over time.

On the other hand, the analog solution is simple and final. The data loses its erratic behavior
and you can get the same converted number every time! What do you do?

1. Put bypass capacitors across the power supply pin to ground with every active device.
(See Chapter 10.)

2. Use a ground plane. This will usually require at least a two-layer board. (See
Chapter 11.)

3. Reduce the resistor values in the instrumentation amplifier. When you reduce these
resistors (without changing the throughput gain), the noise in the signal chain will
also reduce. (See Chapter 10.)

4. Use low noise amplifiers. (See Chapter 12.)

13
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5. Insert a low-pass filter before the A/D converter. This filter will remove higher frequen-
cy noise as well as eliminate aliasing problems. (See Chapter 4.)

6. Choke the power supply switching noise to the analog portion of the board with an
inductor. (See Chapter 12.)

These are all simple solutions to a seemingly impossible, noisy circuit problem. Figure 1.12
shows the results of these actions.

1100
Figure 1.12: When noise 1000

reduction techniques are used in 900
the implementation of the circuit 800
in Figure 1.10, it is possible to 700

. 600
get a 12-bit system. 500

400
300
200
100

Number of Occurrences

2440 2441 2442
Output Code of 12-bit A/D Converter

Calibration can be another sticky point when you go to the digital environment. Once you
loose your dynamic range in the analog domain, it is impossible to recover it digitally. For
instance, if you use amplifiers in this circuit that do not give you good rail-to-rail perfor-
mance, the outer limits of the signal is lost forever. Another situation, not related to Figure
1.10, could be if your signal is logarithmic instead of linear. If this is the case, digital manipu-
lation will not take you very far. This type of data can only be fixed in the analog domain.

The Ultimate Key to Analog Success

News alert! The ultimate analog key does not exist. And I don’t mind turning this around
to tell analog engineers that digital engineering is a little more than ones and zeros. The
analog mountains that can be climbed are analogous to your digital challenges. Following
are three examples.

For the first example, in the sprit of designing a robust design, the digital designer architects
the software to identify unforeseen, catastrophic errors. The watchdog timer (WDT) can be
used for this purpose. The function of a watchdog timer is easy enough. It counts down using
the system clock from an initial value to zero. During implementation, if your firmware does
not reset this timer soon enough, the watchdog timer resets or interrupts the system without
human intervention when the counter reaches zero. Alternatively, the analog domain protec-
tion circuitry is used to minimize the effects of unforeseen errors or transients. In analog
disciplines this be can implemented with over-range notifications or protection devices at
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sensitive nodes, such as zener diodes, metal oxide varistors (MOV), transzorbes, or Schottky
diodes. With these types of additions to the hardware, “bad” signals are identified and elimi-
nated before they become part of the signal path.

The second example would be to work on your digital design low-power strategies by effec-
tively using clocking algorithms. Low power should be thought of as a “state of mind” (see
Chapter 9). With a low-power mindset, you can throttle down your controller to near inactiv-
ity if you really want to save battery power. The hardware approach would be to reduce clock
source rate or power supply voltage. An equally effective approach is to operate with a partial
or complete controller/processor shutdown mode. Combining these techniques with execution
time and a little intelligence, you can easily tackle your most challenging power conservation
problems. In your analog design, you will choose the lower power devices and utilize device
shutdown features. In this environment, the designer needs to research the market for the best
solution, whether it is a similar lower power device, or an alternative silicon topology that
runs more efficiently.

A third example would be where you savor and protect your programming tricks from your
competition. You can do this by making the code unreadable in the finished product in the
same way the analog engineer buries traces inside boards, blacks out device part numbers, or
asks vendors to give him proprietary part numbers.

The list goes on. But the thing to remember and understand is that each of us, in our own
disciplines, tries to take technology to its limit. So what do you do when your manager says
in his one-sided conversational way, “You’re an engineer (aren’t you)? Good. Since we are
understaffed, I need you to do the entire (hardware/software) design. What? You don’t know
anything about analog. Hmmm, maybe I need to find someone else? I knew you would rise to
the occasion. Have your development schedule on my desk by the end of the day so I can set
up a deadline schedule.”

How Analog and Digital Design Differ

The basic difference between the analog mindset and digital mindset are embedded in the
definitions of precision (calculated risk versus right every time), hardware versus software,
and time (or the inverse of). The basic concepts behind analog and digital disciplines are easy
to find. In terms of this book, I will describe analog design from a practical standpoint. You
will find that the in-depth lists and details about product specifications will be a little thin, but
there is a detailed discussion about key specifications as they relate to basic analog systems.

Precision

What is precise enough in an analog circuit? There are three ways to answer this question. A
first aspect is, “as precise as it needs to be.” You will find that some of your circuits will only
require accuracy to one or two millivolts. Others will require accuracy to the submicrovolts.
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This difference in system requirements will encourage you to settle for “close enough” in
some systems, and “What else can I squeeze out of this circuit?” in other systems.

A second aspect of accuracy involves really understanding the components and devices you
are working with. In terms of the components, you should know that a 1 k€ resistor or a
20 pF capacitor is not equal to those absolute values all the time. For instance, temperature
can have a dramatic effect of these components. Also, there are variations from device-to-
device out of your bin in the lab. The combination of these two major issues can change the
performance of your circuit dramatically if you don’t take them into consideration.

In terms of devices, you will find product data sheets have maximum guaranteed values

and typical values. The maximum guaranteed values are self-explanatory in that you should
expect that your devices will not over-range the specifications as stated provided the devices
are not overstressed with higher voltages or temperatures. The typical values are another
manner. There are a variety of ways to determine what these typical values should be, and you
will find that each manufacturer will have their own way to calculate these values along with
their justification. Some manufacturers take the average of a large sample of devices prior to
the initial product release. Other manufacturers define their typical values as being equal to
one standard deviation plus the average. I have also heard of manufacturers using their SPICE
simulation as a guide for these numbers. Sometimes the Spice simulation is justified because
it is impossible to test a particular specification.

The third aspect of accuracy is noise. When you take this issue into consideration, you need
to have some understanding of statistical calculations with large samples. I am going to cover
this issue in more detail later in Chapter 10.

Hardware versus Software

This discussion seems to simplify the problem a bit, but I have a solution for those embark-
ing on the ownership of analog. Think of it in terms of learning the fundamentals about your
components, knowing the general behavior of basics building block devices, and running
through a high level evaluation of your circuits first.

1. Learn the fundamentals about your components.

For instance, the fundamentals at the very bottom of the barrel include resistors, capacitors
and inductors. You were probably exposed to the devices early in your career, but what do you
really need to know as an analog design engineer?

Resistors are simple devices. There are several perspectives that you have to consider when
you use this type of component in your design. The first, and most easy way of thinking about
a resistor is that it influences voltage and current in your design. This is defined through the
infamous Thevenin equation:
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V/RI=1

Where V is voltage
R is resistance in ohms
I is current in amperes

I always remember this formula from my elementary school geography lessons. Vermont is
always over Rhode Island.

But this is the part of resistors in your circuit. For practical purposes, this is a DC equation,
not AC. Moving past this formula, you need to be concerned about the parasitic characteris-
tics. Namely, there is a parasitic capacitor in parallel with the resistive element and a parasitic
inductor in series. These components are artifacts of the physical device. There is a diagram
of the resistor with these parasitics in Figure 1.13.

Figure 1.13: This illustrates Through Hole Surface Mount

a typical resistor model. _q::D_ |: :|

The parasitic elements of a
standard resistor are parallel

capacitance (C,) and series L R
. S
inductance (Lg). 0o AN Example
Metal film, axial resistor
T R=1.00MQ = 1%
Ce Ls=5nH

Cp=0.5pF

The fact is, I never worry about the
parasitic capacitance until I started e

designing transimpedance, optical, ° [ “:' ] °

photodiode-sensing circuits. An
example of this type of circuit is Re /
shown in Figure 1.14. If blindly built
(without concern for the parasitic
capacitance), this photosensing circuit

can mysteriously sing like a bird S";ﬁ':ée
(oscillate) without too much effort. é
This oscillation is usually caused by :D Q\A
an inappropriate choice of Cy, but it

can also be caused by that phantom

Capac‘ltor,' Ce. These cap aCltOFS’ n Figure 1.14: If you don’t consider the parasitic
combination with the photodiode para- capacitance of the feedback resistor, a
sitic capacitance and the amplifier’s transimpedance photosensing circuit can be unstable.

Vour= +lscRe

CMOS
Amplifier
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input capacitance interact to establish stability, or not (see Chapter 6). This is one example,
but you can extrapolate this to other circuits if you are using small value discrete capacitors in
parallel or series with discrete resistors.

The parasitic inductance of the resistor (also see Figure 1.15) can affect higher speed systems
where lower value resistors are the norm. This inductance can affect the behavior of the cur-
rent sensing resistor used in switched-mode power supplies.

Generally speaking, the impedance of higher value resistors is more affected by the parasitic
capacitance, and low value resistors is affected by the parasitic inductance. Figure 1.15 illus-
trates this point.

Resistor Impedance vs. Frequency

1M ———r =2
=k Ls=5nH H
100K R=1MQ Cp=0.5pF |
<}
[0]
g 10k
=
g 1k
S Seed
> R=1kQ &
o
g 100
©
[}
g. %
R=10Q
| L] LT
]
10k 100k 1M 10M 100M 1G

Frequency (Hz)

Figure 1.15: The impedance of a resistor changes from the
defined DC resistance value to other values over frequency. The
parasitic capacitance and impedance influence these changes.

Capacitors, on the other hand, should be considered in the frequency domain when you are
designing. There is one formula for the capacitor that I used frequently in my design. This
formula is:

I=C*dV/ot

Where C is capacitance in farads
OV is change in voltage in volts
Ot is change in time is seconds

Capacitors are very useful for power supplies, stability, loading low dropout regulators and
loading voltage references. But, in all cases, you use capacitors to modify frequencies, not
DC signals.
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Im

Ls Rs C Example (signal-quality capacitor)
o— " —M\—|—o 1206 SMT ceramic chip capacitor
X7R
C=1.0 uF + 10%
Ls =3 nH
Re = 0.01Q

Figure 1.16: This illustrates a typical ceramic capacitor
model. The parasitic elements of a standard capacitor

is parallel resistance (R;), also know as effective series
resistance (ESR), and series inductance (L), also know as
effective series impedance.

Capacitor Impedance vs. Frequency
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Figure 1.17: The frequency response of a capacitor varies
at lower frequencies due to the series resistance and higher
frequencies due to the series inductor.

Know the general behavior of basic building blocks. Consider these basic circuit cells as
instruction codes. Start by using them in their most common circuit configurations or the
classical approach. In analog, your basic building blocks are:

— Analog-to-digital converters (Chapters 2 and 3)
—  Operational amplifiers (Chapters 5 and 6)
Higher level thinking. Are you afraid of math? Don’t dwell on it at first. Concentrate

on the practical side of analog applications. Learn the rules of thumb for analog. For
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instance, many of us, being indoctrinated in the school system background, sharpen our
pencils, pull out the old calculator and grind through the trees before we have a thought
about what the forest looks like. Once you step back and think about it, you will find that
your detailed analysis can be way off. If your analysis is correct, it probably is only part
of the picture. Here is a perfect example of what I mean.

Problem: C,=1yF
Vin o il +—o0 Vour
What is the corner frequency of the single-pole, low-pass
R|C filter shown in Figure 1.18? R, =1k
Answer:

“Hand wave” solution: Wait a minute. This isn’t a low-
pass filter. This is a high-pass filter. (You probably knew Figure 1.18: Circuit example.
this right away but you would be amazed at how many

would overlook this simple conclusion!) But if I assumed that the author made a mistake
and reversed the placement of the resistor and capacitor, the corner frequency would be
about 1/(2 © R x C) or 160 Hz. How did I get there? Isn’t 1/21t equal to about 0.167 As

a first pass, I think I can accept that error because the capacitor device-to-device error is
probably 10 or 20% accurate.

Calculated solution (with blinders on):
(Vour = Vi) / (1/sC)) = Vour / R,
Vour (sC; + 1/R,) =V / (1/5C))
Vour/ Vin= (R, x C, + 1)/(sR, x C))
From this calculation, there is a pole at DC and a zero at 159.1549 Hz.

These two solutions don’t agree! And I bet a SPICE simulation would match your calculated
solution. The moral to this story is “hand wave,” or think yourself through the problem first.
SPICE does not mean “don’t think,” it means “verification of your analysis.” With this type of
analysis, you should keep in mind the accuracy (or lack there of) of the various components
and devices in your system. After, and only after, you know generally how the circuit works
and how the system responds, give your mathematical and SPICE skills a try (see Chapter 7).

Time and Its Inversion

In the digital domain, particularly with real time operating system (RTOS), you will find that
you are counting minutes, seconds, milliseconds, and nanoseconds. This is also done with
analog circuits, but more importantly, the inverse of seconds is counted. Taking the inverse
of seconds helps you think in terms of frequency instead of time. Frequency information is
much more critical here.
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4. This could be a good career decision. The universities are graduating less and less engi-
neers knowledgeable in analog, but as we all know, analog will not be going away any

time soon.

Organizing Your Toolbox

You need to decide what is important and what is not for your future analog design work.
An effective way to do this is to arm yourself with basic, key tools of the trade. You should
concentrate as you collect your ammunition on six topics.

Difference Amplifier

Current to Voltage Converter
Instrumentation Amplifier
Filter

DC Restoration

Level Shift

Actuator Driver
Line Driver
4-20 mA Driver

Voltage Reference Source
OoP
AMP
MUX FILTER A/D
REF
Anti-Alias Filter

Sensor Interface Band-pass Filter
Current Source Programmable Gain Amp
Voltage Reference Source Instrumentation Amp
Buffer A/D Converter Driver
Gain
Supply Splitter pC

Voltage Reference Source
DDS Synthesis

POWER
AMP

D/A

Figure 1.19: This signal chain is somewhat universal in that it deals with
the analog signal coming in, conditions it through the amplification
system and digitizes it in preparation for the microcontroller or processor.

First, know how to get data in and out of the digital domain. When this is mastered you will
know the different topologies, important specifications, and the art of matching the converter

to the application.

Then, sit back and ask yourself, “Where does my data in the controller really come from?”
You will usually find some sort of sensor at the origin of the signal path. Further back
from the A/D converter is the amplification system. In this system, the signal can either

be enhanced through amplification or corrupted because of noise or linearity errors. The
key player in the amplification system is the operational amplifier. Volumes of books have
been written on this seemingly simple part, but not enough written about the single-supply
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operational amplifier applied in a simple manner. We will cover that in this book and take it
one step further, into the battery-powered environment.

Now go back to your strength. Revisit the digital with analog in mind. Can you exploit your
digital engine easily with a few analog tricks?

Go out on a limb. Bring the “art” of some of the essential analog disciplines into your tool-
box. In particular, learn about noise sources and noise filters. Think about your layout and
how it affects your circuit solution. Then go to the lab with confidence.

Set Your Foundation and Move On, Out of the Box

Drop your inhibition. Have fun. Work outside your box. Learning a new craft takes persis-
tence, time and a learning attitude. Analog design is a matter of sitting down and doing it,
whether it is right or wrong. Then on the next day tweak it, and the next day, and the next
day, until the circuit is finally refined. No magic formulas here, just some common sense,
and problem solving techniques. First, define the problem. Then identify tools and strategies
that can be used to work the problem. Third, work the problem to a solution. Finally, reread
your definition of the problem and determine if your solution seems reasonable. Analog only
demands good, honest, consistent and persistent work. Sound familiar?
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The Basics Behind
Analog-to-Digital Converters

The analog-to-digital converter (ADC) is always in the back seat of the station wagon, look-
ing at the analog signal through the rear window. In a way, I am soft on this device because
this is where I was in my family’s station wagon throughout my childhood, being one of six
children. The controller, in the front seat, can see the results of the converter’s labor, but the
question is, can those results be counted on? If the ADC reports the system data incorrectly,
the controller is blind to errors that have been introduced by the converter and signal chain.
This is true unless you are willing to allocate a lot of code to try to unscramble the mess (with
no guarantee of success). But why not go to the source of the problem. Believe me when I say
the ADC can cause you a great deal of heartache if you don’t understand the nuances. Your
misunderstanding of how to use the ADC can leave the controller or processor struggling with
erroneous or inaccurate data.

In this chapter, we are going to discuss the key specifications for ADCs and how they can
impact your expected results from your converter. This list of specifications generally applies to
all classes of converters. Then we will delve into the particulars of the successive approxima-
tion register (SAR) ADC. This part of the discussion will start with an explanation about how
the SAR converter works. The issues discussed will give you insight on how to use this type of
converter effectively, the first time. There will be more performance specifications and charac-
teristics discussed here with emphasis on how to design with or around some of the converter’s
shortcomings. This is followed with a user-friendly version of how a sigma-delta (X-A) ADC
works. The X—A topics will follow the same line of discussion as with the SAR converter. First,
we will talk about the topology and in particular how it impacts your signal chain. Following
this brief discussion, the performance specifications that are particular to the 2—A converter will
be discussed, with solutions on how to work with or work around the X—A converter limitations.

The primary ADC specifications are summarized in Appendix A and B, so if you forget about
the particulars of a specification, this is a great place to look. Appendix A contains a glossary
of common converter specifications. In Appendix B, you will find out what fast Fourier trans-
form (FFT) is and how it relates to the performance of your converter.

There are numerous other converters that you can use for your application circuits, like the
Pipeline, FLASH, and voltage-to-frequency (V/F) converters, but these topologies are beyond
the scope of this book.
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The Key Specifications of Your ADC
Input Range of the ADC

The input range of the ADC can be a bit tricky. You will find variations of single-ended,
differential, pseudo-differential, while the input range is determined by the voltage reference
(Vggp) of the converter.

An example of the configuration of an ADC with a single-ended input is shown in Figure
2.1a. This type of converter input is easy to use because there is no question of what to do
with that pin. The input voltage range is equal to the full-scale range (FSR) of the converter.
Additionally, the digital code at the output of this configuration is straight binary (see the
Straight Binary Section in this chapter).

Vin
A/D
Input range = ground to full-scale
) Input range =
ground to full-scale
VIN+
A/D

V|N_
Input range =

Amp
Amp
ground +/—~100s of mili-volts
C. Input range =
R, R, ground to full-scale
VIN+
R; R, A/D

V|N_
Input range =
ground to full-scale

Figure 2.1: The input(s) of ADCs can be configured in one of
three ways. The single-ended input (A) is configured for one input
voltage referenced to ground. Another type of input stage has two
inputs configured as a “pseudo-differential” stage (B) where the
signal input is the noninverting input, and the inverting input is
used to reject small-signal system noise. The third type of input
stage is the differential input (C) where the two inputs to the
converter range from ground to the full-scale input voltage.

In Figure 2.1b, the input of the converter is configured as a pseudo-differential input. This
simply means that the input to the converter is differential, but one of the input pins has a
range that is limited to a few hundred millivolts from ground. This has the same output digital
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coding as the single-ended input device. The digital code at the output is straight binary. You
might ask what this configuration would do for you? True to the spirit of differential input
stages, this type of device will reject small common-mode noise. In simple terms, if a small-
signal, like 50 Hz or 60 Hz, is an undesirable part of the signal you are trying to convert, this
common-mode signal will be rejected or eliminated. This is a nice feature as long as you
understand that you have to connect it properly to ground.

A third type of input for ADC:s is the fully differential input stage. With this configuration
both inputs can be brought from ground to the converter’s FSR. This is nice, because not only
can you reject small common-mode signals but you also can convert a positive or negative
analog signal to a digital output. You guessed it, the output code is in the format of two’s
complement (see the Two’s Complement section in this chapter).

So why is this important? There are some signal sources that are differential. One example is
the signal from a Wheatstone bridge in Figure 2.1c. You will find that if one of the inputs goes
positive, the other will go negative. This action will give you a gain of 2 V/V in the analog
domain. It will also couple the noise in the environment on both lines. The ADC will then be
able to filter that noise and convert the signal of interest from the bridge.

With this type of input, the FSR is double what you might expect. If you think about it, if the
noninverting input goes to its full range and the inverting input is referenced to ground, the
difference in this signal is (V iy, — Vin.) = + V. Now if the input signal changes so that the
noninverting input is referenced to ground, and the inverting input is taken to full-scale, the
difference in the input signal is (Vy, — Vix.) = —Vis. So the actual FSR of this type of device
is +Vgs — (—Vgs) or 2 X Vi, where Vi is the full-scale input voltage range.

Digital Coding of the Analog Signal

An analog-to-digital converter translates an analog input signal into a discrete digital code.
This digital representation of the real-world signal can be manipulated in the digital domain
for the purposes of information processing, computing, data transmission, or control system
implementation. In any application where a converter is used, it is advantageous to have the
code structure complement the microcontroller or processor’s operands.

We are going to talk about the most common code schemes: Straight binary and binary two’s
complement code. For simplicity, all of the following code examples are for a 4-bit converter.
The median analog voltages in the tables are the equivalent analog voltages that are at the
center of the digital code.

These codes are mathematically described using the full-scale (FS) input range of the convert-
er. Usually the full-scale input range of an ADC is equal to or twice as much as the voltage
reference applied to the device. And in some instances, the voltage reference connect is tied
internally in the device to the power supply. In all of these configurations, you will need to
refer to the product’s data sheet for specifics.
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The basic differences between these two types of code is:

1. The least significant bit (LSB) size of the two’s complement code is twice as large as
the LSB size of the straight binary code. This does not increase the number of codes
that the converter can create. With the two’s complement code, the positive and nega-
tive voltage inputs to the converter are represented with the same amount of codes
that the straight binary represents, only the positive voltage input voltage with code.

2. The analog FSR of the straight binary code is a positive voltage from ground to Vg
The analog FSR of the two’s complement code is equal to the positive FSR, plus the

unsigned negative FSR.

3. The digital output code of the two’s complement code is easier when running arith-

metic calculations, such as subtraction.

Straight Binary Code

The straight binary code is more accurately called unipolar straight binary. This digital format
for an analog-to-digital conversion is the simplest to understand. As the name implies, this
coding scheme is used only when positive voltages are converted. This is a good output code
for converters that are configured with a signal input, as shown in Figures 2.1a and 2.1b. An

example of this type of coding is shown in Table 2.1.

Table 2.1: The Unipolar Straight
Binary Code representation

of zero volts is equal to a

digital 0000. The analog full-
scale minus one LSB digital
representation is equal to

1111. With this code there is

no digital representation for
analog full-scale.

When this scheme is used to represent a positive analog signal range, the digital code for zero
volts is equal to zero (0000 per Table 2.1). The definition of a positive voltage is the amplitude
between the ADC ground or the inverting input and the noninverting input of the ADC. Given

Median analog voltage (V) Digital code
0.9375FS (%/,4 FS) 1111
0.875 FS (/. FS) 1110
0.8125 FS (3/,4 FS) 1101
0.75FS (/16 FS) 1100
0.6875 FS (/.4 FS) 1011
0.625 FS (/4 FS) 1010
0.5625 FS (°/, FS) 1001
0.5FS (%16 FS) 1000
0.4375FS (7/15 FS) 0111
0.375 FS (°/,4 FS) 0110
0.3125 FS (°/14 FS) 0101
0.25 FS (*/,4 FS) 0100
0.75 FS (*/y FS) 0011
0.1875 FS (?/1x FS) 0010
0.0625 FS ('/,5 FS) 0001
0 0000
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an ideal converter with no offset, gain, integral nonlinearity (INL), differential nonlinearity
(DNL) error or noise, the code transition from 0000 to 0001 occurs at the analog value of:

First Code Transition = (0 + '/, LSB)
Second Code Transition = (1 LSB + !/, LSB)
where
LSB =+FS /2"
Where LSB is equal to the least significant bit
n is equal to the number of converter bits and
+FS is equal to the analog FSR.

The digital output code versus analog input voltage is mapped in Figure 2.2. In this figure, the
analog input voltage of 0 V is converted to a digital code of 0000. If the analog input voltage
is changed at the input of the ADC to approximately 0.25 FS voltage, the ADC will produce a
digital code of 0100. At approximately midpoint between the codes specified in Table 2.1, the
converter will transition from a lower digital code to a higher digital code. A code width as
defined in Figure 2.2 is equal to one least significant bit (LSB).

Figure 2.2: Th.ls is an |deefl 1111101 1T Ideal transfer function
transfer function of a 4-bit 1101 + for a 4-bit A/D

ADC where the analog input
is continuous and the digital o 10117 | Transition

o s Digital 1010 ;
output code is discrete. Output 1001 + Points o
Code 1000
01117
0110 7}

0101 1 code
width

0000 \ \ \ \ \ \ \
0 1/4 FS 1/2FS  3/4FS FS

<— Analog Input Voltage —»

Binary Two’s Complement Code

In some applications, the unipolar ADC converts negative and positive values. This can only
happen when the ADC has differential analog inputs, as shown in Figure 2.1c. These types of
devices will output digital code in the binary two’s complement format. Binary two’s comple-
ment arithmetic is widely used in microcontrollers, calculators and computers because simple
subtractions and additions require less code. The additional operation of two binary numbers
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in two’s complement is straightforward, in that the two numbers are added together. The
subtraction operation of numbers in two’s complement is done by adding the two numbers
together to get the subtracted solution.

For example:

Decimal Two’s Decimal Two’s Decimal Two’s
Complement Complement Complement

+7 0111 +7 0111 +5 0101

+5 0101 -5 1011 -7 1001

+12 1100 +2 0010 -2 1100

Binary two’s complement coding is not as straightforward as straight binary. The codes are
not continuous from one end to the other due to the discontinuity that occurs at the analog
bipolar zero. The two’s complement representation of a positive binary number is gener-
ated by logically complementing all the digits, which then converts it to the negative binary
number counterpart as shown in Table 2.2 and Figure 2.3. With this code scheme, the most
significant bit (MSB) is a sign indicator. A positive value is indicated with an MSB logic 0.
An MSB value of logic 1 indicates that the output number is a negative value.

Table 2.2: The binary two’s complement representation of
zero volts is also equal to a digital 0000. The analog positive
FS minus one LSB digital representation is equal to 0111,
and the analog negative FS representation is 1000.

Median Voltage (V) Code
0.875 FS (7/, FS) 0111
0.75 FS (°/s FS) 0110
0.625 FS (°/, FS) 0101
0.5 FS (/4 FS) 0100
0.375 FS (*/, FS) 0011
0.25 FS (%/, FS) 0010
0.125 FS (/4 FS) 0001
0 0000
~0.125 FS (~'/, FS) 1111
~0.25 FS (~%/, FS) 1110
-0.375 FS (=%/, FS) 1101
0.5 FS (-*/, FS) 1100
0.625 FS (=¥/, FS) 1011
~0.75 FS (-5/, FS) 1010
~0.875 FS (/4 FS) 1001
-1FS 1000
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Positive Full
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Figure 2.3: The transfer function of a 4-bit ADC bipolar analog
input will produce a two’s complement code as a digital output.

This system has an odd number of codes and only one zero state. Differential input ADCs
(Figure 2.1c¢) are devices that can be operated in a single-ended, positive voltage input mode or
a full-differential input mode. In the full-differential mode, the FSR of the device is equal to:

FSR = {+INy;x = (-INy) }+ {~INyax = (+1Nyp) }
And the ADC'’s input voltage range is equal to:
A = +IN = (-IN))

The converter will produce digital code that represents the both negative and positive analog
inputs as shown in Table 2.2.

Throughput Rate versus Resolution and Accuracy

I once had a customer ask me on the company hotline for a 32-bit converter. I was taken off
guard with his request. Why did he need 32-bits? I finally found out that he only needed 1 mV
resolution out of 4.096 V. Well that is easy. You can do this with a 12-bit converter that has a
4.096 V reference. With this converter, the FSR would be 4.096 and the LSB size would be
Vier/ 212 =4.096 V/4096 = 1 mV. Why was he having problems finding a converter?

He told me that his bus was 32-lines wide. So my advice became, “Use a 12-bit converter and
tie bus lines 0 through 29 to ground.” He asked me if you could do that and I said, “Absolute-
ly, and with this solution you will control your system noise as an added benefit!”

A throughput rate specification (also know as data rate for sigma-delta ADCs) defines that
amount of time it takes for a converter to complete an entire conversion. The activities that
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are included in the throughput rate time are setup time, sample time, conversion time and data
transmission time. The two converter topologies that we will center our attention on will be
the successive approximation register (SAR) and sigma-delta. When you think of the typical
conversion times of these topologies, you can easily separate them into application classes
(Figure 2.4). In general terms, the faster the throughput rate of the converter, the lower the
resolution will be. But implied in this diagram is the same trend in accuracy. The resolu-

tion of a converter is simply the number of bits that the converter is capable of handling per
conversion. The accuracy describes the number of bits that are repeatable from conversion to
conversion. In all cases, the specified accuracy will be equal to or less than the resolution of
the converter.

Sigma-Delta
24
2 20
£=3 SAR
= 16
g
&?3 12
10
8
10 100 1k 10k 100k M 10M 100M

Throughput Rate (SAR Converters)
Data Rate (sigma-delta converters)
(samples per second)

Figure 2.4: The throughput rate of the SAR converter
is faster than a sigma-delta converter. In contrast, the
sigma-delta converter is able to achieve higher accuracy
as a trade-off for the slower speeds.

The data rate of the sigma-delta converter is generally slower than the throughput rate of the
SAR converter. As we will see later on in this discussion, the SAR converter only samples the
input signal once and converts to a digital code, according to the sampled signal. The sigma-
delta converter samples the input signal multiple times. It then implements various noise
reduction algorithms to improve the number of bits in the converter, as well as the signal-to-
noise ratio (SNR), but the trade-off with this type of sampling strategy is time.

Accuracy versus Resolution

There are a few key specifications that you should become familiar with. Knowing these
figures of merit will help you choose the right converter for your application and also identi-
fies the impostors. For instance, “2.7V 16-Bit ADC with SPI® Serial Interface” is an example
of what you might see at the top of a data sheet. Does it mean 16-bits accurate, noise-free for
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every conversion, accurate with respect to the input voltage, or does it mean 16-bits resolution
where you are guaranteed that 16-bits will be transmitted out of the converter at the conclu-
sion of a conversion? The latter is correct. The phrase “2.7 V 16-Bit ADC with SPI Serial
Interface” as the title of the converter’s data sheet only means that you will see 16-bits trans-
mitted from the output of the converter.

You will find that those 16-bits can all be accurate or not, depending on the manufacturer.
More than once in my career I have seen the last couple of codes or the LSBs (least signifi-
cant bits) of a 16-bit converter dither all over the place from conversion to conversion. So, I
would define a converter like this as having 16-bit resolution, not 16-bit accurate. This is not a
bad thing, as long as you know what to expect.

So, resolution is defined as the number of bits that are transmitted out of the converter at the
conclusion of the conversion. If you know this information about a converter you can quickly
calculate the theoretical LSB size with the following formula:

LSB =FSR /2"
Where n = number of bits
For a converter that has 16-bit resolution and an FSR of 5V, the LSB size is 76.29 uV.

One of the more common questions about ADCs that I hear is, “How do I know that an ADC
will give me a good, reliable code and can I determine this from the converter’s data sheet?”
Of course this depends on your definition of “reliable,” but if you are looking for a repeatable
output from conversion-to-conversion, you should refer to AC domain specifications. If you
are looking for a converted code that represents that actual input voltage, DC specifications
are more useful. But, don’t forget about the noise. DC specifications imply average accuracy
(not repeatability). From conversion-to-conversion these codes will vary, dependent on the
internal noise of the converter.

AC Specifications Imply Repeatability

AC domain specifications, such as SNR, effective resolution (ER), signal-to-(noise +
distortion) (SINAD), or effective number of bits (ENOB), provide information about ADC re-
peatability. Now these specifications will tell you how repeatable your conversion is, but they
will not tell you if the conversion is accurate. On the other hand, DC domain specifications,
such as offset error, gain error, differential nonlinearity and integral nonlinearity provide
information about how close, on average, the input signal is matched to an actual output code.
These specifications do not imply repeatability, and noise could give you varying results from
conversion-to-conversion.

Ideally, the SNR of a converter in decibels is equal to 6.02 n + 1.76 dB, where “n” is equal to
the number of converter bits. This theoretical noise is a result of the quantization noise inher-
ent in the converter. In practice, SNR is equal to 20 log (rms signal)/(rms noise), where rms
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means root-mean-square, equal to one standard deviation in a normal distribution. In order to
determine the rms noise, the results of many conversions need to be collected.

As with the SNR, ER is measured by collecting a statistical sample of many conversions,

but this time we don’t have an AC input signal to the converter. The input signal is a clean,
“noiseless” DC signal. If this DC signal has less noise than your converter (about 3x), you
are good to go. The units of measure for ER are bits, which is referred to the output of the
converter. If you want to refer this number to the input, you can change the units to volts. This
is interchangeable with the following formula:

ER (in bits rms) = {20 log (FS/ER in V,,,) — 1.76}/6.02,

since the unit of ER is in bits, you now know which bits are repeatable in your ADC output
code.

While SNR or ER provides information about the device noise of the converter, SINAD and
ENOB provide more information about ADC frequency distortions. SINAD is the ratio of

the rms amplitude of the fundamental input frequency of the input signal to the rms sum of
all other spectral components below one half of the sampling frequency (excluding DC). The
theoretical minimum for SINAD is equal to the SNR or 6.02 n + 1.76 dB. But in practice, an
ADC will have some harmonic distortion of this input signal that is generated within the con-
verter. The complementary specification to SINAD is ENOB. The unit of measure for SINAD
is dB, and the units of measure for ENOBsS is bits. SINAD can be converted to ENOB with
the following calculation:

ENOB = (SINAD - 1.76)/6.02

To this point in our discussion, the specification units are in terms of rms. Statistically speak-
ing, rms to one standard deviation of data shaped as a normal distribution. When the noise
units are defined with rms units, the probability that the converter will give you a value of
plus or minus one rms is ~68%. The relationship between the output noise of the converter,
the normal distribution of a set of sampled outputs and these statistical values are illustrated
in Figure 2.5a and 2.5b.

An rms specification is a statistical calculation from many samples or a population. The
formula for one standard deviation is:

o’=Z(y-m?N
where G is the population standard deviation
y is a sample from the population
7 is the population mean and

N is the set of population observations
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A 68% probability of getting your expected output may not be the odds you want to work
with. You might want to consider converting the specification limits to peak-to-peak (p-p)
values. From the rms number, you can quickly calculate the p-p specification, which is very
convenient if you are trying to get good repeatable results. This conversion is easily done
with ER and ENOB specifications by multiplying your rms specification (in voltages) by
two times the crest factor (CF, Figure 2.5¢), or subtracting the bit crest factor (BCF, Figure
2.5¢) from your rms specification (in bits). With this new calculation, your ADC has a better
chance of producing your expected output. The industry standard crest factor for nonmilitary
applications is 3.3. Also, be careful that the data you selected has the attributes of a normal
distribution, otherwise these calculations will not be as accurate as promised.

The calculation for the conversion of rms to p-p is:
V(p-p) = V(@ms) * 2 * CF
or
Bits (p-p) = Bits (rms) — BCF

For more details about these specifications, refer to Appendix A.

I T v
S AT R
% /1\ Vrms e, ",
g s
BN | N
l 1 ¥ | | mean (1)
Time Occurrences :
a. outside the crest Occurrences
factor limits A\’ outside the
Crest Crest Percentage of ]S:rets t limit
Factor | Factor | Occurrences where actorfimits
(CF) | (BCFbits)| Peaks are Exceeded
2.6 2.38 1%
3.3 2.72 0.1% :
3.9 2.96 0.01% [ — "'\' b
4.4 3.14 0.001%
4.9 3.29 0.0001%
Noise P-P volts = Noiserms * 2 * Crest Factor Vp-p rms or
Noise P-P bits = Noiserms bits - Crest Factor in bits one standard
C. deviation ( ©)

Figure 2.5: A sample of an ADC’s output can be collected in time (a) and translated
into a histogram (b) where the mean and standard deviation of the samples can be
calculated. With the standard deviation of these samples, a peak-to-peak value can
be determined (c) with a multiple of 2 times the crest factor (CF) for output signal
referred to input calculations or an additive bit crest factor (BCF).
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DC Specifications Imply Accuracy

If you are looking for a conversion from your converter that accurately represents the ana-
log voltage, you should be looking at the DC specifications. The DC specifications that I am
referring to are offset voltage, gain error (or FS error), differential nonlinearity, and integral
nonlinearity. If your conversions are not repeatable as discussed in the “AC Specifications
Imply Repeatability” section in this chapter, then the accuracy of your converter is deter-
mined by the average of multiple samples. In this discussion, we are going to assume that the
converter is noise-free.

What do the least significant bit (LSB) specifications mean when you are looking at ADCs?
One day a fellow engineer told me that a 12-bit, Converter X (manufacturer will remain
unnamed) had just 7 usable bits. So essentially, the 12-bit converter was only a 7-bit con-
verter. He based this conclusion on the device’s offset and gain specifications. The maximum
specifications were:

Offset error = £3 LSB,
Gain error = +5 LSB,

At first glance, I thought he was right. From the list above, the worst specification is gain
error (5 LSB). Applying simple mathematics, 12-bits of resolution minus five is equal to
7-bits, right? Why would an ADC manufacturer introduce such a device? The gain error
specification motivates me to purchase a lower-cost, 8-bit converter. However, that doesn’t
seem right. Well, as it turned out, it wasn’t right.

Let’s start out by looking at the definition of LSB. Think of a serial 12-bit converter; it
produces a string of twelve ones or zeros. Typically, the converter’s first transmitted digital
bit is the MSB (or LSB + 11). Some converters transmit the LSB first. We will assume
that the MSB is first in this chapter. The second bit is MSB — 1 (or LSB + 10); the third bit
is MSB — 2 (or LSB + 9), and so on. At the end of this string of bits, the converter finally
transmits as MSB — 11 (or LSB).

The terminology, LSB, is very specific. It describes the last position in the digital stream. It
also represents a fraction of the full-scale input range. For a 12-bit converter, the LSB value
is equivalent to the analog full-scale input range divided by 2'* or 4096. If I put this in terms
of real numbers, I have an LSB size of 1 mV with a 12-bit converter that has a full-scale input
range of 4.096 V. However, the most instructive definition of LSB is that it can represent one
code out of the 4096 codes possible.

Going back to the specifications and translating them into a 12-bit converter that has an input
FSR of 4.096 V:

Offset error = £3 LSB = +£3 mV,
Gain error =5 LSB =5 mV,
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These specifications actually claim that the converter can have (worst case) an 8 mV (or

8 code) error introduced through the conversion process. This is not to say that the error occurs
at the LSB,LSB - 1,LSB -2, LSB -3, LSB -4, LSB -5, LSB — 6 and LSB — 7 positions in
the output bit stream of the converter. The errors can be up to eight times one LSB, or 8 mV.
Precisely stated, the transfer function of the converter could have up to eight codes missing
out of 4096 codes. These codes will be missing at the lower or upper range of the codes. For
example, a converter with an error of +8 LSB ((+3 LSB offset error) + (+5 LSB gain error))
will produce possible output codes of zero to 4088. The lost codes are from 4088 up to 4095.
This is a small, incremental error of 0.2% at full-scale. In contrast, a converter with an error of
-3 LSB ((-3 LSB offset error) — (=5 LSB gain error)) will produce codes from 3 up to 4095.
The gain error in this situation produces an accuracy problem, not a loss of codes. The lost
codes are 0, 1, and 2. Both of these examples illustrate the worst possible scenario.

The difference between the first measured transition point and the first ideal transition point is
the offset voltage of the converter. If the offset error is known it can easily be calibrated out of
the conversion in hardware or software by subtracting the offset from every code. Gain error
(full-scale error) is the difference between the ideal slope from zero to FS and the actual slope
between the measured zero point and FS. Offset errors are zeroed out with this error calcula-
tion. Gain error is another ADC characteristic that can be calibrated out of the final digital
code from the converter. Multiplying the final conversion by a constant does this. Although
this calibration is possible, the software overhead may be too much. Typically, the offset
errors and gain errors do not track this closely in actual converters.

The real-life performance enhancements due to incremental improvements in an ADC’s
offset or gain specifications are negligible to nonexistent. To some designers, this seems like
a bold assumption, if precision is one of the design objectives. It is easy to implement digital
calibration algorithm with your firmware. However, more importantly, the front-end ampli-
fication/signal conditioning section of the circuit typically produces higher errors than the
converter itself.

This discussion puts a new light on the conclusions reached at the beginning of this section.
In fact, the 12-bit converter as specified above has an accuracy of approximately 11.997 bits.
The good news is that a microprocessor or microcontroller can remove this offset and gain
error with a simple calibration algorithm.

Differential nonlinearity (DNL) is the maximum deviation in code width from the ideal

1 LSB (FS/2") code width. The difference is calculated for each transition. This converter
characteristic is very difficult to calibrate out. Even if you take the time to measure one
converter for this error, the next converter from the same product family will have a slightly
different DNL error from code to code. Integral nonlinearity (INL) is the maximum devia-
tion of a transition point from the corresponding point of the ideal transfer curve with offset
and gain errors zeroed. The INL performance of an ADC is actually derived from DNL tests.
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Once again, the INL error is difficult to calibrate out of the final conversion, particularly from
part-to-part of a product family.

For more details about these specifications, see Appendix A.

Successive Approximation Register (SAR) Converters

The SAR ADC arose out of industrial application requirements. This tried but true converter
solution has spread across a variety of applications including process control, medical and
earlier audio systems. In these applications, 8- to 16-bit conversion results were required.

The SAR ADC is nothing new to the data acquisition world. In the 1970s, the state-of-the-
art SAR ADC was touted as a lower power, more accurate and less expensive device. These
converters utilized R-2R resistive ladders in their design in order to achieve the differential
linearity, integral linearity, offset and gain specifications. They were able to achieve the
promised performance because of careful IC layout practices and wafer level resistor laser
trimming. The core of this first generation SAR ADCs required an external sample-and-hold
circuit but was exclusively built using a bipolar transistor process. This was a good marriage
because the bipolar technology was best suited for low-noise and high-speed performance. A
good example of this type of converter would be the industry standard, ADC700, manufac-
tured by Texas Instruments.

In today’s standards, this hybrid ADC would be considered too power hungry. The current
CMOS generation of SARs has succeeded in taking over the all-bipolar SAR. The architec-
ture of this converter uses a capacitive redistribution input section, which inherently includes
the sample/hold function. The capacitor arrays are more compact and much easier to match
than the older nicrome R-2R ladder networks, which usually requires an external sample-
and-hold circuit on the analog front end. This new chip topology has lower power operation,
higher functionality and a smaller chip size.

All this is good news to the systems designer who is looking for improved performance,
higher integration and an overall excellent cost/performance ratio. This generation of SAR
converters not only includes the sample-hold function, but also differential inputs and voltage-
controlled gain capability through the voltage reference inputs. Since the integrated circuit
design is implemented primarily with capacitors rather than resistors, the power dissipation
and the chip size is lower than ever achieved. The SAR converter also has taken a step towards
increased functionality. In prior SAR ADC designs, the voltage reference circuit could be
internal or external, but in all cases was limited in voltage range. With this new topology, the
device voltage reference is usually external and its range is much wider. This gives flexibility
when selecting the desired LSB size. As mentioned before, the LSB size of a converter is:

LSB =FSR /2"
where n = number of bits,
and FSR = the voltage reference voltage.
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Under normal single-supply conditions, the voltage reference would be equal to 5 V. If this

is the case, the LSB size of a 12-bit converter is equal to 1.22 mV (5 V + 4096 codes). If the
voltage reference for the converter is equal to 100 mV, the LSB size now becomes 0.0244 mV.
This is a 50x reduction in the LSB size. If you have a very clean layout and voltage reference,
this type of change could eliminate an analog gain stage.

A final advantage of the CMOS version of the SAR converter is that it is possible to integrate
this circuit onto the microcontroller or processor chip. This is not feasible with the bipolar
SAR converter unless you produced an expensive multichip, mixed-signal version.

The CMOS SAR Topology

The CMOS SAR ADC is a sampling system that takes one sample for every conversion. The
analog input signal to a SAR converter first sees a switch and a capacitive array, as shown in
Figure 2.6. The input node connects a capacitive array on one side, and the noninverting input
to a comparator on the other.

.J?.Yw ...............................................................................................
S, Cap array is both the |
i sample cap and a DAC i

Control

(L Logic
= VSS

Figure 2.6: The modern day SAR converter uses a capacitive array
at the analog input. This capacitive array and the remainder of
the device are easily manufactured in CMOS, making it easy to
integrate it with microcontrollers or microprocessors.
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When the switch (S,) is closed, the voltage input signal is sampled onto the internal capacitive
array of the converter. After the sampling time is completed, S, is opened and the bottom side
of the MSB (most significant bit) capacitor is connected to Vg while the other capacitors are
tied to Vg (or the system ground). The charge from the MSB capacitor is redistributed among
the other capacitors. The charge is distributed across the capacitor array, and the noninverting
input of the comparator moves up or down according to the voltage presented at its input.

The voltage at the noninverting input of the comparator, with respect to Vg, is equal to
(172Vpp —=Vin) + 172V If this voltage is greater than 1/2V,,, the MSB is equal to zero,
which is transmitted out of the serial port, and the MSB capacitor is left tied to Vg The
transmission of all bits to the serial port is synchronized with system clock (SCLK) through
Spour (serial data out). If the voltage at the noninverting input of the comparator is less than
1/2Vp, the MSB capacitor is connected to Vg and an MSB bit equal to one is transmitted out
of the serial port.

As soon as the MSB value is determined, the converter starts to determine the MSB — 1 value.
Connecting the MSB — 1 capacitor to Vg while the other capacitors are tied to V4 (except for
the MSB capacitor) does this. Note that the MSB — 1 capacitor is not illustrated in Figure 2.6,
but its value is 8C. With this change in the capacitive array connections, the value of the volt-
age at the noninverting input of the comparator is [1/2 Vi, — Vil + 1/2Vier MSB) + 1/4V e
Now the voltage on the capacitive array is compared to the voltage at the inverting of the input
comparator, 1/ 2Vy,. In the analysis of this bit, if this voltage is greater than 1/2V yp,, the

MSB - 1 is equal to zero, which is transmitted out of the serial port. Additionally, the MSB — 1
capacitor is left tied to Vg If the voltage across the capacitive array is less than 1/2V,, the
MSB - 1 bit is equal to one. This bit value is transmitted out through the serial port. Once this
is done the MSB — 1 capacitor is connected to V. This process is repeated until the capacitive
array is fully utilized.

There are two critical points during the conversion time. The first point is where the sample is
actually acquired by the converter. During this time, the input signal must be stable within %4
of an LSB. Otherwise, the converter will give an output that is less than accurate. The second
critical point during the conversion time is where the converter is finishing up the conversion.
At this particular time, the converter is converting the LSB, which requires the most accuracy.
Generally speaking, it is good practice to keep the converter’s power supply and input signal
as quiet as possible during the entire conversion.

Figure 2.7 shows another way of thinking about the SAR conversion by looking at the digital-
to-analog converter (DAC) output. In this figure, the input is sampled between time (a) and
(b). Starting at time (b), the analog voltage is tested against the DAC output voltage, which is
now equal to ¥2 FS. If the analog input voltage is higher than 2 FS, a digital output code of
“1” is sent out of the serial digital output. If the charge from the analog input voltage is lower
than 2 FS, a digital output code of “0” is sent out of the serial digital output. In this case,

the MSB value is “1”. The capacitive array is switched to test MSB — 1 as discussed above.

42



The Basics Behind Analog-to-Digital Converters

Digital Output Code = 1010

Figure 2.7: Another way FS

of looking at the SAR i

conversion process is +— Bit < 0

to examine the internal S/4FS T Bit= 1 Bit=0 Analog

DAC output of the " input
converter. The converter ~ Viv 1/2Fs
starts by converting the
MSB of the analog input
signal and then steps
through each bit. Each
bit conversion is timed 0 4

with the system clock @ ¢ d N f 9
4 ’ DAC Output Time (s)

1/4FS

FTTTTTTTT
<
®
w
<
@
w
L
<
@
w
b
-
®
w

Between time (c) and (d) the analog input charge is now compared to 3% FS. If the MSB was
found to be a “0” the MSB — 1 bit would be compared to ¥4 FS. But as you can see in this
case, with the MSB equal to “1”, the MSB — 1 is determined to equal “0”. This process con-
tinues until the final LSB code is determined.

Interfacing With the Input of the SAR Converter

Driving any A/D converter can be challenging if all issues and trade-offs are not well under-
stood from the beginning. With the SAR converter, the sampling speed and source impedance
should be taken into consideration if the device is to be fully utilized. Here we will discuss
the issues that surround the SAR converter’s input and conversion to ensure that the converter
is handled properly from the beginning of the design phase. We are also going to review the
specifications available in most A/D converter data sheets, and identify the important speci-
fications for driving your SAR. From this discussion, techniques will be explored which can
be used to successfully drive the input of the SAR A/D converter. Since most SAR applica-
tions require an active driving device at the converter’s input, the final subject is to explore the
impact of an operational amplifier on the analog-to-digital conversion in terms of DC as well
as AC responses. A typical system block diagram of the SAR converter application is shown
in Figure 2.8. Some common SAR converter systems are data acquisition systems, transduc-
ers sensing circuits, battery monitoring applications and data logging. In all of these systems,
DC specifications are important. Additionally, the required conversion rate is relatively fast

Figure 2.8: An input signal to

the SAR converter should be Am )
. p Filter Mi
buffered to reduce impedance Input Analog to 'CIO‘”
. i i L1 controller
matching problems and a filter Signal Digital Enali
.. . Source Converter ngine
to reduce aliasing errors in the

converter. The amplifier stage Filter |
and filter stage in this diagram Output DAC or
can be combined. j PWM
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(as compared to sigma-delta converters) and having a lower number of bits that are reliably
converted is acceptable.

For the input stage of the converter shown in Figure 2.9, the input signal could be AC, DC or
both. The operational amplifier is used for gain, impedance isolation and its drive capability. A
filter of some sort (passive or active) is needed to reduce noise and to prevent aliasing errors.

A model of the SAR ADC internal input sampling mechanism is shown in Figure 2.9. Criti-
cal values in this model are R, Cgxypre a0d Rgwiren- Csamprr 18 €quivalent to the summation of
the capacitive array shown in Figure 2.6. Pin capacitance and leakage errors are minimal. The
external source resistance and sample capacitor combines with internal switch resistance and
internal sample capacitor to form an R/C pair. This distributed R/C pair requires approximately
9.5 time constants to fully charge to 12-bits over temperature. The MCP3201 (from Micro-
chip), 12-bit ADC requires 938 nsec to fully sample the input signal, assuming Ry << Rgwircy-

Analogg Voo Switch Resistance H
Input i Rswiren = 1 kQ Vear

Rs —ISP'N Leakage Csampie = :

—I— curren 25pF :
— Vss

Figure 2.9: The combination of the external input resistance (R;) and
internal switch resistance (Rsy,rc;) and the sample capacitor (Csaypie)
form a low-pass filter that has a rise time. If an accurate conversion
is desired, the external input resistance should be minimized or the
sampling time of the converter should be lengthened.

Following these elements, the signal reaches the switch resistance, Rgy;rcy, and the sample
capacitor, Cg,\p - The sampling capacitor represents the bulked element that samples the
input signal while the switch is closed. While the converter is sampling the input signal, the
combination of the source resistance (Ry), the switch resistance (Rgy;rcpy), and the sampling
capacitor (Cgnypp) form a single-pole R/C network. The time constant of this network is:

tre = (Rs + RSWITCH) * CSAMPLE

Assuming that the charge and voltage on the sample capacitor is zero at the time that the
sample is acquired, the rise time of the voltage on that capacitor is equal to:

VCAP — VIN (1-e —t/ (RS +RSWITCH) (CSAMPLE))

The result of having a high external input resistance or fast conversion time can compromise
the accuracy of the conversion. In either case, the converter will close its sampling switch
before the sample capacitor has completely charged. This is illustrated in Figure 2.10.
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Sample
Figure 2.10: The converter is Period
allowed to sample the input o j I_
signal for a defined amount of CS
time. The system clock to the 102 3 4 58 6 7 8 9 10 11218 14 15
4 . .. CLK
converter determines this time.

If the sampling time is too fast DOUT EEEEEEBEEEE

or the external input resistor is

too high, the sample capacitor / Desired Voltage on C o,
will not completely sample the

input signal resulting in an Voar B \

inaccurate conversion.

Final Voltage on C gaypLe

With the previous formula, we can determine the percentage of charge that will arrive at the
sample capacitor with time.

If you apply this concept to a specific application where a 12-bit A/D converter from Figure
2.9 is used, you can calculate the number of bits that you have acquired from the input signal.
This is shown in Table 2.3.

Table 2.3: The R/C pair of Rgyrcy = 1 k€ and Cspype = 25 pF requires
approximately 9.5 time constants to fully charge to 12-bits over temperature.

# of time Constants 1 5 8 9 10
(Rs + Rewrcr) * Coppie in NS 25 125 200 225 250
% of Full Scale Range on Coapie 63.2 99.3 | 99.966 | 99.9877 | 99.9955
% of Full Scale Range on Cgayp.e to go 36.8 0.67 0.034 0.0123 | 0.0045
ADC bit Accuracy (bits) 1.4 7.2 11.5 13.0 14.43

As calculated in the table, the accuracy of an analog-to-digital converter can be compromised
if the device is not given enough time to sample. For instance, use the example of a fictitious
12-bit A/D converter, which samples within 1.5 clock cycles using a clock rate of 2 MHz. The
sampling time allotted by the converter is 750 nsec. This works very well with the numbers

in Table 2.3. Now add a source resistance of 5 k€ and you will find that the converter needs
1350 nsec to convert to 13 bits accurately.

The accuracy of a SAR ADC can be compromised if the device is not given enough time to
sample. In the graph in Figure 2.11, the y-axis is the clock frequency in megahertz, and the
x-axis is input (source) resistance in ohms. The sampling time of the converter for these clock
frequencies is equal to 1.5 clocks. For example, a clock speed of 1.6 MHz would translate to
a sample time of (1.5/1.6 MHz) or 937.5 nsec.
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Figure 2.11: There is a level of 1.8 - T T
source resistance that a SAR 'g 1.6 Voo = Vegr = 5V H-H
converter can tolerate with a = 1.44 \\

given sampling frequency. But & 1.2 \‘

as the external source resistance § 1.0

increases the converter reaches g 0.8 N
a point where the sampling L 061 Voo = Vier = 2.7V -
capacitor needs more time to 8 0.4+ -
charge. These variables change O 02

from converter to converter. The 0.0 4 !
product data sheet from your 100 1000 10000
converter should be consulted. Input Resistance (Ohms)

There are two obvious solutions to the problem: one would be to reduce the source resistance,
while a second would be to increase the sampling time.

In order to keep the source resistance low, it is recommended that the converter be driven by
an active element, such as an operational amplifier. In this situation, the input signal could be
AC, DC or both. The operational amplifier can be used for gain, filtering, impedance isolation
and its drive capability. When you drive the input of an ADC with an operational amplifier,
whether it is a gain cell, filter cell or both; offset, noise, gain errors and distortion can be
added to the signal prior to the ADC by the amplifier. The investigation of these issues as they
relate to the conversion process follows. The selection of the appropriate operational amplifier
for the SAR converter is discussed in Chapter 5, Finding the Perfect Op Amp (Precision) for
Your Perfect Circuit.

Sigma-Delta (X-A) Converters

I remember the days when I could count on enough good analog circuit questions to create
quite an afternoon of adventures in the lab. I would use theory to predict the analog outcome
in terms of stability, gain, or noise levels and try to match it with reality. The mixed-signal
ADC and digital-to-analog converter (DAC) questions were riddled with digital timing
problems to conquer, but seldom the complex noise or stability calculations that pure analog
circuits provided. Since the mixed-signal circuits still required an analog front-end (gain and
filtering), most calculations were still handled in the analog domain. The entrance of the
16-bit converter offered somewhat of a front-end noise reduction challenge, but it did not rival
the battle being waged in the pure analog domain.

Then a new player joined the team. This player was literally thrown over the wall, at least
for those who aren’t IEEE fans. I couldn’t imagine replacing these complex circuits with a
digital-centric device, but I should have paid attention to the reports that were coming back
from the conferences. These reports came from the IC designer to the poor, unsuspecting,
IC user. It came in the form of a 1-bit digitizer that would output a 24-bit word. I once asked
an audience of engineers in a technical seminar what 22* was equal to. T expected one of the
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geniuses in the crowd to quickly shout out “16,777,216”. The actual answer that I got was
“412° " And now, the person who called me and asked me to recommend a 32-bit converter can
actually see the light at the end of the tunnel.

Having a converter that is capable of converting to a resolution 16 million codes can be over-
whelming at first, but let’s back up and take the bird’s eye view, then follow it with the details.
With this approach, we can start with an intuitive level, which will get us a long way as we go
into the forest to look for the trees.

Here Is How the Sigma-Delta ADC Works

The Sigma-delta (¥—A) converter is a 1-bit sampling system. A functional block diagram of
an ADC 2—-A converter is shown in Figure 2.12. In this system, multiple bits are collected and
then sent through a digital filter where there is a fair degree of mathematical manipulation
performed.

An analog signal is applied to the input of the converter. This signal needs to be relatively
slow because the ¥—A ADC samples the input signal multiple times; this technique is known
as oversampling. The sampling rate is hundreds of times faster than the digital results at the
output ports. Each individual sample is accumulated over time with the previous samples.
This collection is averaged to achieve a statistical result of the sampled input signals.

The X-A ADC can be broken into four discrete segments (plus the serial interface). But keep
in mind that you may have to modify this simple diagram for the individual converters that
are using. For instance, your converter has been enhanced or simplified, but the basic opera-
tion of these converters is the same from device to device. A good, working block diagram is
shown in Figure 2.12.
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This figure has four basic blocks:

1. Programmable gain amplifier (PGA). Gain is achieved with capacitive double-
sampling techniques (Figure 2.13).

2. Multiorder charge-balancing ADC. Charge is “balanced” across capacitors that
surround an amplifier (Figure 2.14).

3. Digital low-pass filter which is often multiple finite impulse response (FIR) filters
(Figure 2.15).

4. Decimation filter (Figure 2.16).
Programmable Gain Amplifier in the >—A Converter

The front-end of most ¥—A converters has a programmable gain amplifier (PGA). This is not
the classical analog PGA implementation where there is an amplifier surrounded by resis-
tors, which achieve an analog gain, purely in the analog domain. This PGA takes the analog
input signal and quickly converts it to a sampled signal. The gain settings for this stage are
programmed through the digital interface. In this stage, we haven’t completely left the analog
domain but we are halfway there. An example of this type of stage is shown in Figure 2.13.

The basic topology of the PGA stage is a differential switched capacitor amplifier. The
switched capacitive topology uses a combination of oversampling and capacitor gain to
achieve the possible gains of 1, 2, 4, 8 and 16. With this stage, the signal is clocked in on the
rising edge of the sampling clock and transferred by the falling edge of the sampling clock to
a second group of capacitors. For a PGA gain of one, the next rising clock edge sends the first
signal forward to the modulator section of the A/D converter as well as sampling a second
input signal. For PGA gains greater than one, say a gain of two, the second rising clock edge
does not send the signal forward to the digital filter section. The second stage of the PGA
retains the original signal and adds it to the second sampled input. In this manner the charge
is doubled. At the completion of the second sampling, the charge is finally transferred to the
modulator section. This concept can easily be extended to gains of 4, 8 and 16. As the gain of
the PGA stage increases, the number of cycles required to sample the signal also increases.
One of two scenarios can be implemented for this change in gain. The first scenario would
keep a constant sampling clock and increase the overall sample time by 16x (for a gain
increase of 16x). Another way that the PGA gain is implemented by increasing the number of
samples taken by the input capacitor from 20 kHz for a gain of 1, to 320 kHz for a gain of 16.
Adjusting the internal gain stage of the X—A converter is a technique that you can use to get
an appropriate LSB voltage size for the transducer application.

Initially, switches G,, G, and G; are closed, and G;, G,, G and G, are opened on the rising
edge of the clock. During the time that the clock is high, charge is accumulated on C, and C,.
On the falling edge of the clock, switches G,, G, and G are opened and G;, G,, G, and G, are

48



The Basics Behind Analog-to-Digital Converters

Analog
Inputs 1-bit data Multi-bit Output
Multi-order itream data data
Charge- Digital .
PGA balancing — Low-pass _Decllzr_?tatlon |
A/D Converter Filter liter
G Gs —i—
1L 04 c, 0y L
oot a
T T Cs
. FGa Y
ver o % A e S —
G Gy
AT . -
Vine O 'J_L'. I i d:]__"_
T ¢4 C, 02 T
o, —i—
CLOCK
F Y 4 Y 4 Y
2 O

Figure 2.13: This switching network changes the analog input signal
to a sampled voltage. This sampled voltage is taken in by the next
stage where the signal is finally digitized into a one or zero.

closed. The charge on C, and G, is transferred to C, and C,. This cycle is then repeated. The
most common way to implement a gain is to sample the signal multiple times and store the
charge on C; and C,. For example, if the input signal charge is stored on C, and C, twice, the
signal will have a gain of two applied.

Assuming the external clock is a constant 10 MHz, PGA gain is implemented by increasing
the number of samples taken by the input capacitor from 20 kHz for a gain of 1, to 320 kHz
for a gain of 16. Adjusting the internal gain stage of the ¥—A converter is a technique that you
can use to get an appropriate LSB voltage size for the transducer application.

In digitizing systems, the anti-aliasing analog filter has saved many designs from noise-ridden
disasters. They serve the purpose of rejecting high-frequency (uninvited) noise in the analog
system so that the digitizer doesn’t alias unwanted signals into the bandwidth of interest. One
would assume that the anti-aliasing filter would always be a permanent fixture, placed before
the analog-to-digital converter. With the sigma-delta converter, the internal digital network
has nearly replaced this analog function.

Sigma-delta ADC manufacturers are promoting the requirement of a simple R/C low-pass
filter at the input of the converter as the answer to all anti-aliasing problems. In fact, this
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filter does provide a small amount of high-frequency Vbp
attenuation, but that is not the primary function of
this simple low-pass filter. The most disruptive noise

signals that are present at the input of the ADC are the Rin
switching currents coming in and out of the converter ~ Vin CsampLe
itself. The first stage of the unbuffered sigma-delta I

converter is fundamentally a switched capacitor —
network. A model of the A—X input is shown in

Figure 2.14. Figure 2.14: The input model of the
sigma-delta converter is similar to the
Switching glitches can be easily measured with a input model of the SAR converter.

few hundred ohms on the inputs and an oscilloscope. ~ Consequently, if the external input
impedance is too high, the offset

and gain of a conversion can be
compromised.

This glitch energy can disrupt the measurement of the
small voltages at the inputs by upsetting the driving
input circuitry. This input stage should be treated with
the same care that the SAR converter receives. Any
error that is introduced because of high source impedance affects the offset and gain of the
conversion. A step towards solving this problem is to place this R/C filter on the inputs of
the converter. Additionally, if the device has differential inputs, a 0.1 WF capacitor can be
placed directly across the inputs. This is done to attenuate high-frequency noise that is pres-
ent at the input pins of the device. Note that this technique is not recommended for analog
operational amplifiers.

The fact that this is called a PGA does not imply that input impedance if high. As a matter of
fact, it is fairly low and dependent on the input capacitance and the over-sampling frequency.

Multiorder Charge Balancing ADC

The charge balancing ADC is the heart of this converter. It is responsible for digitizing

the input signal and lowering the noise at lower frequencies. In this stage, the architecture
implements a noise-shaping function where low-frequency noise is pushed up to higher
frequencies. This low-frequency noise appears outside the band of interest. This is one of the
reasons that Z—A converters are well-suited for low-frequency, high-accuracy measurements.

The function of the multiorder charge-balancing A/D converter can be conceptualized with
the 1**order stage shown in the insert in Figure 2.15. The analog input voltage and the output
of the 1-bit DAC are differentiated, providing an analog voltage at X,. The voltage at X, is
presented to the integrator. The output of the integrator progresses in a negative or positive
direction. The slope and direction of the signal at X;is dependent on the sign and magnitude
of X,. At the time the voltage at X, equals the comparator reference voltage, the output of the
comparator switches from negative to positive or positive to negative, dependent on its origi-
nal state. The output value of the comparator (X,) is clocked back into the 1-bit DAC, as well
as clocked out to the digital filter stage. At the time that the output of the comparator switches
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Figure 2.15: The multiorder charge-balancing stage of the X—A converter
samples the input signal from the PGA stage and converts that signal

to a one or a zero. Since this stage has a DAC in the feedback loop, the
noise in this conversion is pushed out of the lower frequency band. This
phenomenon provides the first step to an extremely low-noise conversion.

from a high to a low or vise versa, the 1-bit DAC responds on the next clock pulse by chang-
ing its analog output voltage to the difference amplifier. This creates a different output voltage
at X,, causing the integrator to progress in the opposite direction.

Many times the PGA stage of the multiorder charge-balancing stage is combined. But for
discussion purposes, in Figure 2.15 the signal enters this stage from the PGA stage (Figure
2.13). Although this signal was sampled in the previous stage, the voltage magnitude can be
anywhere between ground and the voltage reference. Depending on the 1-bit DAC’s output
voltage, the difference amplifier will produce a relatively high voltage or low voltage. This
voltage is then integrated through the next stage (integrator). At the output of the integrator, a
comparator will produce a one or zero. This is essentially the step where the signal is digi-
tized, and in that step there is quantization noise created. The comparator output is sampled
by the DAC in sync with the sampling clock of the converter. This may or may not change the
DAC output. The output of the comparator is also sampled in sync with the sampling clock of
the digital filter.
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The combination of the integrator and sampling strategy implements a noise-shaping filter on
the digital output code. This noise shape is illustrated in Figure 2.16.

A digital filter is implemented in the next stage. The effects of the digital filter are illustrated
in Figure 2.16.

Oversampling by k times

Signal amplitude
SNR = 6.02 N +1.76 + 10log (k) {dB} |
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Figure 2.16: The noise in the modulator is moved out into higher
frequencies. This is called noise shaping. After the modulator, the
digital filter is used to implement a low-pass filter where high-
frequency noise is removed. The calculation for the SNR includes
the effects of oversampling.

Digital Low-Pass Filter

The output of the multiorder charge-balancing converter is a series of digital ones and zeros,
which is sent to the digital filter. The digital filter uses an oversampling and averaging algorithm
to further process the signal into the higher resolutions. The combination of the digital filter and
the decimation filter stages directly affect the resolution and output data rate of the converter.

Typically, the digital filter is a finite impulse response (FIR) filter that essentially implements
a weighted-average on the digital output from the modulator. A 1% order FIR filter is actually
an averaging machine. A FIR digital filter is shown in Figure 2.17.

The 1* order FIR filter in Figure 2.17 uses a moving-average process. This averaging process
mathematically reduces the level of uncertainty in the output signal, but it does take time to
acquire the samples. Theoretically, if you acquire four samples, you can change the digital
output from an output with two possibilities (0 and 1) to an output that has four possibilities
(00, 01, 10, 11). This is possible through the oversampling mechanism and averaging process.
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Figure 2.17: The filter illustrated in this diagram is a 1** order FIR filter. The digital
low-pass filter of the XA converter further reduces the noise in the conversion
process by averaging multiple digital codes in this rolling-averaging filter (FIR filter).

For instance, if 4 bits are acquired, the possibilities, after the averaging process are 0, 0.25,
0.5 and 0.75. Each oversample by a factor of four gives a 6 dB (or 1-bit) improvement in the
converters SNR. So theoretically, given a 1-bit ADC, a 2-bit converter can be mathematically
realized with 4' averaged samples. A 3-bit converter can be realized with 4? (or 16) averaged
samples. A 4-bit converter can be realized with 43 (or 64) averaged samples. You can see that
this technique only works so far. For instance, if a 24-bit converter is derived from a 1-bit
ADC, by averaging 4* (or 70,368,744,178) samples. This would take a long time. As a result,
there are other techniques used to obtain higher bit resolutions. These techniques include

the modulator noise shaping (discussed previously), weighted averaging techniques, and
multiple-level modulators.

There are very few X—A converters on the market that have a 1% order FIR filter. Most of these
types of converters have a multiorder implementation of this function. The most common is
3 order. You will also find that this 3™ order filter is called a sinc? filter. The transfer function
of a sinc? filter with a cut-off frequency of 60 Hz is shown in Figure 2.18.
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Y—A converters have a variety of digital filters to choose from. In this discussion, we have
talked about the FIR filter. Another type of discrete-time filter that is common is the infinite
impulse response (IIR) filter (Figure 2.19).
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Continuous-time filter approximations, such as Butterworth, Bessel, Inverse Chebyshev, and
so forth, can be mapped into discrete-time IIR filters. But ultimately the design procedure for
a discrete-time system begins with a set of discrete-time specifications. Continuous-time filter
approximations are used as a convenient tool for meeting the discrete-time filter specifications.
This type of discrete-time filter is transformed from the prototype continuous-time filter.
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The advantage of the FIR filter is its stability and linear phase response. It has a simple,
straightforward design (Figure 2.17) and uses relatively lower power than the IIR filter. On
the down side, the FIR filter has to be a higher-order filter to get the job done, so the latency
(the amount of time required for a good conversion) is longer. With the IIR low-pass filter,
you can use lower order filters to accomplish the same cut-off frequencies as the FIR filter.
As a result, there are few transistors in the implementation on silicon. On the down side, their
filters have a nonlinear phase response and can be unstable.

Decimation Filter

The decimation filter is the final stage in the XA converter, before the serial interface. The pri-
mary job of the decimation filter is to slow down the data output rate. This seems like it would
not be a good idea, but in fact, the converter user is not interested in the intermediary averaging
steps that the converter implements. Instead, the user is only interested in the final results.

So with this filter, the output is reduced considerably with respect to the sampling frequency.

The discrete, high-precision analog front-end in the data acquisition circuit is not out-dated,
but is being gently pushed further into its exclusive corner. This is not to say that the demand
for precision data acquisition circuits has disappeared. The solutions to these problems are

Multi-bit data
1] H H
Digital Output
Analog . o
Inputs 1-bit data  Multi-bit Output
Multi-order itream di‘a data
Charge- Digital -
PGA balancing — Low-pass _Dec::r?tatlon
A/D Converter Filter tier

Figure 2.20: The purpose of a decimation filter is to slow down the output data
rate in order to match the output data rate to the input frequency bandwidth.
The FIR low-pass filter inputs a multibit data stream to the input of the
decimation filter. The simplest decimation filter filters out several conversion
results, while keeping enough to meet the output data rate of the converter.
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changing in orientation from the analog-dominated circuit to digital. Although, the task of
signal processing seems to be migrating to the digital domain, good analog engineering
practices still apply. To my delight, it seems that the art of analog hardware design may be
renamed but will never be obsolete.

What’s the Big Deal About >—A?

The sigma-delta ADC is a new breed of device. Generally, this device samples analog signals
at lower data rates than SAR converters, but it has the advantage of having higher resolution.
With this higher resolution, the classical analog front-end can be eliminated. It is part of the
initiative where digital designs are encroaching into the analog-domain hardware. Initially,
this was done with firmware-controlled internal timers, comparators, and I/O gates, in con-
junction with external resistors and capacitors. Some of the basic analog functions like D/A
converters, ADCs and integrators have been realized. An example of a sigma-delta ADC
design using a comparator, timer, external resistors and capacitors is discussed in Chapter

8. The implementations of these functions are primitive, but they get the job done when the
accuracy and fidelity of high-precision analog functions are not needed.

The integrated sigma-delta ADC is quickly bridging this gap. Since the device is built using

a complementary metal oxide semiconductor (CMOS), the available digital functions from
controllers, processors and memory devices can be exploited. To enhance the features of this
digital capability, more analog circuits are migrating from bipolar processes into the CMOS
world. Not only is this migration occurring, but also the performance “quality” of these
CMOS devices is improving. Some of the features that you can find in a sigma-delta ADC are
shown in Figure 2.21.

The sigma-delta ADC integrates a significant quantity of analog and digital functionality. These
two functions are designed to interact extremely well. For example, an analog buffer can be
digitally switched in or out of the input stage. A multiplexer can be found on some sigma-delta
ADC:s, and the channels are programmed through the digital interface of the converter.

On the analog side of this device, voltage or current references are integrated into the chip,
which allows for ratiometric operation. The advantage of a ratiometric system is that gain
errors are eliminated because every element in the circuit uses the same reference. This
applies to the excitation of the sensor all the way to the reference of the ADC. As mentioned
before, there is usually a PGA on the front end of the converter, and some converters have
buffers that can be switched in or out of the circuit digitally.

In terms of digital features, all converters have a serial interface where various modes can
be programmed into the converter. For example, calibration algorithms can be implemented,
the digital filter can be reset (or cleared) and status flags can inform the user about brownout
events. Additionally, the digital filter corner frequency can be adjusted to match the applica-
tion requirements.
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Figure 2.21: The sigma-delta ADC has matured to a point that there are analog functions
that cater to a variety of sensor requirements as well as digital functions that integrate
controller digital functions and features. This combination is only possible in CMOS.
Some modules that can be added to the sigma-delta ADC are shown here. You won’t find
all of these features in any one sigma-delta ADC. This would consume too much silicon
and consequently be too expensive where all of the features would not be used. Instead,
you will find converters that use a select few of the features in order to target a converter
to a specific application class.

Sigma-Delta ADC Specifications — Digital Filter Settling Time

One fundamental characteristic that separates this converter from the SAR converter is the
settling time of the filter. Settling time with sigma-delta ADC defines the number of conver-
sions that are required before the converter gives a reliable conversion. The settling time of
the sigma-delta ADC is always a unitless integer and equal to the order of the digital filter. For
example, the filter described earlier is a 3™ order FIR filter, otherwise known as a sinc? filter.
The settling time of this filter is three. Quite simply, a 3™ order FIR filter has three 1* order,
FIR filter stages with a serial configuration. This type of filter requires three conversions to
completely push out the data contained in all three stages from the previous conversions. The
result of this conversion process is shown in Figure 2.22.

As shown in Figure 2.22, it takes three complete conversions before the output code repre-
sents the input signal accurately. This dramatic example might be misleading in that it gives
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Figure 2.22: You can see the effects of the settling time of a 3™ order

FIR filter if you synchronize an input square wave with the converter. The
sampling starts for the first output data (b) on the falling edge of the input
signal (a). The first output data code is approximately 80% too high. This
result is a combination of one of the three filters containing the data from the
actual input and the other two filters containing data taken with the previous
input level of 5 V. The second output data code is now approximately 20%
too high. This result is a combination of two of the three filters containing the
data from the actual input and the other filter containing data taken when the
input level was 5 V. The third output data code represents the input signal.
All three stages of the digital filter contain data when the input signal is low.

the impression that every time you need an accurate conversion you will have to run three
complete conversions. This is not exactly true in a real-life application setting. Usually the
input signal going into a sigma-delta ADC is slow. Certainly much slower than a square wave.
This is true unless you have a multiplexer on the input.

There is a class of converters that “hide” the conversions that stand a chance of being inaccu-
rate. This is easily done by producing only output data #3 (in Figure 2.22). The consequences
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of this type of conversion strategy are that the overall data rate of this converter is slow, but
you are always guaranteed an accurate result. This type of converter becomes very advanta-
geous when you have an application where you want just one result. After you acquire that
result, you shut the converter down.

Other Sigma-Delta ADC Differences from Vendor-to-Vendor

The sigma-delta ADC has opened the door for a large variety of features because of the digi-
tal side of the converter. In essence, the real estate that is dedicated to analog is about 25% of
the silicon and digital occupies 75%. Having digital flexibility opens up Pandora’s box. With
the sigma-delta ADC, the feature set is limited because of silicon, not technology.

The fundamental features that most sigma-delta ADCs have are sleep states, slave/master
settings, internal/external clock options, variable sampling frequency and voltage references.
There are other features that some of the converters (but not all of them) have. For instance,
some converters have an idle tone detect bit. Other converters have current references instead
of the standard voltage reference; and yet other converters have self- and system-calibration
capability, and the list goes on. Basically, the sigma-delta ADC is the first of many devices
that will be integrated in analog and digital functions together under one roof.

Conclusion

In this chapter, we started by discussing the general key specifications for ADCs. We dis-
cussed how they impact the digital results from your converter. Then we looked at the
successive approximation register (SAR) ADC and sigma-delta ADC. We took a strong look
at the basic topologies of these converters and how they affect your conversion results. Now,
going on to Chapter 3, we are going to apply these converters to “real-life”” applications.
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The Right ADC for
the Right Application

Now that we have the ADC fundamentals out of the way, it’s time to do some real work by
looking at what these ADCs can do for us. In this chapter, we will spend some time looking at
the places where signals come from, and which ADC is the best for the application. Through
this exercise, we will have a better feel on how to prepare the signal for the microcontroller.
Once this groundwork is established, we will move into looking at four specific applications.
This chapter contains four real-world applications: temperature, pressures, light sensing and
motor-control. In these applications, you will have to decide whether a SAR or ~—A converter
is appropriate. We will discuss the most common ADC problems and then quickly move to
solutions. We will find that the SAR converter can service some of these applications. The
sigma-delta ADC will better service others. Some applications can utilize both converters,
with a minimum number of trade-offs.

Classes of Input Signals

Before we dive into the details of applications, we need to define the origin of real-world ana-
log signals. From there, I will show you how to capture those signals with your circuits. Figure
3.1 shows several possible signal sources, with respect to the frequency versus number of bits.
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come to the ADC from
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Level
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At the system level, an appropriate ADC can produce the proper number of noise-free bits,
or you can use an analog front-end gain cell plus a lower resolution ADC at a lower cost. This
is a design architecture trade-off where cost, board space and number of components come

into play.

When it comes to sensing external analog events, at the very least, you will want to mea-
sure temperature. Temperature testing is also the lowest common denominator in terms of
frequency. This is because temperature doesn’t change that quickly and the sensors reflect
that characteristic. The physical environment of the sensor and the sensor package governs
the speeds required for temperature-sensing events. Generally, the temperature changes in the
environment are slow (> 0.1 sec/°C). This is consistent with the package and temperature-
coefficient of the sensor. The sensor requires heat-up or cool-down periods if you want to
make an accurate measurement.

Table 3.1: Temperature sensing applications use the thermocouple, RTD, thermistor or
integrated circuit (IC) sensing elements. The inexpensive thermocouple does not require
excitation, but requires a lookup table in the controller to linearize the results. The RTD
sensor is the most accurate and operates over a wide temperature range, but requires
current excitation and it may be cost-prohibitive for your application. The thermistor
requires voltage excitation, with a + A25°C linearity correction using series resistors.
The silicon IC temperature sensor does not require external circuitry, but the accuracy is
somewhat limited and the device is slow to respond to fast temperature changes.

Thermocouple

RTD

Thermistor

Integrated Silicon

Temperature Range

-270 to 1800°C

-250 to 900°C

-100 to 450°C

-55to 150°C

of the thermocouple
make this sensor more
rugged. Additionally,
the insulation materi-
als that are used en-
hance the thermocou-
ple’s sturdiness.

to damage as a result
of vibration. This is
due to the fact that
they typically have

26 to 30 AWG leads
which are prone to
breakage.

housed in a variety of ways,
however, the most stable,
hermetic thermistors are
enclosed in glass. Generally,
thermistors are more difficult
to handle, but not affected
by shock or vibration.

Sensitivity 10s of pv/°C 0.00385 Q / Q°C Several Q / Q °C Based on a technil-
(Platinum) ogy that is ~2mV/°C
sensitive
Accuracy +0.5°C +0.01°C £0.1°C +1°C
Linearity Requires at least a Requires at least a Requires at least 3" order At best within +1°C.
4 order polynomial | 2" order polynomial | polynomial or equivalent No linearization
or equivalent lookup | or equivalent lookup |look up table. Can also be required.
table. table. linarize to 10-bit accuracy
over a 50°C temperature
range.
Ruggedness The larger gage wires | RTDs are susceptible | The thermistor element is As rugged as any IC

housed in a plastic
package such as
dual-in-line or surface
outline ICs.

Responsiveness in
stirred oil

Less than 1 sec

1to 10 secs

1to 5 secs

4 to 60 secs

Excitation

None required

Current source

Voltage source

Typically supply voltage

Form of Output Voltage Resistance Resistance Voltage, current or
digital
Typical Size Bead diameter =5 x |0.25x 0.25 in. 0.1x0.Tin. From TO-18 Transis-
wire diameter tors to Plastic DIP
Price $1 to $50 $25 to $1000 $2to $10 $1to $10
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The more common type of temperature sensors that you can use in your circuit is a
thermocouple, resistance temperature devices (RTD), thermistors or integrated silicon
sensors. Table 3.1 summarizes the general characteristics of the devices.

Some of you may wonder what these sensors look like. I find that a picture is worth a million
words (see Figure 3.2). You will notice that size, and hence, the thermal bulk is quite big.
Again, this is only because temperature typically changes very slowly.

RTD Thermistor
e Current Excitation ¢ Current Excitation
. . * 0.00385Q/Q/°C e R @ 25°C=10kQ
Figure 3.2: « —200°C to 600°C e Temp Co @ 25°C = —4.4% / °C
Temperature e ~A300Q Range ¢ —75°C to 150°C

sensors come in ~ A 9400 Q Range

I e
a variety of form- =
fit configurations. s — B
Each temper.atu.re L e ———
sensor housing is = e

. I —— ]
designed to protect Thermal Couple
the sensor, while « No Excitation —
still giving good e ~40uVv/°C

BVINg o0C e * 0°C to 1250°C
thermal response. .

~ A 50mV Range

The granularity of the temperature measurements in terms of bits-per-degree Celsius can be
large or quite small, as shown in Table 3.1. Additionally, the number of bits that are required
for your system can be low or relatively high. Of course, this depends on your requirements.
Because there is a wide range of application conditions, you can use the SAR converter or the
Y—A converter for temperature measurements. There are many ways to implement the signal
conditioning circuitry of a temperature sensor. Later in this chapter, we will examine SAR
and 2—A ADC options with an RTD sensor.

The other physical entities in Figure 3.1 are level, flow and displacement or proximity. You
usually don't measure flow directly with a sensor that specifically measures flow. You can
measure flow with temperature sensors or by measuring vibrations in a tube filled with a fluid.
Displacement and proximity are other entities that don’t have specific sensors dedicated for
that purpose. You can measure these two phenomena optically with an LED and photodetec-
tor. You can also use an accelerometer.
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The sensors for motor control, touch screen and power metering are typically resistive. For
example, you can place a very small resistor (tenths of ohms) in the “legs” of the motor control,
MOSFET switching lines. The sensors of touch screens are generally resistive or capacitive.
The resistive touch screen has gained attention because of the personal data assistants (PDA),
and capacitive screens are used in “dirty’ environments. In all cases, an ADC eventually digi-
tizes the signal from the sensor. You can accomplish this with a SAR or sigma-delta ADC.

The characterization (Figure 3.1) of different measurements in terms of sampling frequency
versus number of bits is instructive to a point. One question that remains in this discussion is,
“What are the output voltage ranges of these sensors?” Figure 3.3 answers this question.

ssomV}|
500mV o | ) [ 0| 5V g
o 450mV H > %5
= >
S 400mV VAV
o -
> gsomv| € > g
3 o)
£ 300mv Vo3
Q 250mv — 3
o » o
2 200mv 3 v S
@ 150mV |— — £
< L o
100mV ) v g
50mV "H Iig n
@ Q & & K
o"é & i€ &° ¢ é\%o @ <® @é\
K&oo @é\ "o?’(\ %Q&' ) S ‘\go
R4 ON O
,((\Q’ $Q} 6%0@ \((.\\Q\ K C;\\\A Ypoo &00
Y Q¢ S C)Q’Q

Figure 3.3: This graph shows the full-scale output signals of various
sensors. It uses, where appropriate, a 1 mA or 5 V excitation. The output
voltage level of various sensors, along with the sampling frequencies
summarized in Figure 3.1 will play a large part in determining which ADC
you choose for the application circuit. There are two classes illustrated in
this figure. The first class produces millivolt outputs across the sensors
full-range. The left y-axis refers to this group of sensors. The second
class produces voltage outputs across the sensors full range. The right
y-axis refers to the output ranges of this group. Most of the second
group of devices are transducers.

There are two classes of output voltage ranges for sensors. The x-axis lists all of the sensors. In
the first class, the output voltages of the sensors range from approximately 50 mV to 600 mV.
The scale for this range is on the left y-axis in Figure 3.3. The right-most y-axis sensors are the
thermocouple, resistance temperature device (RTD), power metering and pressure sensors.
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The second class of sensor-outputs range from about 0.25 V to 5 V. The y-axis for this output
range is on the right side of the graph as shown in Figure 3.3. Generally, the sensors that fit into
this output range are pressure sensors, capacitive sensors, accelerometers, flow meters and touch
screens. You probably will note that pressure sensors fall into both classes of voltage output
ranges. The pressure sensor in the first class is strictly a sensor, and the pressure sensor in the
second class is a pressure sensor with an integrated signal conditioning system on-chip.

As a foundation, you should have a grasp of ADC specifications. You should also know
which specifications are the most important for your application. This knowledge can save

an enormous amount of time during your design phase by simply paying attention to only the
important details, not the whole list of performance characteristics and specifications.

The next section in this chapter gives you the ammunition to gain a basic understanding of
how the SAR converter and 2—-A converter work in your sensor circuits. With this knowledge,
you can quickly determine which ADC is right for your application. For example, if your
ADC reports data at the wrong time, too fast, too slow or too inaccurate, the controller or pro-
cessor will struggle with too much data, not enough information or erroneous data. The ADC
can be the genius behind the system or its downfall.

Temperature Sensor Signal Chains

The SAR converter and Z—A converter are similar enough in performance in that they can
both be applied to the same temperature circuits. Regardless of the converter you have chosen
for your sensor, your circuit will always require some degree of analog circuitry. However,
these two converters are different enough so that one or the other, not both converters, can
only serve some sensor applications. Of the two devices, the SAR converter is the easiest to
use and understand, but the X—A converter has more features and functions. The X—A con-
verter has enough features to make you a hero or get you into serious trouble (as discussed

in Chapter 2). Figure 3.4 illustrates two system configurations where SAR converters and/or
X—A converters are used.

In Figure 3.4a and b, the input sensor is a resistive Wheatstone bridge. I used the Wheatstone
bridge out of convenience in this diagram. Other sensors can take the place of the Wheatstone
bridge in these circuits. For example, an array of temperature sensors, optical sensors and
capacitive sensors (to name a few) would fit the bill. This resistive bridge in Figure 3.4 can
model a variety of sensors, most commonly the pressure sensor or load cell.

In the top signal chain (Figure 3.4a), the AMP block differentiates and amplifies the two
analog, output signals from the bridge. This AMP block can just be operational amplifiers or
an instrumentation amplifier, depending on the type of sensor in the circuit. In this system
(Figure 3.4), the instrumentation amplifier will simultaneously sample the signals from the
bridge and eliminate most of the common-mode noise. (Refer to Chapter 6 for instrumenta-
tion amplifier discussions.) Many times, there is a voltage reference (V) attached to the
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Figure 3.4: With many applications, you can use the SAR ADC or the
sigma-delta ADC to digitize the analog signal. Many times the SAR

ADC requires front-end analog gain circuitry. The sigma-delta ADC
usually does not require this additional circuitry, but its slower speed will
sometimes eliminate this type of device as an option.

amplifiers or instrumentation amplifier. These voltage references come in handy in single-
supply circuits. They can provide a reference point to the center of your supplies. They also
are helpful when you want to achieve a ratiometric relationship between the signal and the
ADC conversion.

Next in the signal line, in Figure 3.4a, is a MUX block, or multiplexer. It is not unreasonable
in this type of system to have several signals digitized by the same ADC. You will frequently
find a need to measure temperature, which will consume one channel of the multiplexer.
Sensing other physical entities like pressure, force, light and so on can use any one of the
other channels.

You may or may not use a multiplexer in this signal path, but you will need an analog filter.
You can implement the FILTER block one of three ways (in Figure 3.5). There are more
details about filters in Chapter 4, but I want to make a few sweeping statements at this point.
The first and most fundamental way to design an analog filter is to use resistors and capaci-
tors (Figure 3.5a). As we will see in more detail in Chapter 4, this filter can compromise the
signal because of impedance matching problems. As a second alternative, you can design an
active low-pass filter by using an operational amplifier, a few resistors and capacitors (Figure
3.5b). A third, and maybe more attractive solution for the digital designer is to use a switched-
capacitor filter.

Although we will cover these filters in detail in Chapter 4, I want to emphasize that a
switched-capacitor filter is not your usual analog filter. They are sampling devices that keep
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A. R/C Low-Pa