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Summary

Pragress In law power micio-electionlc fechnalogles and digital signol
precessing has opened the way far numeraus dighal portable applications. To
Imprave the overall power cansumption ond consequently battery ife of such
devices fargeted low power A/D canverters are required.

Analog ta Digltol Convarters (ADCs) can be seporated into two maln classes.
The fist includes all the devices feciuing a Iinear fransfer tunctian while the
secand cne canslsts af all the devices featudng a non linear fransfer functian.
within the finear class, faur different sub-categares can be Identifled: absalute,
floating point, relative precision and mixed.

Absalute Bnear canvertsrs are the anly anes ta posses a canstant maxdmum
quantizaticn erar aver the whale dynomlc range. Linear floating polnt, relative
precisian and mixed canverers are non-absoluie and thelr quontization emncr
vares. In particular, In the flaating paint Ineor converters, the transfer function can
be dwvided Into two of more zanes thot separately present an obsolute
characteristic. In other words, each of these zones has a constont maxdmum
quantlzotion eror, which volus however, Is different for each zone.

Absolute linear AD converters must be used ta convert absalute analog
signals that will be finely anatyzed In the subsequent pracessing unit, In most of
the ather situatians, and In pariculor signal Mmeasurement, nan-absalute linear
devices are sufficient,

Compared 1o those far absalute canverters, the deslgn coenstralnts for non-
absolute devices are less compeling. As a result less power cansuming
Implementations con be abfained. Hence, nan absolulie converters arg
extremaely wall suited for baitery apeated applicaflans where a high dynamic
range Is required and a Imtted resoluflon ¢an be tolerated. This Is typlcally the
case In many partable audio applications as well as In areas of instrumentation,
cantial, radar efc.



This work Is @ contibutian to the creation of new law power non-absalute
canverters. In padicular, floating-polnt Inecr AD converslon Is cansidered. The
Idea is to scale (or odapt) the hpul signal In such © way that it fils well Infa the
fixed range ot a coarse quantizer, Feed fowards and leed back adaptation must
be distinguished. in the fist, the same Input somple ks used to evaluate the
scalng foctar ond to perform the quantization. In feed back adaptatian, the
scaling foctor Is chosen accarding ta o prediclion based on the previous sample
omplitude. Hence It Is not sulted far unpredictable signals.

Consldefing converters far audla signals, different system level salutions as well
as realizotion schemes ate discussed. A dedicated audio feed back floating
point canverer was Implemented In a low voltage 2 um CMOS technatogy. The
measured charactedstics are 13 bits dynamic range, ? bifs resalution and 50 pw
at 16 kHz and £ 1.3V and the percelved qualty is excellent,

The floating point concept Is then extended ta evaluate the cost of higher
dynomic, sampling freguency ondfor fesolution and ta Include other types of
applications such as Instrumentation, radar efc.

This work was supporled by the "Cammission paur FEncourogement & la
Recherche Scientifique” (grant CTI-2747.1) and the MICROSWISS program (grant
TR-T-005).



Résumé

Gréce aux progrds des nouvelles technologles micio- électranique et du
haitement numérque du signal, de nombreuses opplcafions numérques
portables sont désomnals possibies, Des clcults de conversion anologlque
digitale dédicacés basse consommation sant toutefols nécessalies pour
améliarer la consornmation globale et alnst prolonger la durde de vie de la
batterte.

Les Convedisseurs Analogique/Numérique (CAN) peuvent éhre subdMsés en
daux classes princlpales: la premiére comprenant les cliculls dont la fonclion de
ransfert est linéaire, fa seconde comprenant ceux qui possédent une fonction
nan linéalie. Parmil le converfisseurs linéalres, on peut encare distinguer quatre
sous-catégoras: les CAN absalus, & virgule tiattonte, mixtes et & préclsion relative.

Les CAN obsolus sont les seuis convertisseurs ayant une emeur de quontificatian
maximale canstante sur toute 1a gamme dynamigque. Les CAN & virgule flotiante,
mixtes et & précision relative sont non-absolus et ieur erreur de quontification
vorle. En parficuller, dans le cas des CAN & virgule flottonte, la fanction de
fransfent peut dtre subdivisée en deux ou plusteurs réglons qul séporément,
présentent une caractérstique absolue. Autrement dif, chacune des réglons
posséde une emeur de quantification maximale conslante, dont la valeur est
tautefols différante pour chague réglon.

Les CAN lingalies absolus sont utilisés pour convertlr des signaux obsolus qul
daivent &fre finement analysés ors du tralterment successit. Dans o plupart des
autres ¢as et en pariculles lars de mesure de signaux, les CAN Inéalies non-
absolus sont suffisants.

Les confrantes de dmensionnement des CAN nan-absclus sont moins
confralgnantes que celles des CAN absalus. | en résute des cliculis
consammant malns d’‘énergle. tes CAN non-abscius sont danc frés bien
adaptés pour des applications alimentées par bafleres ou une grande
dynamigue est nécessalre mals ol une 1ésolution imttée est suffisante. Celka est
typlguement le cos dans plusieurs applications portobles oudios ainsi que pour
des opplications poiculiéres dinstrumentation, de contrale, de radar efe,
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Ce travall ast une cantibutian & la créatian de nouveoux CAN non-absolus &
basse cansommatian, B sinféresse en pariculler aux CAN Iingéakes & viigule
flottante. Lidée est de methe a féchelle [d'adapter) un signal d'entiée de telle
fogan & ce guil s'guste blen & la gamme d'un CAN grossler. I fout distinguer
l'adaptation « en avant » (sans prévisian) et « en amére » (pas prévisian). Paur la
premigre, ke médme échaniilan est ullisé pour évaluer 1@ factewr d'échealle, et
pour effectuer la quantificatian. Pour la secande, le facteur d'échallie @st chalsl
selon une prédiction de réchantiion & tralier basée sur Famplitude de
téchantilon précédant. Cette secande méthode s'applique danc & des signaux
qui peuvent 8tra pius ou Mmalns préciits,

Ce fhavall sapplique & la canvesian andlagique-numértaue de  signaux
oudios et éludie diférents types de salufians alnsl que des schémas de
rédlisatian. Un CAN & virgule fictiante et ¢ adoptation « en arére » dédicacé a
é1é réallsé dans une technologle CMOS 2 pym. Les perfamances mesurées sont
13 bits de gamme dynamique . 9 bifs de résalution et 50 uW de cansommatian
pour une friéquence d'échantllonnage de 16 kHz et une allmentalion de £ 1.3v.
La percaptian acoustique est excellente.

Pour élargir le domaine d'application de la conversian & virgute, les cadfs pour
des fréquences d'échantilannages plus repldes et des gammes dynamiques
etfau résatutians plus élovées sont évalués,

Ce travall a é&ié financé por la Cammission powr I'Encauragement & ia
Recheiche Sclentifique (subside Ci-2747.1) et le progiamme MICROSWISS
(subside TR-IT-005),
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chapter 1. _introduction

1 » Infroduction

The rassarch presented In this Ph. D. report oddresses the dasign of
micro power floofing point A/D corverfers for oudio signols aimed of
baftery operated micro-systemns.

A/D corwvarters Ore clossifled occording o thelr static characterlstics
which strongly Influence the agpplication domain. The floating point
corverter Is well sulted for signal meoasuremnent but not for analysls.

This infroduction explains the scope of the ressorch ond prasents the
main contributions. An ovarview of each chaplers confends Is also
included as well as @ list of reloted papers written by the author ond
olready published.

1.1 MOTIVATION

Some 35 years aga the first digital syslems were designed. A few sceptical
engineers thaugh, predicted that the camplexity of digltal systems would curb
any major use. Indeed, to achieve the same functianallty af an analag systern,
the diglial equivalent {figure 1.1} required an antt-aliasing fitter, two converters i.e.
Analog ta Digital (A/D) and Digifat 1o Analag (D/A) and a smaathing fiter, resulfing
In higher power cansumptian and size .

Sensor & Pracessing Shaping &

a) Shaping Actucior

b) Sensor & | JAnti-aliasing AD | |[Processing
Shaping Filter (DSPu)

L DA — Smoothing | iShaping &
Filter Actuator

Figure 1.1 Analog {a) and digital (b} sysferns
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However, these engineers didnt foresee the tremendous evalution and
Imprevement In sllicon technologles. Nawadays, digital processing can handle
complex tuncticnality combining high perfarmonce and funable parometers
which connot ba realized In the analog domailn,

Electranic Deslign Autamatian (EDA) toals cansiderably taclliiate the design of
digital devices and stondaid A/D and D/A intertaces are now avallcble. As g
result, smell and low cost systems are obtained and new digha! consumer
products hit the maket every day as far example medta contral devices, speech
processor, navigatian systems, portable multimedio efc.,

Mony of thase new products are battery operated and the desighers are asked
o minimize the power cansumption of each implemented component. Some
tocls tocused an that goal are ncw avallable ond provide great help In
opfimizing the Dighol Signal Pracessing unlt (DSPu). Howaver, small low power A/D
ond D/A CMOS realizafions are uncommen, In paricular, canverters featuring
medium to high dynamic ronge (12-16 bits), stow to medium sampling frequency
(10-50 kHz) and low power consumption [~100 uW), well sutted far portable
audlo, Instimental or telecommunication cpplications, are typlcally not com-
meicialized,

The presented work Is @ cantibutian to the development af such fargeted AD
canverters.

1.2 SCOPE OF THE RESEARCH

Anclog to Digial Canverters {ADCs) can be sepatated Into two matn classes.
The first Includes all the devices featuing @ linear franster function (digital autput
versus anadlog Input characterlstic) while the second ane carslsts of all the
devices featuing o non linear transter function. Non-linear canverters are faund
In Instumentation, communication, nucleor sclence and conkal applications
{Mahm@2). Since they do not enter the fleld of this research they are nat futher
cansidered. Within the inear closs four diferent sub-categornes can be identifled:
abselute, tlooting polnt, relative precisian and mixed.

Absolute inear canvertars are the only anes ta posses a constant maxdmum
quontization eror over the whole dynomic range. In the ldeal cose, the
madmurm quantization error 5 g half Least Signiticant Blt (LSB) while the dynamic
iange is defined by the number ¢f converted bits n and arounts ta 2°-1 [SBs.
These canverers ako fecture a Inear stalic Signal to Nolse Ratio (SNR)
characteristic. Floating paint, relative precislon and miked converters are non-
absolute and thelr maxmum quantization erar vares. In floating polnt lInear
converters, the tansfer tunction can be divided Into two of more zones that
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separately present an absolute characteristic, In other words, each of these zones
has a constant maximum ‘quantization erar, whose vahie s diffsrent for each
zone. As a resull, the stotic SNR is made of severdl shiffed lineor segments.
Relotive precision Insar converters feature o quontization eror that Is proporiicnal
1o the Input level. This Implies ¢ constort stofic SNR. Findlly, mixed lineor
converers present g combination of two of the above charactenstics.

Absolute lineor A/D converters must be used 10 convert absoluie andlog signals
that will be finely onalyzed In the subsequent processing unit, In most of the other
situations, the non-obsclute linear convetters con be used. Indeed, i an analog
signal is not absolute In the sense, for exaomple, that s nolse level Inciecses with
the signol ampliiuds, © converting device whose quontization eror follows the
analog signal nolse level over the whole dynamic range Is sufficlent. Another
cose would be that of processing algorithms that only require a minimol SNR from
thelr converted diglial Input signal. Signal measurernent Is a typlcal case.

Shictly speqking, absolute converters could also be used In both the obove
situations, However, thls wauld result In @ woste of energy since some of the
computed bits would he eliher nolsy (ond thus worthless) or useless for the
cansigered algordthm. The prdmary godl of non-absolute conveners Is thus fo
achleve reduced power consumption while keeping o conversion quallty thot s
well sulted to the consldered application.

Non-gbsolute converters ore  paricularly well sulted o cefaln qudio
applications. Indeed, the humon cudliory system 15 © non-gbsclute sensor: the
peicelved nolse loudness 5 nat only determined by the nolse power but also
depends on the maln signal power and s disidbution along the baslior
membrane [Fletd0]. Thus, depending on the main signol, © perceived nolse
loudness can be recuced or even mode completely Inaudible. This
phenomenon is known as audiioy masking {Schr79). Consequently, alihough 14
bits (13 for the omplitude and 1 for the sign) are required to convert sounds
ronging fram qulet sleeping room 1o discotheque or alr hammer, o resolutlon of &
or 7 bits Is sufticlent 1o reoch, once the signot Is convered 1o anolog agaln, an
excellent percelved quolty [Scnr79], The amplitude of the vorous sounds con
thus be quanfified os In figure 1.2, Loud (fop] and soft (boffom) sounds In both
absolute (ieft) and fioating polnt (dght) representotions are given. b, are the
relevant bits while n, are “useless” (the ear won't be oble to heor them). In the
floating point representotion, M stands for montisso, while E Is the exponent or In
other wards, the number of shift leff (divide by two) that must be applled to the
mantissa to obtoin the actuol signol omplitude.
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laud [osfou[os[ofor o[l o b ] M foa]oufesfofor]ed E:0
soft [o]ojo]ajo[a]oje[oms[olofo] M fos[bdoulnitio] E:7

Absolute Flogting point

Figure 1.2 : Sound coding using an absolute ond floating point code

This work Is a contilbution 1o the creation of new nan absolute convertars. The
development and dasign of floating-polnt linear A'D canverters, where 0 coorse
quantizer providing the necessoly resolution s preceded by o centiolied goln that
Increases the cynomic ronge, are explainad, Carsidering convenars for oudlo
slgnols, differsnt system level solutions as well os tmplementation schemsas ore
discussed. The fioating point concept s then extendad ta evoluate the cost of
higher dynomic, sampling frequency and/or resoluflon ond o include other types
of applications such as instumentcition, sador eic.

1.3 MAIN CONTRIBUTIONS

In fioating polnt inear converters, the input stgnat Is seoled in such a way thot It
fits well into the fixed range af a coorse quantizer. Fesd forwards and feed back
odoptation must be distinguished. In the first, the some input somple Is used to
evalucte the scoling tactor and to pertomn the quontization. in feed bock
adoptation, the scaling toctor is chosen according 1o o prediction based on the
previous sample ompliiude. The main conblbutlon of this reseorch I the
development of the enhonced feed back floating point conversian concept. A
methodology to successfully scole the Input saomple Is also proposed. The
concept was applied to audio signol and a dedicated chip was implementad In
o low vollage CMOS technology. The meosured charoctarstics are 13 biis
dynomic rongs, 9 bifs resoiution ond 50 uW ot 16 kHz sompling frequency ond +
1.25V supply voltoge. The perceived quollty was excellant.

The feed forward aodaptatian is useful for non predictoble signois. Hawever, Its
use in the case of audio signols is also considered. Chip estimates show that o
higher power consumption Is neverheless required.

The fimits of the Implermentation of the floaling peint conversion concept In o
low voltogs CMOS$ technology have olso been evolucted. Considering o
torgeted resolution of 14 bils ond g power caonsumplion of fess then 1mW, a
maxdmum dynomic range of 18 blls could be ealized.
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Another cantributian s the design ond Implementation In a low voltage CMOS
technology af & 14-bit absolute linear version of A. Heubi's mixed RSD converter
[Heub96]. This device ks important because it can be used as coarse quantizer in
- high resoiutian tloating point canverters.

1.4 STRUCTURE QF REPORT

Following this shard Introduction, chapter twa avewlews A/D converer
characterdstcs ond types as well as thelr typical applicofion domains, A nan-
exhaustive generat survey at recent publications and cammerclallzatian Is alsa
included. Chapter three gives same backgraund in iow power analog and digtial
design as welt as slicon CMOS technalogles. A generai survey of batterdes Is alsa
included. These two chopters infloduce the freader mare deeply infa the generol
context of this work and can be skipped withaut loss af understanding of the
subsequent chapters.

All the remaining chaptars, except far the tiist part af chapter five, tam the
heart af this work. In chapter faw, the tioating-point appraach and Its vadants are
described fram o system level paint af view. The discussian Is targeted ta oudio
signals, Chapter tive fist avenviews the Redundant Signed Digit (RSD) canvearter
develaped by Alexondre Heubl [Heub94]. This device features a mixed kinear
chaactarstic and is well sulted far comparsan with the floating polnt appoaach,
The secand port of chapter tive describes an absalute version ot the RSD and
presents results rom chilp infegrotion In o 1 um low vatage CMOS technaiogy.
These results are mandatary 1o exiend the flogting point cancept o nan audia
signals. implementation sotulions G each companent of the flaoting-paint
canverter are detalied in chapter six which terminates with chip estimates tor bath
audio and non-audio devices. One of the proposed audio chips wos Integrated
Ina 2 ym law voltage CMOS technaology ond was tested In iMT's laboratory.
Chapter seven presents the obtalned resuits and compores the floating polnt
appraach with the R3D salullan. Finally, chapter gight diaws the conciusians.

1.5 PREVIOUS PUBLICATIONS BY THE AUTHCR

The work described in this document has alieady bean tha subject at some
publicalions. A first sclentific poper was presented at the Intemnational Caonference
an Signal Pracessing Application ond Technalogy (ICSPAT) In Bastan In October 95
[Grs95). The principles af the floating-polnt converter were discussed as well os
Implementatian Ideas. A secand poper [Gris?6_1], presented at the Infemational
Symposium on Low Power Electianics and Design (ISLPED] In Monterey In August
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94, gave Implementotion results. A poper exploining the steps to tronsform the
mied Inear RSD converter into on obsolute device wos olso published ot
ICSPAT9S6 [GHs96_2). Implementotion results were presented at the seventh
Infemationol Symposium on IC technology systemns ond opplicotions (ISIC'97)
[Gs97] in Singopore.

[Grls95]

[GAs96_1]

[G1is96_2)

1Gs97)

L. Grisonl, A. Heubl, S. Grossl, P. Botsiger ond F. Pellondinl, A.
Schoub « Micro Power Relative Preclsion 15-blt A/D Converter »,
ICSPAT'95, Oct. 24-26 1996, Boston MA, USA, pp 420-424,

L. Grisonl, A. Heubl, P. Balsiger ond F. Peliondinl, « Implementotion
of o Micio Powsr 14-blt Floaiing-Point A/D Converter », ISLPED'96,
Aug. 12-14 1994, Monteray CA, USA, pp 247-252,

L. Gilsonl, A. Heubl, P. Balsiger ond F. Pellondini, « Micro Power 14-
bit RSD A/D Converter », ICSPATS6, Oct. 8-10 1996, Boston MA, USA,
pp 510-514.

L. Grisond, A. Heubl. P. Balsiger ond F. Pellondinl, « Micro Power 14-
bt ADC: 45 pwW ot £1.3V ond 16 ksomplesss », IBIC97, 10-12
September 97, Singopare.
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2 « Fundamentals of A/D
Converters

This chapter provides ¢ genaral survey of A/D converter fundarmentals.

The various finear converters cre explainad and the identification of thelr
oppitoation  domains shows thot the floating paint corverston 15
parficularty wetl sulted tar signal measurement,

The specilic farminalogy used throughout the report Is afsa infroduced,
folfowed by an overview of major tinear AID convertar typas. Thelr abliffy
to meet the targeted medium to high dynamnic range (12-16 bifs), staw to
medium sompting frequency {10-80 kHz} and micro power cansumpiion
{~100 mW} specification is aiso discussed.

Same of the commercially avaliable converfers as weall 0s the acadamic
anes are presented in a cormparative fable and classifled according 1o
an “sfficlency” factar that takes Inta occount dynomic ronge, sompiing
trequency ond power consumption. The targated A/D corverter features
a greatly Impraved efficiency comparad to marketed devices teaturing
the some dynamic range.

The chdce of a canverter depends an many factors. The most important af
these are certalnly the characteristics of the analag signal ta be converted and
the Infarmation that must be captured. This usually determines the deslied
dynami¢ range, sampling frequency and maximum quantizatian enar. Operating
enviranment will define canstraints such as powar cansumption, size, packaging,
ete. as well as rellabilty needs. Last (but not least §), price has ta be consldered
as well. The final chalce Is aways a trade off between accuracy, speed and
simplicliy |

The next paragraphs include informatian harvested fram the arlicles and books
listed In section 2.4.1, ot the end of this chapter. Nevertheless, shauld the reoder
decide fa cansult anly a few of them, [Haes?4] and [Teme?3] are cerainly the
mast elevant.
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2.1 A/D CONVERTER SPECIFICATION AND TERMINOLOGY

Accarding to speclalists, several fens af parameters should be used 10 fully
specify AD conveners. Unfortunately, depending on the device manufacturer,
the definifion at these parameters can diiter,

This section only defines parameters that are used thraughouf this report.

21.1 Transter tunction (TF):

The transfer functlan maps the analog input Into digltal output code. Figure 2.1
shows the Ideal transter tunction for a 3 bl unipalar (no sign bit} Inear converter
(bold). The gray curve shows @ logatthmic characiedstic that [s typlcal of non
Inear conveners used In telecarmmunicatians for example. Mare detalls about
the varous linear fianster functions are given In the next section, where other
Impertant parameters are defined as well.

Digltal Cutput

Saturatia
111 7

110
101
100
on
010
oat

o~

ideai ffansitian

|
- ~
4 582 1 Anclag input
8 888 [V, refened ta full scale]

Figure 2.1 : Transfer function for linear and non finear unlpolor 3-bit ADC

Note that a range of andlog Inputs can result In the same autput cade: far
example., anclog values from O to 1/16 In the absolute linear characterstic,
carrespond ta the digital word 000.

2.1.2 Dynamlc range, quontization error, resalution and static
slgnat to noise ratio:

Let us first give o “extual” definiion af these parameters. A figure wilt then help
ta Clarify these words|
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The dynamic range (OR) Is the ratlo of the lorgest analeg Input that con be
converted fa the smallest ane. A dynomic range is offen expressed In decibels
{aB].

“The guontization error Is the difference, In magnitude, between onoltog Input
and resulting digital code. It is nommally given in ‘minlmum step slze’ units.

The resolution Indicates the precision or accuracy of the converter in bits.

DC signals are used ta abtaln the Stalic Signai fo Nolse Ratia (as apposed to
dynomic SNR, section 2.1.5) and the quontization noise levef versus the DC Input
amplitucte Is plotted. Stofic SNR 1s useful from a theoreticol paint of view, 10
explain the difference between the varlous linear canverters. The dynamic range
and maxlmum resolution can be extrocted from the $tatlc SNR plof.

Figure 2.2 shows the ransfer function, quantizafion erar and static SNR for two
particular linear obschute etf) and floating point (Aght) canverters. Both feature
the same dynamic range (DR).

In obsolute converters, the steps of the fronsfer funcllon are ol identicol. The
smollest analog Increment thot must be converted defines the step size ond
hence the LSB. Sixieen levels are needed ta cover the whale dynomic ronge: a
four bit converer Is thus used. The moximum quantization errar over the whole
dynomic range is o holt LSB. The maxdimum rescliution (MR) Is 4 bits as shown an
e static SNR plot which feotues o inedr characterlstic.

In lngor fioaling polnt carverers, the quontizotion step s enlarged for
Increosed signol omplitude and o ‘mantissa-exponant” Intemnal represeniatian s
used. The smallest onolog Increment stil defines the LSB while the required
resolution deflnes the mantissa's number of bits. Ta reach the necessary dynamic
range the onalag signol Is fist omplified to it into the montissa range. The
exponent keeps track of the ampiticotion value, Cambining the exponent ond
the montissa results into the equivolent digital output. Fioating point converters
con be seen as plece-wise’ absolute devices: fhe hronsfer funcfion con be
divided Info two or mare zanes thot seporately present an absalute charoctersiic,
In other wards, eoch af these zones has a constant madmum quantizotian erar,
whose volue however, I different for eoch zone, This ronsiotes into o quantization
ernor plot with increosing “saw tooth” amplitudtes, The moximum resolution {MR) I8
given by the montisso size. In the flooting point converer of figure 2.2, the
montissa Is fwo bits ond a pre-scoling of 1, 2 ar 4 can be applled. As a result, anly
te tollowing output words con be abtalned: 0000, 0001, 0010, 01y, 0100,
0110, 1000, 1100. The stotic SNR s mode of several shifted linear segments. For
signal omplitudes of -24 10 -12 dB, the characterstic Is Idenficol fo that at the
absolute converfer, then the quantization step k changed ond the resolufion
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draps by one bit. Hence, the static signal ta nolse draps by 6 dB. Fram -12 tc -6
dé the quantization step ks again constont ond the static SNR Is Inear, At -6 dB,
the stap chonges agaln, the resolutian decreases ond the 6dB diop cccurs.

Output word Equivalent autput word
&

(RN it

Step=138

Step min.
0000 -+ t t t > 000
0 5 10 15 0 5 10 15
an. Input, jfull scale/14, V) an. Input, [full scole/14, V]

Quantization emor [siep min)

Quantizatian erar [L3B) 20

10
+0.5 0.0
-0.5
an. In. jv] an. In. V]

Static SNR jdB] Statlc SNR [dB)
3 3
24 24 |
or |/ DR
MR MR
0 + t + > 0 4 + + —
24-1B-12-4 0 In[aB) -24-18-12-6 0 In[dB)
tinear absolute tinear fioating point

Figure 2.2 ! Transfer funcHion, quantization error and stafic SNR plots

Figure 2.2 daes nat show the case af a relative linear canverter. In an ideal
case, this canverer wauld fecture a quantizatian enor that Is proportlanal the
he amplitude ot the signal 10 be canverted. As a result, the static SNR plot
wauld be perfectly horzantal. In reality, because aof the finlte number of biis
and the fact that quaniization steps can only have predefined values
{multiples of minimum step) such a characterstic Is not physically ochlevable!

When the canverted signals must be preckely analyzed, absolute lnear
converters are mandatory. In all the ather sttuations, and tin particular, In the
cose of signal medasurements, an Ideal relative device would be sufficient 10

Ly
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ensure the conversion quclity while keeping ihe power consurnpﬂon low. As
mentioned. such devices cannot be reaiized. chever. the fioating point
converter is a close approdmotion of thot ideol characterstic.

213 Step Over Range {SOR} :

The Step Over Range measurement is used to determine whether an AD
converter Is abseclute or nof.

111~
110 :|—r—
101 7
100
011 |
010
001 : Min. step |
ooo—-H—+—————— .
01234 567 Fs V1
86888 888
SOR [Min step)
i [T Y YO Y P,
01234567 FS vl
8888 888
SOR [Min stepj
|
{‘z *.Ia !lt iy
01234 862F M
8888 888

Flgure 2.3 . Mustratfon of SOR

The converer is fed with 0 romp signol coverng the whole input range ond of
high accutacy (fomp Increments smoller then the minmum converter step
size). The dfference between adjacent outpui samples, Is plotted versus the
angicg Input as in figure 2.3 which llustates Ideot coses. SOR ore given in
minimum idedl step size rather than In LSB. This ensures @ unigue notatlon for
both absolute and non obsolute devices (In floaling point conversion for
exomple, the LSB Is the minimum step slze of the coarse quantizer which Is
difterent from the minimum stap stze of tha whole converter).

In absolute converars, the Ideal maximum SOR s 1. Higher SORs Indicate that
the converer feotures 0 non-absolute behavior,

11



chapler 2. Fundomentals of AlD Converiers

2.1.4 Galn ond offset efror :

The goin of a Iinear A/D converter 15 equivalent 10 the slope of the fransfer
function. The goln emor Is thus the deviotion of the medasure slope from the
ldedl one. The goln enor Is sometimes called Iinearity ermor.

The offset error |dentifles the deviallon of the lowest transition level from the
Idedal locatian.

4 Ideal TF
111
110 | Oftset enor
101
100 Galn error
01—~ R
010 Measured TF
001 -
ooo—24-A4————+
012345867 F M
888B 6888

Figure 2.4 : Goin ond offset errors

2.1.5  SNR, THD, PD and SINAD :

All the previous parormeters refer to statlc characterstic. Signal to Nolse Ratia
(SNR), Total Homnonlc Distortion (THD), Peok harmonic Distoriion (PD) ond Signol
to Nolse And Distortions (SINAD} ore dynamilc parameters. They are sormetimes
prefemed o static ones tor applications dealing with dynomic signals.

The dynamic chorocterstics are measured In the frequency domoln: a pure
sine wave Is canverted and a FFT is pertormed an the collected data.

Signal to Nolse Raflo measures the signal power relofive to nolse pawer ond s
computed by equation 2.1 where M, are the mognitudes of ol spectal
cormponents except for the DC, fundomental ond is hamnaonlcs.

SNR = —20-logy 3 (10422 (8)

An equation simliar fo that of 2.1 con be used 10 compute the Signal to Nalse
And Distoriion totio. However, In this case, M, gre the mognitudes of all spactrol
componants except for the DC and the fundamental,

{2.1)

12
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The Tatal Harmanic Distorion meosures the power of the converter's distorfion
and Is computed by 2.2 where M, are the mognitudes of the homonic
spectral lInes. Often, for practicel reasons, only the ten fiist harmonlcs are
considered.

SNR = 20-logy Y. (10™/2? (a8)

Finglly, Peck harmonie Distortion Is the ratlo of the fundamenial mognituds ta
the highest haomnanic peak and Is given In declbasls,

{2.2)

2.2 LINEAR A/D CONVERTER'S TYPES

Unear A/D converers con be classlified o5 « diiect-comporison»  of
« Integroting » devices. Direct-compadson ADCs use the anolog Input signal fa
directly compute the digital equivalent by, for exomple, comporison 10 one of
several ieference volages (fiash, successive approximations, pipelned, etc.). In
Integroiing  aichitectwes, the onolog signal Is fiist tronsfarmed Info on
Infermediate signol which ts then used o obiolin the digital output [ramp-
Integroting, voltage-frequency, Sigma-Delta, etc.).

This secilon discusses conversion pinciples but no electical reolizotion
schemes are given. The ablity of each converter 1o meet the medium fo high
dynamic iangse (12-14 bits), siow to medium sampling frecuency (10-50 kHz) and
low power cansumption (~100 pw) requirements 03 defined In section 1.1 Is olso
exarnined.

2.2.1 Single and dudal slape infegrating canverter .

Single and dual siope Integroting converters are described bslow. Generally
spaaking, both are well sulted for slawly varying signals (1Hz-1kHz). They feature
high dynamic range and resolution, na missing code (all digital words corespond
fa an onalag Input), moncticlly {manatane tansfer function) and goad high
frequency nolse rejectian. Very simple architectures are possible but they are
extremaly sensible to valtage reference emar. camporator Inaccuracy elc, More
camplex stuctures can hawever reach 20 bits of resolulian. The main
applications are precistan Inshumentation and telemetry.

Single slope converer (flguie 2.5]: a reference signal Is Infegiated and the
oulput of the Infegrctor Is compeored to the onolog Input signal. A counter
meosures the siopsing time. When the output valtoge fiom the Integrctar eguals

13
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the anclog input, the caunter s stopped. s final count 1§ used o obioin the
digtto! equivalent of the analog Input signal,

Qutput of integrotor

™
Analog
vin
Stort caunting Stop counting

Figure 2.5 : Singfe slape infegrating converter

Pual stope inteqialing converer (figure 2,61 an up/down Integration is
perfarmed. A fist Integrafion 1s dane on the input signal and 1osts a fixed Inteval
at ime 1,. The Input of the Infegrating circult is then switched to a known reference
signal and dawn Integration takes place untll the integratar reaches a fixed level
(0 V In the figure). The dawn Infegratian time gives o measurerment at the onalog
Input signol. The benelit campared 1o single siope 1s that absolute erors In the
ramp generation are canceled.

Output of integrator |

Vin,

pr

T d
h Start down Stap  Stop

Integration (Vin,)  [VIn,)
Figure 2.6 ! Dual slope infegrating converter

Considering the specificalion ot section 1.1, single or dudl slope Integrating
canverters are oo slow and are not g volld allemative o meet the canstiolnts of
section 1.1,

14
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222 Voltage to frequency converter :

These canverlers generate digital output pulses of a repetitian rate that Is
linearly praportlanal fa the analag Input vallage. The pulses are caunfed far a
fixed canverslon time periad. Since the pulse rafe vaides within @ canversian
patiad as the Input Increases or decreases, the resuling digital autput i an
averaged value,

This type af canverter can anly be used with slawly varying signats and s thus
not sutted 10 meet the canstraints of section 1.1.

223 Oversampling or Sigma-Delta (XA) converter :

These canverters have became prevalent for high accuracy (16 1o 20 bits) AD
converstan af maderately high varying signals (< 0.5 MHz). The fiist major use was
In CD playars thaugh nawadays they can be faund In modem, multimedia,
digital qudic and slgnal piocessing applications. The great advantoge of TA AD
canverears Is that thay fraode greatly reduced analag clicuit accuracy tor
increqsed dighal complextly. This Is an advantage when ane considers the
pettamnance aof digital VLS! sllcan technalogles,

YA are so called because they Integrate (X) the difference (A) between the
input signal and its Lit skecm equivalent. This is llustrated In flgure 2.7, The
feedback voltage [autput from the DfA) Is subiracted from the analag Input, The
resulting errar is integrated and ks palality Is detected by the camparatar which
drives the D/A ta 1 If tha Integratar output Is negative ar ta 0 If the Integratar autput
Is posltive. For a 1, the D/A autputs a vaftage equivalent 1o the full scale of the
Input signal, Hance, far smal Input values, the bit sream wilt be made of several
Os after a singte 1. On the ather hand, It the Input signal Is large, the bht stream wil
altemate 0s and is. The digital fiters functian Is thus ta determine a digital word
that is praparianal ta the number of 15 In the bit sheam.

1 bt [ pigital :D
Fliter

n bits

Vin

DAC

Figure 2.7 : Flow graph of LA comverter
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The sompling Is performed at a much higher rate then the Nyquist rate
(oversompling). Consequently, the requirements on ihe onti-cliosing filtter ore
greotly reduced. In practice the fllter can even be omitted scmetimes.

The modulator ond s assoclated decimotion fiter can have  differant
architectures to motch the speclfic applications. The declimation can oko be
performed in mofe then one stoge by using coscoded filters working ot different
sompling frequencles {to avold a costly obrupt low pass filfer woking at high
sompling frequencles).

A very good orficle publshed by J.C. Candy and G.C. Temes {Cand?2)
discusses the vordous structures ond piovides dll the necessary Information to the
Interested reader.

A comwveders it well In the dynomic range and sompling fregquency
speclficallon of section 1.1. However, the power consumption specificotion
would be difficult fo meet. The diglial filter indeed requlres o folly high omount of
anergy.

224 Counter romp converter :

In counter ramp converears, 0 D/A converter Is siaved to o counter so that as
the count builds up, the output of the decoder increases. The count is sfopped
when the cutput of the D/A Is slightly higher then the andleg Input signol ond Is its
digitol equivalent.

Quiput of O/A
\Z
vin
t
Start Stop counting

Figure 2.8 : Counter rarmp converter
These convesrters have a low complendty bul are very stow . 2°-1 sleps aie

required 1o compiete one conversion (where n s the number of bits of the output
word). To decrease the conversion time, multi-step architectures exdst: 2 or 3

1%
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different step sizes are used., the cocrse one determining fhe MSBs and the finer
onals) the LSBs, -

Counter famp converters ore well sulted for exirermely slow varying analog
signals. They are net a valld alternative o meet the constralnts of section 1.1,

225 Successive approximotion converter

Successive approximation converters ore also known as seral. They are very
common and feature medium speed (10-1000 kHz), medium resclutlon (8-12
bits, sorme even 14 bits) and faldy smoall sizes at a low price. They are widely used
and well sulted for telecammunicatlon and signal processing applications as well
as for inferdacing fo pPs.

Senal converters can be consldered as n-sectlon counter ramps. Eoch step Is
different In size and each bit (from MSB 1o LSB) Is compared In tum 1o the analog
Input. In other words, the process conslists of successively tving a 1 In each bit of
o D/A decoder sterting with the MSB. As eoch bit is filed, the output of the DA Is
compared aganst the anolog Input signal. If the D/A output s larger, the 1 1
removed from that bit as the process confinuas ond o 1 s trled in the next most
significant bit. If the analog signal & lerger than the DA output the 1 remains in
that bit. Af the end of the process, the digital number in the D/A ks the digital
equivalent of the onolog voltage. n steps ore requlred to encode a n-bif binory
volue,

/Voo_
o T

n bits t, Hh
100 010 01)

Vvin

Vea

’—| Programmer |

Figure 2.9 : Successive opproximation

Fingl output word

Algorthmic (or cyclic) successive approximation converters are often used. The
conversion process Involves n recursive  cycles « reciiculaded » within the same
feed-back icop. The comespending flow giaph ks given In figure 2.10. These
sfructures hove a very small sze ond do not requite ¢ DAC. Nevenheless, o
precise doubling amplifler and & comperotor with at least 0.5 LSB precision Is
needad.

17
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'

Vx, =V, 1=0
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]
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Figure 2.10 : Algorithmic successive approximotions corvertfer

Cyclic successive opproximotion converers are the most serious condidate to
meet the requirement of section 1.1,

226 Parallel converter :

Pardliel or flash converters use one onolog comparctor with fixed reference
volioge tor every quantization level. They con ochleve very fost converslon since
onfy one step Is required. The driowbock s the complexity of the hordwore, whose
slze Is propartioncl o 2" (where n s the number of bits). They feature dynomic
ronge of 6-8 bits ond sampiing frequencles up to o few hundred MHz. Typlcoi
applications are fast signat processing such as rador ond video.

To increcse the dynomic range ond decrease the complexity, slze and price,
holf fiash [or two step paraliel) converters can be used. This Is a combination of
successive opproximation and fiosh. The converter has wo stoges In which holf of
the bits gre determined. Two steps ore thus required f{or conversion, but the
hardware size Is reduced ond Is proportional to 20+2,

These convarters cre not sulted 1o recch dynamic range 14-bit while keeping
he power consumption 10w,

227 Pipelined converter :

Al the convertars presented $o for ore redlime Le. o full D conversion s
completed during on analog sompling perod.

in plpelined convertars, the conversion Is performed on each sample of
onolog data duing o perod of time of two or more somples. A fist stoge
converts the high end biis durdng the fist sample dala time ond then passes the

18
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residue of the Input ta the next stage In the pipsline for processing. Then, during
the second analag signal sampiing perlad, the first stagé converts the high end
blts far the next anoclog somple while the second stage canverds the previous
sample’s residue. The process goes on untll the last stage Is reached and the
conversion s completed, Cansaeguently, the converters sampling rofe is equol to
the analag signal sampling rate but the full digital equivalent value is delayed In
he plpeling. This deiay or latency Is affen of iittle Importance campared to the
canversion speed.

Plpelne converters have two to n stages. The lafter can be counter romp.,
successive approximotion or paralle! recllzations. These A/D canverters can reach
very high canverslon speeds (GHz) at the price of high complexty, areo and
power consumption. They are clearly nat fargeted for the reiatively slow sampling
frequency of 16 kHz defined in section 1.1,

2.3 MARKET AND ACADEMIC OVERVIEW

The ADC market affers a very wide chalce of law dynamic range devices (8-12
bits). 16-blt converars are less common but all the major praviders affer at ieast
ane TA sclution. Higher dynomic ronges are cammerclalized by speclalized
compantes only, Table 2.1 provides a paitigl survey of the published or available
inear deviceas at the date of January 1997,

Since qll the commercially avalioble devices couidn't be considered (for
exampie Analog Devices has more then 100 diferent ADCs), cholce critera were
defined. Thus the loble cantalng ADCs thot fit into the fallowing categorles

qa) Low dynamic range (<10 bt} / maxirnurm speed
b} Medlum dynamic range {12-16 bits) / medium speed (10-50 kHz)
c} High dynomic range (> 16 bits) /moximum speed

Wwhenever possible, optimized low power devices (according o thelr providers)
were chosen. Category b) is actually of mast Inferest since it conesponds to the
target specificatlon given In the Intraductian (section 1.1). Categorles a) and ¢)
represent the boundates of cunent technolagy.
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Pravider | Reference Type [Dyn.R Frequ. Power SNR
# name [bH] | ksomplesss (MW} [dB]
1 Acod., [Fong94] | Algorth, 4 4500 0.5
2 Harls HI3304 Flash 4 25000 25
3 | Ln, Tech. LTIC1096 | Suc. Ap. 8 33 0.216
4 ADI AD775 Pipeln. 8 20000 60 47
) Harrls HIN175 8 20000 60
<] Exor MO8775 Flash 8 20000 85
7 gur B. ILC5540 8 40000 160
81{ Madm MAX1154 Flash 8 75Q000 5500 45
9 Acod. [Wue4} Pipeln, 9 33000 180
10] Acod. [Kusu?3] Pipetin. 10 20000 30
11 ADI ADS050 10 40000 315 53
12| Acod. [Yotsl9d] Pipelin, 10 50000 900 53
13 AD| AD7822 12 7.5 0.06
141 Un. Tech. LIC1285 12 7.5 0.48 67
15] Acod. [Chen®§] Cyelic 12 10 2
16| Lin. Tech, LTC1286 12 125 1.25 71
17 Hamis HIS813 Suc. Ap. 12 40 3.3 65.1
18 Tl TLV2543 Suc. Ap. 12 60 8
19| Maxm MAX1241 | Suc. Ap. | 12 73 3
20| Acod. Wit 93] Suc. Ap. 12 200 10 70
21| Acod. [Zhon 94] [ Pipelin. 12 1000 60
22 | Nat. Sem. | ADC12042 Flash 12 1000 75 70
23| Com. n. CLCo4% 12 20000 220 69
24 | Not. Sem. | ADC121038 | Suc. Ap. 13 73 15 73
25| Acod. [Clin 85) Plpstin. 13 5000 166 80.1
26| Crysial C5537 U TA 16 20 220 80
27| Acad. [Mots_87) A 16 48 110 92
28| Motorala | MC145073 ZA 146 48 250 82
29 ADI AD1380 ZA 16 50 15
30 AD} ADP76 Suc. Ap. 16 200 100 83
31 Bur 8. ADS7815 Suc. Ap. 16 250 200 B4
32 ADI AD7721 ZA 16 449 150 74
33] Maxdm MAX132 Infegrat. 18 0.1 0.3
341 BurB. BbC101 ZA 20 15 170
35| Crysial 585324 ZA 20 32 150 110

Table2.1: ADC Ovendew

Figuie 2.14 () plots the converter number {fiist column of ‘able 2.1) vessus an
« efficlency » foctor defined os the product of the sompling frequency ond the
dynamic range divided by the power consumption [bits*ksomples/s*mw], Ta be
camplete, Issues such os nomnalized chip slze, SNR quahly (difference between
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Ideol ond measured volues), efc. could also be taken into account (a small slze
for example would increase the efficlency foctor). The resuffing graph couid lead
to completely divergent conclusions. Figuie 2.14 howeveir-allows a comparison
considerng the particular ospects of dynomic range. speed ond power
consumption.

Generolly speaking. as the number of bits Increases, ADCs tend to be less
« efficient =, This 18 not a surprse since studles [Dik?4) showed that the power
consumption increases with n? where n Is the dynomic ronge in bits.

Low dynomic range converters (#1 to 12) ore well grouped, with a slight
fendency o become less « efficlent » 0s speed Increases, except for #1 and
#10 that have a considerabty higher factor.

The dispersion omong the 12-13 bits (#13 1o 25) k greater and resulis are
slightty better for faster devices.

Apparently 16-bit ZA converters are more efficient ot higher frequencles (#29
and 32) then successive approdmation ones (#30 and 31).

ADC Compsrson
100000 P
L ]
10000 =
LV =
& o Lo
& 1000 - 7 3
£ > s # Series1
iéi e W Series?
b d
* *
% 100 | * p
—+
10 -
¥ =
+
Py ¥
1
0 5 10 15 20 25 3 35 40
ADC Number

Figure 2.14 : ADC »efficlency » comparison
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it Is Interesting ta nate that cansidenng the specificatian of 1.1, the deslred
sfficiency number 15 14*16/0.1 =2240. Such ¢ device Is represented by the black
square (W) In figurs 2,14, Cansldering efficiency numbers (trlangles] abtalined by
the cammercialzed devices, the torgeted efficiency is clealy a mojar
Improvernentl
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3 « Fundamentals of Low Power
Design

This chdpter providas on averviaw of some of the finesses usad 1o oblain
low power sysferns.

Dightat power consumptton fs in port dus 1o leckoge ond short clroult
currents though the maln cantribufion comes from the switching power
whose valus (s proportionol to the switching frequency. the copacitance
load ond the squara of the power supply. Hence, actlons con be taken
ot efthar gigorithmic, orchifecturol loglc or fachnological levels fo
requce the power consumption by decreosing efther the working
frequency, the copacliionce lood or more efficlantly the supply volfege.
Whataver the ociton, the performance of tha digliol module must be
mainfolned. Electronic Design Automation [EDA) fools provide o great
help 1o ropidly ochieve voild resulfs.

Things are different in the onalog domoin: fowering the supply voltage
only complicates the design and dedicated struciures must be used,
Also, the working domain fweak of strong inversion] of the MQOS fransistors
must be caretully chosen. Highly relioble simulation models, such as the
EKV (Enz, Krummocher, Viltozl developed of CSEM ond £PFL ore
mandatory but unforfunctely they ol only ovolioble for o few
technologies.

Corsidering that the fargeted chip comblines both onalog ond dighal
functions, that it is battery suppied and thot o Mulli-Profect-Wofer (MPW)
Implementation s foresean, only four tachnologles ore accessible. The
final cholce goes fo EM Microsiectronic-Morln SA technologles since EKV
models ara ovalloble.

A short survey of foday's primory ond secondory csils (batterias) shows
that In spite of the progress in copactly fond thus lite cycle] ond chamicol
materlols within such devices remoins an ecologlcol burden ond that
racyciing Is sitll the only sofutlon,
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Most of the teseaich and development effort in the area of dightal products
hos been orented towards increasing the speed and the complexity of o single
chip. However, ¢s the density and size Increase, difficulty In providing adequate
coolng represents o limit and power consumption becomes a moin concem.
The need foi fow power devices s aggravaled by the Increasing demond for
portoble systems.

Such reduction Is not easily ochteved and requires optimizotion ot oll levels of
the design hlerarchy. As explained in paragraph 2.1, lowedng the power supply
volioge has o great impact on power consumption of digital clrcults, t has
however litle effect on the power consumption of onolog circults and rother
complicates thelr implementotion since the comesponding reduction of the
moximum signal amplitude must be compensaled by lowering the nolse tioor.

Proceedings of Electonic and DSP conferences s well os fode mogozines
are rch In arficles on pariculor low power optimized litiary  elements,
atchtectures, loglc sttategles, algatthms, ete. However, the annual « Intetnational
Symposium on Low Power Electronics and Design » Is cerfainly one of the most
focused conferences. The « Infemotionol Symposium on IC technology systemns
and opplications » olso hos dedicated sesslons, Another good reference 15 the
speclai lssue on low power electionlcs of the « Proceedings of the IEEE » volume
83, number 4, Aprli 95).

3.1 DIGITAL DESIGN

Thete are three mojor sourcas of power dissipation In Digitol CMOS circults :

PP, +P, +P =0, C Vo Ty the Vg +H, Vg
3.1

The fist temrn, P, Is the switching component where C I the lood
capachtancs, 1, the clock frequency and .., the node tansition activity Le. the
number of power consuming fronsitions {from O fo 1) In one clock perod. The
second femn, P,.. Is due to the direct poth short cireutt cunent i, which orses
when both PMOS and NMOS fronsistors are octive. Finally, P, Is due 1o the leakoge
curent |, which arlses tiom substiate Inlection and subthrashold effects and s
prmenly dependent on the sliicon technology.

Clearty the best way o reduce the swifching power s to lower V, ([quadiatic
reiofion ). The next step Is to minimize a,.,, C, (Ols0 caolled the effectve
capacitance C.,) through proper choice of loglc functlan and stve, clrcuit
fopology. dato statistic, sequencing ond giitching reduction.
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Short clicult power 15 due ta finite and very different dseffall times at the Input of
the gates. Ensuring similar rfse and fall times wil make the short clrcult
cansumption level about 10% of that of the switching power [Chan95]. Nate that
if the supply voltage wos lawered belaw the sum of the threshold voltages of the
transistars, the shart circult curent wauld e eilminoted. Other prablems such as
speed Iimitations would accur thoughl

There are two types of leakage cunent : reverse blas diade and subthreshald.
Dlode leakage accurs when a tansistar Is fumned aff and anather fransistor
charges up ar dawn the drain with respect ta the former bulk potentlal. The
resulting curent Is praportional ta the leckage cument density set by the
fechnadlogy and the draln area. It Is however a small current and results In a
froction of the tatal power consumption [Raba?é), athaugh i can become
slgnificant In appllcations where much of the ime Is spent in stond-ty made.

Subthreshald leakage accurs when the gate-saurce valtage Is below V, but has
exceeded the weak Invessian paint and is due to carier diffusion between saurce
and drain [Raba?4). This current depends on technalogical porameters. Similiar ta
the reverse bias curent it becomes relevant only in stand-by mode.

The saurces of power dissipation in CMOS digital clrcults have been Identifled.
The next sections descilbe some af the actians that can be taken ot different
levels ta decrease this power consumption.

3.1.1 Technology optimization

As dlready mentioned reducing the supply valtage resulls In a drostic
impraverment in the switching power cansumption. Unfartunately, a speed
penalty is paid and the delay signliicantly Increases as Vy, appioaches the

threshald valtage V, [see figure 3.1 [Chan%5)).

Normalized delay [ns]

1 2 3 4 5 V,[V]

Figure 3.1 : Normailzed delay for a fypical CMOS gate.
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Since the objective ks fo reduce the power while keeping the throughput of the
overall system fixed, the « technical » solutlon Is to reduce the threshold voltoge
(aichitecture Improverment Is another solution and i descilbed in 2.1.3). [Chan®s)
givas the example of a clrcult running of Vi, =1.5 V with vV, =1 V which hos the
same spead performonce Os another unning of V,, =0.9 V with v, =0.5 V. The
Imit of V, reduction Is set by the requirerment fo retaln odequate nolse marging
and reasonoble subthreshold curients.

This opfimization 5 performed by the fechnology englneers of the vorious
foundiies. The imit to which the IC designer con optimize V, is constroined by
choosing ¢ technology thot wil sofisty throughput constroints (considering an
eventucl particulor oichitecture) white guoronfeeing o minimel pawer supply.

3.1.2 Physical, circult and loglc level optimization

At the lavout level, signols with high switching activily (clocks] should be
ossigned shon wihies while signois with lower switching could be ollowed
progressivaly longer ones. This will resuit in lower C_*, products,

Transistar sizing shoutd ensure that ol delay paths ore equoiized so that ¢ single
crifical poth doesn't unnecessarlly imit the performonce of the enfire systam. The
question about uniformly increasing the WL ratios con be rolsed. A rule of thumb
Is that minimum sized devices should be used when the lood ¢opacitances & not
dominated by Inferconnect {ocal busses Inslde dalopath blocks). Buffers with
appropriate strength should be employed fo dive ioige capacitonce such as
those between datopoth modules. The IC designer usually has no access 10 such
« deep » sizing since hea uses a (hopefully) opftmized ilbrory which provides oll the
baslc gatas and elements. Nevariheiess he might be responsible for Inserting the
proper buffers.

Reducing voltage swing Is sometimes used. Becouse speciol gales ore
required (to avold stafic power Increcses). extia porasitic copachance
obioined and the mathod Is thus only useful on afready high capacitance nodes.

Clever loglc minimization and technology mapping con reduca the pawer
consumption by orders of 20-25%. The Idea Is fo minimize switching and glitching
activity, Loglc ievel power down through gated clocks con be used of the piice
of some odditional control clrcuitry,
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3.1.3  Architecture lavel optimization

Lawering the supply valtage Increases the delay. Architecture fechniques must
thus be used ta campensate far the reduced speed.

Let us assume G reterence archifecture made at o module M, powared ot Vg
and warking ot maxdmum speed ie. the clock period 1/CK,, Is equal to the worst
case delay. The voltage cannot be lowered since It would result In loss of
throughput,

Using two madules in paralle! Is an Impravement. Indeed, the thraughput is
maintained but @ach module warks ot CK, /2. The supply vatage con thus be
lowered until the delay has daubled. The hardware Is duplicated and same extra
rauting Is required leading ta on effective capacitance that is slightly mare then
dauble compare 1o the reference architecture. The bafonce s :

Voo <Vt  Cappw 22:Cay CKo =05-CK,
i (3.2)

Anather salution s 1a pipeline the operations of the module by insering same
registers. Again, the delay at eoch aperotian con be lengthened until the mast
ciitical one equals the thraughput ime and cansegquently the supply valtage can
be reduced, Each aperation s stlll perfarmed at the afginal rate but becaouse at
the additianal registars the area Is slightly Increased. Thus :

Vma <V Cen‘_.pp 2 Con CKm =CK
(3.3)

Fram 3.2 and 3.3 the praducts Cuy o CK,, ond C o *C,y, Gre slightly higher
than C,y «*CKe. Nevertheless, the quadiatic dependence an Vy, stil ensure a
substantial impraverment In the final power cansumptian.

Pipelineg and parclielsm can e explalted tagether. At a ceraln point though,
the averhead clrcultry will daminote and na turther power cansumption decrecse
will be aplained,

In applications whare very tight area speclfications are impased and pravided
that the throughput allows B, fime multiplexed aperations are used. The idea Is fa
have modules (far example an ALU) that perfam n (n>1) aperatlons within ane
clock cycle (throughput rate). The appraach seems favorable but actuclly results
In higher switching aciivity then fully poraltel salutians. Indeed, In the porallel case,
each module switches ance per clock cycle but anly If the Inputs have changed.
In the time muttiplexad salutian hawever, aperations are seqguentlal 1.e. aperatian
1 ta n take place within ane clock cycle. Thus even when the Inputs are nat
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changing. switching occuws; the results thot have not changed (compored to the
previaus clock cycle) must be computed again.

Ancther architecture level optimization (though It could be clossified Qs
olgorthmic level as well} Is the choice of number reprasentation. In most DSP
applicafions two's complement fepresentation Is used and addition and
subtroction are eqslly peformed. However, sign extension causes the MSBs fo
switch when a slgnat transttions from positive to negafive or vice versa.
Depending on the signal statistics (especially when the signal Is small compared
fo the dynamic ronge] this con result In very high swiiching aciivity. One
approach [s thus to used sign-magnitude representotion. It can be demanstroted
{Chon@5] that this leads fo a lower number of tronsitions. Addition and subfaction
are consequently more difficult to handle. Slgn-magnifude should thus be used
for kaige buses where the ovemead for convering back and forth 1o 2's
complemant Is not significant compared fo the overall switching activity bolance.

Finaty, gliiching reductlon Is handied at architectural level by kalancing all
signal paths and reducing loglc depth as much as possitle.

The designer hos fo trode off throughput and area constralnts, degree of
rasaurce sharng (tme muttiplex), parallel and pipelined architectures ondg
number represeniation fo ensure minimum power supply and switching aciivily
resutting In averall reduced switching power.

3.1.4  Algorithmic level optimization

The cholce of an algorthm Is a highly leveraged declion In meeting the
power cansumption consiralnt, The obillity for the algorthm 1o be Implemented In
poratiel Is critical along with the camplexty of the computation.

Algorithm transformation such as foop unrolling, algebrale transformations and
constant propagation can be used 10 modify the flow groph so that elther
pipeline or parallelism can be applled.

The computation complextty can sometimes be reduced by foking Info
account the conelation between nelghboring samples (eg, vector quantization).
i ks also very common to reptace constont muttiplication functions by shift and
add cperations.

Which of high-level algoriihm design, orchitecture or fechnology optimizatian
has the greater Impact on power reduction Is stil an open Issue. Antmated ponel
session held at ISLPE'?4 and ICSPAT94 nevertheless stressed that optimization has
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to be perfarmed at each Jevel. Ta reach this goal fargeted EDA tools are
mandatary 1

3.1.5 Low power design EDA tools

Within the last two yeors nearly a dazen different cammerclal 100ls have arved
an the market ta address low power. This sectlon ossess the situation af the end af
1994 [Caud96).

Transistar level estimations are most accurate but they require a very preclse
clreult descriptlan and con anly be perfarmed close ta the final stage of
development. These commeicial iaals ore based on a simulation af the transistar
natiist that irles to be as clase ta SPICE as passibig, but fastar, As a resuli good
accuraey s ieached ot the prce of a lang estimation ime. Cnly ane ool (EpICs
AMPS Jis presently avallable for aptimization at this level.

Gate level estimations can be performed earfier In the design cycie, are faster
but less accuraie. They heip determine which gates and wlies should be the
focus far pawer reduction. A power optimization ool Is avallable and cloims
recuctians of 1010 15%.

HDL and RIL estimations are 100 crude ta pravide absolute accuracy.
Neverthetess, they are very useful ¢s reiative Indicators to aliaw evaluatian af
design fradeaffs. The designer uses these indicators to determine which blocks
and signals hefshe shauld focus on, fies different solufians (architectures) and
gets quick feedbock in measuring the effectiveness f those redesigns.

While algarithmic, behaviarat ar system level decision have a profound impoct
on the power cansumption of a systern na cammerclal tool ai ihis level s
avaliable. Cansequently, the algortthmic ond behaviaral specificatians are often
frozen eorly In the design process with no verdlfication means. This reduces the
power minimizatlon space In the lower levels wheie fools are avaliable.

Academic iesearch an taigeted law power design toais Is also repored. in
particular, at IMT, @ taal has been developed by Alexandre Heubi ta very
efficlently implement DSP algorithms on poroliel archifechses. Appiled o o
speech processing algorithm, the 1ooks results In @ 23x Impravement an the MIPS
number (in camparson with a TMS32CSx saftware Implemeniaiion) and a 21x
impravement in power consumptian.
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3.2 ANALOG DESIGN

Many af the prablems and salutions encountered In micio-power onalag
deslgn clrcutts are directly 1efated to the praperles of the MOS hansistor, The next
sectian Is thus dedicoted to its ovenew. Active elements (Operational
Tronscanductance Amplifier) and analeg switches are then cansidered as well as
possive elerments such o fesistors ond capacitors. Finolly effects of power supply
decreqse are evalualed. A shart paragraph about simulation madels concludes
the tople.

3.2 MOS Transistor

The drain cunent I, Is ¢ function of the droln, gate and saurce vallages Vi, V,
and V, {all refered 1a the local substrata). This function depends on the operating
mode af the tansistar namely Weak Inversion (W), Middle Inversion (M) ond
Strang Inversian (SI).

In weak Inversian the drain cument Is given by equatian 3.4,

ID = ’DD .@Velnty ,[e""c.fur _e-VoJ'UJ]

(3.4)
where:
ho = W/L.@  n=14CLIC, V=V, +IN-TV

(3.5)
Equatton 3.4 Is thus valid (condition for wWi) when:
V-V <Vi-samely, o f<<h,=nC, W/

(3.8)

Two different mades arse In shang Inversian. The lIinear mode applies when
Ves< Ve Updfin and the droln current ls:

fy = B Vs Ui} Vo — 5 Vi .

When I>>1,, o Vi>Vg-Uln the saturation mode! applles and the drain
current Is:

I = BI2n Vs = Ur)? (14 Vs Vi ooy - 1)
(3.8)
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A smoll signal rode! Is needed 10 deplct the AC behovior of anclog clicults.
VG

A
G_{E B = = % % D% _—
OV Gm¥s
§
Vs
V,

1

Figure 3.2 : Equivalent AC modiel,

&1, Sy 51,
Ay = —— AV, +—— AV, + —— AY,
BRI T @)
Gm 29 <]
Applying 3.9 10 3.4 3.7 ond 3.8 resutts In tabile 3.1
Weck Strang inversian
inversian Unear Soturation

Gm Ity BVo-Vy) (2BVny*
o U, Ngm NQOm
% Wit | BOGV) | et

Table 3.1: AC mode!

Nolse models are mondatory ond the equivalent Input nolse of the fransistor
gate Is glven by

vt = kW L.f +4-KT/Q,, -a Stee=2n/3 Wra=n/2
(3.10)

These models suffer from limitotions (short chonne! effects, high frequency,

camer recdliectian...) but ore precise enough to diaw Interesting remarks.
indeed, cormnpored ta §l, W provides:

® mininnum volue of drain fo saurce safurafion volfage, which helps keep the
1o paak ta peok signal ampiliudes Close fo the power supptly ialls.

B madmum g,,, as well as bandwidth g,/C and rminlmum Input nolse (1/g,,) for
a given C and limlfed curent.

B mcxdmum volfage goin ¢/l which helps simpillfy OTA design
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A general conclusion from the above remarks Is that differential palrs In OTA wil
preferatly be PMOS (kn=10kp) ond work In W1 while the transistors used for curent
mirrars wiil work in Si.

322 OTA

Cperofionol Transconductance Ampilflers (OTAS) are needed to provide
amplification ond 10 dive the capaclios. Different structures are passible: class A
[or simple) OTA's which use fixed curents, ¢lass AB (or adaptive) which hove
cument that varies with the input signal, ond dynamic ones which are contralied
by a clock.

Hoe-Seung Lee (Lee®d) provided a very Interesting comparson betwaen
various OTA schemes frorn all three above types. A class A « 2-stage=» OTA has the
highest Figure Of Merlt (FOM., see Lee?4 for definition) and Its schematic Is given
in figure 3.3. FOM indicates haw well an OTA performs consideting aspects such
as nolse excess foctor, output swing, supply voliage os well as Input and oufput
cument iatio.

Figure 3.3 : Cioss A 2-stage OTA

M, and M,, the diferential palr, wok in weak nversion while ol the other
transistor work In 8. M,, M, and C. oe necessary to stablize the OTA (pale
splitting). De gain Is by equation 3.11 and values of 60-80 dB con bg obtained.

= G Oina
(Goy + Goy) - (Gos + Gos) (3.11)

The equivalent Input nolse Is mostly due 10 the first stage and thus the spechal
nalse denstty is :

&hz_ﬂ[mﬂ,ga_q@_l

" G 3 Om (3.12)
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The output swing Is only Iimited by the saturation volfoges of M, and M,.

3.2.3 Analog Switches

Analog switches are critical In two aspects: thelr conductance and the chorge
Injectlon they provide.

A usual implementation Is to hove two complementary switches which
conduct by connecting thelr gofe 1o the positive and negative power roll,
Conduction In 8l 15 ensured when V>(Ve-U)n. Figure 3.4 shows the
conductonce g of both N ond P fronsistors os V, increases.

Tvm g

Va
Vsa

Ay
gap
Figure 3.4 : Anclog swifches

If the supply voltoge decreases below a cilticol value, @ gap appears and
conducton Is tostl A solution to avold this gop is 1o use a clock voltage muitiplier
(MtR4).

Charge Injectlon (or clock feed-through) occurs eoch ime o switch opens. The
relotive voltoge enor AV depends on the ransistor size ond the supply voltoge
but not on the capacltor value. As the supply decreases, the relative ermor
Increases.

SR

Figure 3.5 : Clock Feed-through

Clock fesd-through thus results In offset voltages on the varlous capocttors.
Some solutions [dumimy switches for example) reduce the amount of this offset.
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The ulimate solutian however Is to use an analog scheme ar a functian which s
Insemsitiver ta offset ar where the offset ¢an be easlly compensated.

3.24 Reslstor and capacitors

Genamaly speaking. resistars are anly used In cambination with capocltars ta
abtain a fiteing funchian. Even when the process provides dedicated Iayers such
as high reskstance poly, large resistance requlies iarge area.

Capaciors are widely used. Thelr ulimate slze depends on the minmum
quantization step size. The naise leval an C results from sampling the thermnal
neise. in a nbit ADC, this isvel must be definftely smaller then a LSB ang thus
equatian 3.13 must be satistied.

KT/LSB* <C L88=2""v,,
{3.13)

LSB Is praportional to the supply voltoge, so as the supply decreases, C
increases In o quodratic way. However, bigger capochars resuft In lcnger load
fimes and require higher curents @ maintain ¢ fixed siew rate, which means
*bigger OTAs as well. The porasttic capacliars are proportional 1o C and
cantlbute ta further increases In cunent demand and load time.

3.2.5 Low voltage supply

Edc Vittaz In [Vitt94] analyzes the limitations and effects of iawerng the supply
vaoiage In analog design. As mentianed In the famner sections, some of the
lImiing factars are :

M Noise and precisian in curent (WI)
¥ Speed of ansistar

W Thresheid voltage

M Conductivity of analog switches
B Charge Injection

The effect an the power cansumplion can be quantified. Let's assume an
anglog clicult with a given $/N and frequency and a scaling of the supply valtage
Vg 16 V' whes Vy=Vy/K. In an ideal case, S/N=VZKIC and f =g /C. Thus f*S/N
= Gt Ve Since V, s scaled, equatian 3.14 must be satisfied.
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g =k*.g
(3.14)

In weok Inversion, g,,=nU; which results In I'=K**i ond thus P'=K*P.

in srong Inversion, g,,=(2iN)°*= 2iinv,, where V, Is the pinch aff voltage. V; Is
also scoled down and thus to satisfy 3.14, F=K*l and P'=P,

The maximum treguency Is prapartional to V, /L% Thus, far a fixed process
Froax=fra K-

The concluslon Is strolghfforword | Reducing the supply voltage does not help
In reducing the pawer cansumptian af anclog clreults |

326 Simulation models

As stated, problems and solutlons In onolog design are clossly reloted to the
MOS transistor. Furthermare, fa abtain power optimized Implermentations, careful
simulation must first be pertormed. As a cansegquence, the models used by the
simulatar must be as clase as possible to the reolity of weak-inversion, middle
Inverslon ond strong Inversion,

SPICE1 Is not opplicable since It doesn't take Into account the weok Inversion
made. SIPCE2 and SPICE3 are bettar, thaugh they present a discantinully In the
tonsttlon between Wi and 31, This Is also the case with BSIMI.

—— SPICE 1
4 Gu'n*Uefip ) SPICE 2
) --—--8PICE3
i 5 R ---- B3I
I\ —— kv
R

10710 ... 1078

Figure 3.6 : Simutation mode! comparison

As shawn In figure 3.6, the EKV (CSEM} madel is continuaus ond 1 well sulted to
simuloting clroults combining tronsistors In WI and S1. BSIM3 (not represented In
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figure 3.6) is also an attemative although s complextly Is much greater while
praviding stightly lass accurate results [Eny97).

3.3 TECHNOLOGIES

Grossly simpfifled, the MOS tonsisiar works an the principle of modifying the
electiic field in the substrate under the gate in such a way as 1o cantral the flow af
cur@nt between the sauice and the diain electrades. In a smaller translstar a
given alactic field pattern can be achleved with educed valtage (pravided the
Impurlly daping cancentriation has been adusted), Thus scaling Impraves the
density {smaller devices and wiing). the speed (reduction af the capactiance
while keeping the transcanductance mare ar less canstant] which, combined
with the lawer valioge supply, results In an averall power dissipation reduction.

The tosk of the technalogy engineer ks o aptimize all the scaling factors,
doping concentration, threshold voltages etc. ta get the best rade ot between
desred choracterstics {speed, eic.} and undesired ones (aff cument, efc.)
[Caa®5), [Ma?6], (Carn®é]. [Chateé). The prablem Is camplicated by the fact that
angiog and digital technologles are diverging with respect ta voltage, cunent
and size aptimizafian. Althaugh A/D and DA only require a small fraction of the
fransistors needed In a micia system ¢hip, additional technolagy and clrcult
design camplexity arses fram combining analog with diglie) an the same slican
die.

Slican On Insulator (SOI) has recently recelved ¢ great deal of atlention
because of s high potentiol for low power gpplications. Its deshoble
charactertstics are reduced device capacitance, higher franscanductance at
given voltage, betler and denser isolatlan (thus better analog/digital decaupiing).
smolter threshold valtage (off current) and finally better scalabillity. The promise aof
501 Is Impressive, thaugh far widespreod use, materal quality and cost as well as
chieult models, design niles ete. must be greatly Improved.

These <« philosaphical » cansiderations da nat interest the IC designer wha has
ta choose the cheapest and mast sulted fechnology. In this case, since a mixed
made chip s foreseen, e fechnalogy must piovide precise simutaiion models
and cttered layers for capachar design. Since minimum slze s on Issue, g low
kimbda (minimum fransistor size) technology is preferable. The device will be
aperated by a 1.3 V battery sa a technology which has been choracterized iar
this valtage should be used. Speed IImitt Is nof a canstialnt since the digital part of
the A/D will work at the sampling frequency. if an ASIC containing A/D and D/A
canverers and DSP care had 1o be Integrated, the speed would become a
mojos facion as well.
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Wwih the technology speciiications In hond, the deslgner can now browse the
avalioble technologles and make his cholce. Based on a technology suvey
issued In June 96 and considerng the paricular conshraints of this work (mixed
anclog/digital design, Muttiple Project Woler, price et the cholce Is Imited 1o....
4 technologles |

AMS 0.8 and 1.2 pm CMOS mixed-maode technologles ore charocterized for
2210 5.5 V supply volioge. They have two poly iayers 1o form the copachors and
two metd! layers. Apporently some customers hove performed characterizotion
at lower supply voltages. Typlcal vt are 0.85 and -0.75 for the NMOS and PMOS
translstor in the 0.8 technology and 0.7 ond -0.7 for the 1.2 pm.

EM Microelectionic-Morin SA ALP1 and ALPZ2 pm Low Voitage CMOS mixed-
mode technologles are charocterized for a power supply os low os 1V, They also
provide twa poly and two metal iayers, Typlcoi Vi are 0.6 and -0.67 for the NMOS
and PMOS fransistor In the 2 um technology and 0.63 and -0.73 for the 1 pm. EKV
simulation models are availoble for both technologies.

Both foundries provide MPW (Mulll Project Wafer) passiblifles. For geogrophicol
reasons EM Microetectronic-Morin SA technologles were chosen,

3.4 BATTERIES

Progress In battery technology ks tied fo thot In portable electronics. Devices
with higher energy density, tonger shelf ife and freedom from leckoge have thus
been Investigated. Howaver, the time scale for Improvement Is iong compored
fo the « doubling fime » for micioelectonics. Uitmate size and eneigy are imited
by system chamishy,

Energy and power per unit volume are usuolly the cifical choracterstics
though the energy delivered by a specific battery dependas upon the ale at
which the power is withdrawn

Low power portable oppllcations cover consumption ronges of o few micro
watt for watchas to 10-20 W by noteook computers,
3.4.1 Primary cells

The malorty of standard slze batteries (D. C. AA efc.) used woridwide are still

2nc-corbon. They are cheap and well sutted for most consumer opplications. The
performance of these batierles Is not tkely to Improve, Actuolly, as environmentol
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pressures torce some ot thelr components o be removed decreased
performnance con be expected,

In Europe and America alkaling batterles ame In fact more common than zZinc-
alr, The eliminatian ot mercury has been o majar step in thelr growing use and
success omong envircnmentally sensitive popufations. A new manutacturing
mefhod aliowed Q 15-20% Increase In capacty b 97. Some minor changes
might galn a few extra % but maicr Improvement Is nat expected.

Typical power densities are 150 mwWAL for zinc-alr and 250 mwA tfor alkaline
batteres.

Button cells have seen litfle performance chonges. Table 3.2 [Powe95] gives
the charactenstics for 11.6 mm diometer by 5.4 mm high button cells ieclized In
varous systems. With the exceptian of Znc-alr cells, all these systems will probably
give way ta lithium batterles.

Zinc-ar hos the highest emergy denstly of any commerciolized systern,
provided the olr access Is Imited to prevent leakage and/or shart Iife, Densitles up
ta 1200 whfl are avalloble In capocifies from 50 to 6600 mah, The moin
opplications are hearng alds and pagers.

System Operating Volt. Capachy [mAah]

Zn-Air 1.3-1.2 550
In-HgO 1.35 220-275
In-Ag20 1.55 175-190
Zn-Mn02 1.25 145

Table 3.2 ; Pimary button cells

Primony ifthium cells are becoming common place as new consumer products
ae designed around them (3V operation). These cells have excellent
characterstics nomely high energy densily, very good shelf and aperating life.
The most widely produced and used lithium battery is the [ithilum-mongaonese
dioxide system which piovide capacittes from 10 to 10000 mah/cell, It s
Interesting fo note thot these cells are exempt from enviionmento! reguiation but
are cansiderad hazordous matenal frorm the standpoint of flommabilly.

3.4.2 Secondary cells

This market Is experencing a near 20% growth rate fueled by the explosion in
cellulor phones, porttadle computers, camcoiders and enterfoinment devices
which all rsequlie more power than can be piovided ty pimonies.
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Sealed leod acld celis ofter 1-24h In a size close & © pack af chewing gum.
Thelr main advantage is low Inlttol cost, low self dischorge and good ate
copabilty.

The molnstay of small secandory battedes 5 however the Nickel-Cadmium
systern. Major Improverments In energy denslty resufted in copacities of 800-850
mAh for AA cells and devices with mare then 1000 maAh shauld be avaliable
soon. NI-Cd systarms ore capable of very high discharge rates and are falerant a
over charge and discharge whlch makes them easy fo use. However they suffer
om memory eftaect. Because of the cadmium, serous ettort 1o callect and
recycle used cells hod 10 be underiaken.,

Nickel-Mete! Hytrids were inroduced In the 90°s and are winning morket shore
over NI-Cd. They do not suffer flom memory effect ond since no codmium I3
used, these cells ore more “enviianment-flendly”. Furthermare, the actual
capacity Is cready 1200 maAh (1600 mAh devices are fareseen} ond the
aperating vatage Is Identical fa that af NI-Cd,

Lithium lon secondory batteries are used In camcorders, computers ond
cellular phones. They offer high energy denslty and since they operate ot 3.6 V
they con reploce 3 Ni-Cd or NIMH. Since stict control of charge and discharge Is
required both far salety and long Iife cycle, smort chorge chips must be used.,
Energy density up to 360 Wh are projected.

COther secondory cell types are Uthlum polymer Electrode, which only operote
at high temperotures (> 60 °C) ond Zinc Monganese dlioxide, which are low cost
and low density and after na real beneftt comporad fo Ni-Cd and NIMH. Finally,
secondary Zinc-alr for portoble computers have been announced, The enargy
densly is about the some as NIMH though thelr weight Is much higher. Toble 3.3
{Powe?5] gives nominal charactedstics of AA size secandary batterles (C rate Is a
current equal In amperes to the nominal ampere-hout capaclty of the battery).

Systemn | Volts mah Raie whyl Whikg | Cycles | Loss/ma
N-Cd 1.2 1000 10C 150 60 1000 15%
NI-MH 1.2 1200 2C 175 65 500 20%
U lon 3.6 500 C 225 70 1200 8%

Toble 3.3 : Naminal characteristics of AA secandary celis

Batterles and the enviranment Is an orea of much cancem. Regulotions diffes
from one county to another though. from on environmentol point of view, ol
used balteres should be calected and recycled. Indeed, even mercury
cadmium stc, free batteres contaln lead and ar ather metals which cannat be
eliminoted easlly [Dupg8?]. All battery operated devices should thus ensure eosy
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removol and provide Information for proper disposal. Good collecting and
recycling pregrams should olso be set out, Unforfunately, this might only become
feasible through economical pressures....
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3.6  ANNEX: LIST OF SYMBOLS

f. Defined as BW/L where B,=nC.,

C. Draln capacitar

C. Oxyde capacitar

O Transcanductance

gy Output canductance

loo: QUlEsCENt draln curent

K: Baltzrmann canstant {1,381 10 JK)

L: Length of transistor

w: Cariers mobility

n: slope tactar

Q' Elemenfary charge (1.602 1077 C)

Svin: Nalse spectial density

T: Absclute temperature

Up Themrnal valtage. Defined as KT/Q

Veary: EQrly valtage (orifact for auiput canductance)
Ve Droin voltage refered ta local substrate
Ve Gate valtage referred to locol substiate
Vs Source voltage refared to local substiate
Visor: SQturatian valtage (if Vy, > Vosq then sfrong Inversion)
Vy Thrashald valtage

W: Widih of transistor
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4 » Floafing-point conversion

This chopier gets infa the heart of the subject ond expiains. fram a signal
processing point of view, the effect of nonrabsalute corversion. The
ariginat fesd back flooting point approach develgped by A, Schoub
back In 1992 & presented as well as #3s Imitafions. The lafter are
ovarcome by the enhanced feed back floating point cancept.

Both faed forword and enhonced feed back conversion concepls ore
defalfed. The enhonced feed back apprcoch /s well sulted far
predictable Input signols white the feed forwards approach Is useful for
rondam-fype signals. Audia signals are fairly predlictcble fplich, spectral
densily} ond two adaptafian “strafegles” are praposed far enhdnced
feed back corversion: the first Is inspired fram Jayant's work on speech
coding while the second Is bosed on resulfs coming from recursive
sinnutations using O pOo! of inut signais.

Numercus informal fistening tfests ore performed to define targetfed
converters for audla cpplications. Once the system orchitecture for both
enhonced feed bock and feed forward converter Is estobilshed,
simuiations furnish the idedal charocteristics of both devices.

Non oudic signals ore consideraed ¢s well ond the frade affs belween
feed forward and enhanced canversian are explcined. Finally, some
design considerctions conciude this chapter.

As menfianed in the first two Chapters, absolute ond non-atisclute canverlets
can be distinguished. The lafter present o quantization step that varles alang the
dynamic range. Nomally, the step slze Increases with the signal omplitude,
however, this Increase can be Inear, as In the idedl relative non-obsalute
canverer, ar by step as in the faating point appraach, ar even by ‘burst’ (af
cerain amplitude only). a8 In the mixed RSD carwverter descibed in chapter 5,
The benefit of nan-absalute devices versus abisalute anes 1s that a reduced
power cansumptian Is abtained.

Whatever the pardicular Increase mode, the effect I the same: In small
amplitude signals the quantizatian I1s fine while In larger amplilude the
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quontization gets caaser and the smoll "datalls” ote lost. Non-absolute devices
are thus useful sither In the case of non-absolute signols delvered by the sensor
or in the case of dighol signal processing algorithm thot ore not sensitive to smoli
ompliiftude varlations occuring at high ompiifuds.

Let us consider an anolog signol composed af two sine waves. The fiist Is of low
frequency and has a close 1o maxmum dynomic rgnge omplifiuds. The second
has a higher frequency tbut fts omplitude s much smoller, only © few minimum
quantization steps. If the dighol processing algorthm must extract the high
haguency component of 1his signol, on absolute converter Is mondotory. Indeed,
If a non-absolute device Is used, the Information about the high frequency
component Is lost of loige ompiltude. On the other hond, If the processing
olgordthm &5 Inteested In the high frequency component only o8 long as Its
ampltude Is blgger thon a certtoln level below the slow vorying signal, the non-
absolute device ks sufficient.

Stgnol quantization resuits, In the frequency domaln, In the odjunctlon of
spectrol lines at harmonic and non homonic frequencles. These lines “fronstate”
the quantization nolse and thelr omplitude Increases as the quantization get
coarser. Hence, In the case of non-absolute converter, the spectrol line
“‘configuration” depends on the Input signal omplitude level (since the
quantizafion step depends on the signcl ampitude). According to the
subsaquent algadthm this can be a major diawback,

Assuming thot © consldered opplication toletates @ non-obsolute converter,
the bast cholce would be fo use the telolive precislon device. As explained In
chopler 2 (see 2.1.2), such a device Is not physically reclizoble. However, the
idecl melotive precislon charocteristic con e opproximated through a fioating
point approach.

in flocting polnt conversion, the Ideo Is 10 scole (exponant] the Input signol in
such a way that It fits well Into the fixed conversion tange of a coarse quantizer
(mantlsso). The floating polnt conversion Is s0 called because the Intemo
exponentimantisso reprasentation is equivalent fo o ficaling point representation.
However, the output of the quontizer i a fixed polint format word resulting from
the combination of the montissa ond exponent valus.

Feed back and feed forwaid floating point canversion must be distinguished.
In feed bock odoptotion (figure 4.1), the previous coarse quantizer output Is used
to detemmine, vio the adaptation logic, which scoling factor shouid be applisd to
the next Input somple. In other words, a « 1 somple prediction » Is achisved and
the scafing set aecordingly. On the other hand, feed forward adaptotion {figure
4.2) uses the Input sompie, on which the scaling Is then applied, to evaluate the
scaling factor. in both types, the coorse quantizer output Is fod to o « formating »
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back-end which reconstiucts the “fixed point” findl word, taking into account the

digltal word and the goin which was opplied. .
I_ Adopfotion
Lagic Digital
Analog Output
input | w Coarse Formatting
Quantizer

Figure 4.1 . Fead-back floating point ADC

Anglog
input Scaling
Evaliuation Digftal
QL Qutput

w Coarse Formotting
Quantizer

Figure 4.2 : Feed-forwards floating point ADC

The primarny goal af this research 15 10 devsiop flooting point converers for
oudia applications. 7o cover sound signais onging from qulet sleeping room to
pneumatic hommer, a dynamic of 14 bits Is necessory. However, because of the
masking effects accuring In the humon ear @ Imited resolution i tolerated. For
such oudlo devices, the utimote quolity ciltero Is infomol listening test.

The frst article about feed-back fioating point convenars was publishad In 1992
by A. Schaub {Scha%2). As explained In section 4.1, his converler Is nat sulted far
demanding audia opplications. Nevertheless, the feed back pinciple §s
Interesting ond section 4.2 expiaing how tt con be enhonced to meet the
excelient parceived oudlo quality canstiaint, Sectlan 4.3 dedis with feed forward
conversion while section 4.4 extends the discussion 1o Iook at other opplications.
Finally, section 4.5 considers Implementation perspectives and heips determine
where the dasign effort Is particulody Imponiont,

4.1 ORIGINAL FEED BACK FLAOTING POINT CONVERTER

Arthur Schoub [Scho92] proposed a fesd back floating point converslon
cancept back In 1992. His soluflon was almed at speech coding and hence the
perceived qually canstralnt was rather ibose.
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Figure 4.3 shows the front end stage of A. Schaub's converter. The back-end Is
made of look-up fables and a shifter and Is used ta famat the autput Inta the
fxed point word,

5-blt I‘ Adapfation Ta look-up
b Logic 5-bit fobles and
contral ] )

Magnhude shifter
|,
Quantizer

Figure 4.3 : A Schaub’s flooting point converter

The andiog micraphone signat is fed ta a controlied amplitier that multiplies
the onalag signal accarding to Its gain sefting. This programmable amplifler can
have galn votuas ranging fram 0 1o 46.5 dB In steps ot 1.5 dB, hence 32 difterent
galn vales. The gain value Is set by the 5-bit cantral word which Is pravided by the
adaptation loglc. The amplifled signal is applled to g 6-bit quantizer. The five bits
represanting the magnitude aof the quantized somple seve 0s Input ta the
adaptation logle. The later determines, accarding ta table 4.1, the gain
Increment/deciement that must be applied to update the goln of the
piogrommable amplifier. The é-bit quantized output as well as the gain setting
ore loaded into the back end which reconstructs the fixed polnt 14-bit. This is
perfarmead by reference ta laak-up fables and subsequant shifting aperations,

Maognitude Codeword | Galn Inc. / dect, [dB)
0.15 +15
16,17 -1.5
18,19 -3
20..23 -4.5
24..27 -6
28, 29 -7.5
30,31 -9

Table 4.1 : Galn adaptation for 4-bit quantizer

The adopiation table k based an N. 8. Jayants paper [Jaya73] on adaptive
quantization ot PCM signals. Basically, the prablem assessed by Joyant s
Identical ta that af the floating point canversion: based on a previaus sample
value and ta scale the Input signal so that it fiis 0 coarse quontizers, the best
mutiiptiers must be faund. Joyant's multipliers are computed tar guontizer of up 1o
& bits and range fram 0.85 ta 2.4, Schaub used Javants multipliers bul resticted
thelr values ta powers of 2" [carrosponding to appraximataly 1.5 dB steps) and
abtained table 4.1. Hance, when the magnitude af the coaarse quantizer cutput s
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less than 15, the goln value of the controlled ampiifier Is Increased by 1.5 dB and
the new goin value k used for the next somple. On the other hand, If the
magnitude af the coarse quantizer autput Is more than 15, the goin vaiue Is
decremented occording to the toble. The higher the magnifude, the bigger the
decrement. Conceptuclly, the adoptotion scheme con be cansidered as a feed
back loop whose pupose k 10 bing back the amplitied input signal Into halt the
dynamic range of the coarse quoniizer.

Simulations using mole and female speech as well as music have been
pertomed and fypicol SNR vaiues around 26 dB were obtoined. Comparative
listening tests revecled noticecoble differences between orginal ond processed
slgnols. Although the quolity Is sufflcient for applicatians such os speech coding,
A, Schaub’s converter cannat be used In mome demonding systems such 0s 0
parable speech processor.

4.2 ENHANCED FEED-BACK FLOATING POINT CONVERTER

A, Schoub’s converter suffers fram two citicol problems ; its perceived quallty Is
insufficlent (4.1) ond fis reallzatian, In particulor the 1.5 dB step gain ond the look-
up table, Is not wel sulted 1o a low power implementotion (4.2.2). An enhonced
feed-back fioating palnt converter must thus be developed and the mentioned
problems overcome [Grise5).

4.2.1 Improvement of perceived quality

4.2.1.1 Ftner quantizers

Improving the signol 1o quontization noise rofo seems shoightforword. In a
sefies of experdments the number of bits In the quontizer, and thus the adaptotion
table, Is Increased. Input flles are full scale mustc as weidl as full scale and -30 ¢B
male speech signals. The lotter is most signlficont since n the fareseen
opplicatian, narmal speech level Is obaut 30 dB below the laudest signal
cansidered (pneurmnatic hammer or discotheque).

To evaluate the performonce, Signal to Noise Ratlo (S_SNR) and SEGmentol
S _SNR (SEG) values are computed according ta equation 4.1 are used. x s the
origine! signo! and vy the canverted ane. SEG s abtained by applyling a regular
$ SNR on N segmenis af 20 ms [stationory ime frome tor speech) and averaging
the obtalined values. As a result, small and lorge amplitude segments contlbute
in the same way to the finol SEG value. Cn the other hand, In standard $_SNR,
large amplitudes mask smaller ones which barely Influence the inot result.
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) .
§_SNR =20 log| =—= SEG=YN )} §_SNR
—_ Z (X' _ y‘ )2 ]/ =i -_ !
f

{4.1)

Toble 4.2 shows 5_SNR, SEG ond the omount of overflow (when the odoptation
toils 10 scate the input signal within the coarse quantizes ronge). Informot fistening
results o1e Included os well, where N stands for Nolsy, F for Falr and E for Excellent,

speech, -30 dB spasch, full scole music, full scole

S_SNR | SEG | Over. | S.SNR | SEG | Over. | S_SNR | SEG | Over.
274N | 25.9 | 300 | 26.2N | 29.2 | 1439 | 205N | 26.1 | 2030

286N [ 30.5 | 321 27N [ 322 1484 | 207N | 28.1 | 2078

29N | 3521 321 27N 1349 1497 1 207N [ 3051 2111

291N | 392 321 | 27N [ 37.1 | 1504 | 208N | 326 | 2117

somuog

291N | 4241 317 | 27.1N | 38.7 | 2420 | 208N | 33.6 | 2123

Toble 4.2 ; Increosing number of bifs In A. Schoub’s canverfer

The results cleory show thot the number of overlows ks consideroble ond thot,
os the number of bit Increoses, S_SNR volues barely chonge. On the other hond.
SEG volues InCiecse In @ mora encouroging way. This can be exploined os
follows : 0s long os the omplified signal Is within the ronge of the quontizer,
Improvernent Is obtolned by Increcsing the number of bits (increosing SEG).
However, when the maximum omplitude of the quonilzer Is exceeded, the
additional kits foll fo improve the perception [More or less constont §_SNR),
Although the number of blts hos been increosed up to 10, ¢l the processed
signals ore percelved os nolsy (see toble 4.2).

4 he « »

I hos been mentioned thot In Schoub opproach, the adoptation scheme con
be considered 0s 0 feed back locp whose purpose Is to biing back the omplified
Input signol Into holf the dynomic ronge of the coarse quantizer.

To reduce the overflow, the concept of G so colled «reseve bits s
infroduced. The Idea Is fo modiy the feed back loop so thot its purpaose Is 1o bring
back the omplifled Input slgnol Into @ quorter of the dynomic wnge of the
coarse quontizer. In this way o lorger margin 1o protect ogolnst overflow Is
infroduced. Hence, the resulling odoptation foble for o 7-bit quantizer (6-bit
mognitude, 1 sign-bt) Is aimost Identicol o toble 4.1: the first 6 rows remoin the
same (Le. tor codewords of up ta 29) while the lost 1ow recds © -9 dB for
magnitude of 30 to 63.
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A new set of simulations, with the 5o called reserve-blt and with Increosing
quantizer bits wos perféimed. SNR, SEG ond oveiflow volues as well os
comparotive Bstening ore given in toble 4.3.

speech, -30 aB speech, ful scole music, full scale

bits [ S SNR | SEG | Over. | 5 5NR | SEG | Over. | 5 SNR | SEG | Over.

7 336N 275 332N (328 | 46 | 294N {308| 90

38.5F | 33.5 386N | 387 | 52 | 046N | 366 89

9 44.1€ | 39.6 42.6E | 443 | 49 31IF [ 416 B

E-N =N - -

10 484 E | 45.6 44.6E | 498 | 54 31.3E | 472 86

Table 4.3 : Increosing quantizer bifs with the reserve bit concept.

Resuits show that the reserve bit Is very useful In imiting the number of
overflows. Obwviously the price pold is o reduced resolution. Neverheless, SEG
comparlson between toble 4.2 and 4.3 Indicotes that the reduction Is less then 6
¢B (1 bi). it should be noticed also thot as the number of bit Incieoses, the SEG
volues of toble 4.3 for -30 dB speech Inciecse by & dB. Excellent processed
speech signals Le. no audikle difference from input, are obtained using o ¢ of
more bit quontizer.

The Improvernent of the percelved quallly can be llustioled with figure 4.3, At
the top, a speech segment of 1 second duration Is shown. The middie graph
shows §_SNR volues computed on 20 ms segments In Schauty’s converter and for
Increosing number of bits In the quonflzer {6 fo 10). Clecrly, In sorne podions (0.3s
to 0.45s, 0.85s 10 18), the number of bit Increcse (and thus the preclsion) Improves
the 5_SNR volues, However, In many other poions [0.2s, 0.58s efc.) overtlows
cccurs ond no Improvement can be seen. The third graph liustrotes the case of
the raserve bit converter with InCreasing number of quontizers bif. The number of
overflow [s greatly reduced ond exploins the Improvement in the perceived
quolity,

The sound quolity In feed-bock flooting point converslon Is drostically improved
by applying the reseive bit concept together with an increcse of the coorse
quantizer size to ot least 9 bifs.
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Figure 4.3 : S_SNR on 20 ms segments for A. Schaub fecentfer) and reserved
bt converfers (baftom), wiih Incregsing number of bifs.

422 Simplified Implementation

In the farmer section, the problem of poor perceived quality was solved.
Solutions 1o simplify the Implementation of the adaptation shtiegy must now be
Investigated.

To counteiact the input galn mutiiples of 1.5 dB, a fime voring alignmeni of
the quantizer codeword must be provided (formatting block In figure 4.1). Thus,
muttiphcotion with 2'#, 22 and 2°* are required along with shifing operations
that compensate 6 dB steps. Integrating a digital muttipller is hawaver not well
sulted with micro power Implementation. A. Schaub proposed to use 3 loak-up
tables with pre-muttipied codewords. In his design, look-up tables of slze 64 were
sufficlent (6-blt quantizer). Since the slze grows exponentially with the number of
blts, this approach Is not sultable for quantizers with higher numbers of bits,

4221 1.5dBtoble with 6 dB gccunnutation ;

If the adaptation used coarser minimum steps of & dB, the multiplications
could completsly be avolded and a shitting operction would be sufficlent for
cadeword olignment of the back end.
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An slegant solutan «fa  each that god lls. to compute the
increment/decrement In Input galn In 1.5 de steps as befare (using the reserve bit
cancepd] and to campute the accumulated galn. The input omplifier 1s then set
tQ a "6 dB multiples floared” value af the accumulated galn. This Is llustrcted In
table 4.4 which shows how the goin Incrernent ond setiing are perfarmed for o
given quantizer's autput data stream,

As sample #0 s canverted, a defoult gain of 12 dB Is applled. A gain Is
camputed accarding to the madified version af table 4.1 (os explained In
4.2.1.3). Ta set the following Input goln, the accumulated goln s floored ta o 6 dB
rmulfiples value,

T input gain output af quanilzer A gain accumulated goln

|<iB) [dB] [ciB]
0 12 DDO11D + 1.5 13.5
1 12 DO0010 + 1.5 15
2 12 001000 + 1.5 16.5
3 12 000111 + 1.5 i8
4 18 001000 -1.5 14,5
5 12 000010 + 1.5 18
& 18 011100 -9 9
7 & 010100 -4.5 4.5
B D

Table 4.4 : 6 0 accumuliafed values adaplatian sirategy

Smulatlan shawed that SEG ond S SNR volues dropped by only 2 dé
campared ta the cose where the amplifler is actudlly changed in 1.5 dB steps.
Results are shawn In toble 4.5,

speech, -30 a8 speech, full scale music, full scale

biis | SSNR | SEG | Over. [ S SNR | SEG | Over. | § SNR | SEG | Over.

7 31N 27 14 [ 31.EN| 311 75 | 286N | 2951 162

8 JZIN | 33 10 [ 372N | 36681 86 [ 308N [ 35 155

? 42.7E | 389 | 16 41.4F | 422 €7 | 315N | 40 161

10 472E | 4481 18 436E | 474 68 31.6F | 446 | 154

Table 4.5 : Results from using both the reserve bit ond o « & dB accumulotion »
adaoptation strategy.

All the simulations resulfs can be summarized in figure 4.4 where SEG values far
-30 dB speech of table 4.2 (+), 4.3 () and 4.5 (a) as well as perceived qually are
presented. Nate that perceived qualty ond SEG [or §_SNR) are sometimes
cantradiciory. The t0-bit quonilzer that uses A. Schoub'’s adaptation (10_+) Is
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percelved as nolsy thaugh has a higher SEG then the 9-bit «reserve bl »
converter (?_x and 9_a). The |after, hawever, aie psrcelved as excelient.

o
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28
26

E3
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.
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+N
N
BN

8

number of quantizer bits

10

Figure 4.4 ! SEG valuss for different adaptatian strategles,

By madifying the adaptatian strategy. an Input cantialled gain with galn values
In & dB muttiples, can thus be used. A question arlses : which combination of
moximum galn and quantizer slze (number af bitsj Is maost sulfakls ? Further
simuiction resuits, with different cambinations using male speech are given in

table 4.50nd 4.6
-30 dB male speech
0-42 dB galn values 0-36 AB gain values 0-30 dB gain values

bits | SSNR | SEG | Over. | 5 3NR | SEG | Over. | S SNR | SEG | Over.
B8 31.2F | 331 7 36.2N | 30.5 2 R2IN] 26 0
g 43E | 399 18 42E | 364 4 39.2F | 32.4 a
10 48 E 45 29 483E | 424 5 452E | 38.3 0
N 515E | 51 40 52E | 48.3 7 51.2E | 44.2 1]

One sees thot three salutions can be cansidered :

a] 9-bit quantizer and 0 ta 42 dB Input galn [-> 16 bis dynamlc range)

b) 9-blt quantizer and 0 ta 36 dB Input goin (-> 15 bits dynomic rangs)
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) 10-bit quantizer and 0 %a 30 dB Input gain {-> 15 bits dynamic range)

full scale male speech

0-42 dB gain values 0-36 dB galn valuss 0-30 dB gain values

bits | S SNR } SEG | Over. | S SNR | SEG | Over. | S_SNR | SEG | Over.

B 384N {3777 168 | 3BAN | 373 183 [ 3BSN | 375} 133

g 41.2F 1 43.0 | 337 | 41.3F | 43.3 | 304 | 41.4F [ 434 266

10 | 423E 48 520 | 42.4E | 483 | 466 | 42.6E | 48.2) 410

n 424E 15623 | 702 | 425E | 53.1 | 627 | 42.5E | 833 555

Table 4.6 : Goln and quantizer combinations with full scale male speech

Numeraus supplementary simulations Invaving different male and female
speecn signals have been perfamed. i Is inferesting to note that sammetimes, far
a given canilguratian, pracessed male spesch fllgs were judged excellent while
some processed female ones wexe still only falr, This is probably dua fo the pitch
(and resulfing masking patiemy) differences in male and fermate valces.

Using a 9-bit quantizer seems more efficient fram a power cansumplian polnt
of view. The flist solutlan far an audio feed-back fioating point converter Is thus to
use a 9olt quantizer in cambination with a 7 value confralled amplifler and an
adaptation lagle camputed according o the reserve bit with 6 dB multiple gain
accumulatlan strategy. A simple shifter provides the necessary famating ot the
back end.

4222 6dBiable

Multipllers 4-hit 5-bit 4-bit exten. to 5-bit

M1 fo M4 4.8 0.85 0.8
M5 1.2 0.85 0.8
Mé 1.6 0.85 0.8
M7 2.0 0.85 0.8
MB 24 0.85 0.8
M9 - 1.2 1.2
MI10 - 1.4 1.2
M1 - 1.6 1.6
M12 - 1.8 1.6
M3 - 2.0 20
Mi4 - 22 2.0
M15 - 2.4 2.4
M1é - 2.6 2.4

Table 4.7 : Jayant’s optimal multipiters,
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The odoptation toble used by A, Schoub and ater modified to include the
reserve bt ond to fit finer quonitzer is Issued from N. S. Jayant work.

in his work on odoptive quantization with one word memores. Jayant used
speech signals sompled at 8 kHz. In order fo find the best multipiiers {goin
Increment/decrement] he performed numerous simulotions and table 4.7 shows
the multipllers he oblalned for 4 ond 5 bt quontizers (first ond second column).
The kast column raesults from extending the 4 blt muttipilers to fit @ 5-bit quantizer,

In this oppllcation, a 9 (sign +8) kit quontizer ond speech signol sampled ot 16
kHz ore used. As shown In fable 4.7, simply extending the coarse quontizer
muttipllers value does not resuits in optimal values for finer devices. The question
ot whether the sompling frequency Qffects the toble olso arses. Furthemore,
would Jayant's table stit be useful if signols different ftom speech were to be
converled ?

8ecouse of these questions, f was decided to establish a new methedology to
defina the multipller tobles, The Ideo ks 1o use a poot of Input signols possessing
the same statisficol choractenstics of the ones 10 be convered, ond to
successively simulote different mulfiplier combingtions. The combinotion resulfing
In the converted signal of « best qualiy » Is retained.
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Figure 4.5 ; Multipllers for a 9 bit quanfizer {8-bit magnifude)

For speech Input signols, thiee different tables hove been computed with
volues rasticied to 1.5, 3 and é dB muttiples respectively. The obove figure plots
the new 1.5 ond 6 dB multiplier tobles obtalned using 0 poo! of temale and mole
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speech files sompled at 16 kHz as well as the 1.5 dB reseve bit table pioposed
eoriier. For mare clorty, the new 3 dB toble Is not shown.

Figure 4.6 llustriates a few steps of the procaedure ta abialn the & dB table for a
8 bit quontizer. First, the 256 muttiplters M are set fo 1 (a). The upper half Is then
successively sat to different volues (up to G,J and the value G1 resulting In the
best SEG (quality ciitenq) Is kept (D). The second haif Is then scralled from G, to
G, and again the best one, G,. kept (c). The process goes on os lllustroted, by
successively dividing the working Interval untll each muttiptter vatue has been set
Individually. Table computotions have been performed i Motlab ond the
progrom’s flow diagram s given In the annex at the end of this chopter.

Q) Gailn [dB) b) Goln [¢B}
-"G,.,.' 3 G,.,.,
TI12 G,
+6 16
M, -6 Mase M, T-6 Mo
1932 42
--Gm '"Gmln
. | gl s
+2 —-12
T6 -6
M M
MI G, i M] -5 —
412 —12
= pm G
e) 1c f] 1
— —-]2 r ‘|2
+6 6
MI - —{e— —--I'\AEQ M] oy Mm
-+-12 ———— -+-12 ——
--Gm —_— _J-Gm

Figure 4.6 : First steps of search of best multipllers comblnation for 8 bit
quontizer

Test signals have been corwerfed. As n the former section, 1.5 dB ond 3 dB
muliiple step values oie accumulated and changes braught to effect ance 6 db
muliiples ore obtoined. When the 6 dB toble is used, no accumulofion is
performed and chonges accur at each Beration. Compored to former SEG
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results, the new 1.5 dB table provides slightly better values (= +2 dB) whils lower
anes (= -2 dB} ore obialinad with the 3 ond 6 dB tables. These SEG diferences gre
not significont and informal listening tests showed no perceived difference | This I
a fundomentai esult since It Implles that the 4 dB table con be used achleving
drastically simpilfied implementation without ioss af percetved quaitty t

A second sciution o convert oudio signols Is thus proposed. It Is simitar to the
first one (end of 4.2.2.1) though the adoptalion strategy Is much simpiified.

423 ideal characteristics

The previous secfions defined two feed-back flooting point converers well
sufted far audio applications which differ by thelr adoptation strategy. Both have
0 9-bit quantizer, ¢ 7 goin value (0 to 36 dB) cantrolled amplifier ond a shifter at
the back end. The first uses o 1.5 dB reserve bit adoptofion with accumulation,
where changes are brought to effect when multiples of 6 dB ore obtoined. The
second directly uses 0 6 dB table.

ideat transfer function os well as frequency respense have been simulated for
both canverers. Results are very simfior and only the ones obioined with the first
sclution {resewve bif and accumuiction) aie shown below.

ampiitude [dB]
5

&
=3

-0

40 i

-900 1000 2000 3000 4000 5000 6000 7000 8000

frequanzy [Hz]

Figure 4.7 | Frequency response fo a full scale 300 Hz sine wove.

The frequency response to a full scale 300 Hz sinusoldal input sampled ot 16.4
kHz Is shawn In figure 4.8. The specthial ines at 900, 1500, 2100, efc. Hz (even
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harmarnics) are pon‘lcmorry well marked. The fallowing Ideol characteristics (see
2.1.8 far definitian) are obtclned

THD=-61.1 cB SNR=56.2 cB
PHD=-73.3 dB SINAD=55 dB

Piotting the transfer and emor functian aver the whale Input range daes not
property Nusticte the floating point converter characterlstics. Portial plots, which
have been zoomed are wsed. Small Input signals are used an the left side of
figure 4.8. The highest galn is thus applled and the quantizatian errar is 27 L.e, %
LSB of the maximum resolution. On the rght side, targe signals are used. The

applled gain is 1 ond the madmum ernor comesponds to /2 LSB af a 9-bit
quantizes.

g §0.73
g3 2
= 0 0.72
£
3
£2 2 0.71
g =
s Q
<1 0.7
1 2 3 Q7 071 072 073
input signal [e-3] input signat
Cc.5
2
1 0 Z 0
£ E
7] D
2t
05 -
1 2 3 07 071 472 073
input signai [e-3] input signal

Figure 4.8 : ideal fransfer funciion and quantization error.

From naw an, far the sake aof simpliclly, enhanced feed back conversian [ar
converteis) wil be referred as feed back Enhanced will be added anly when
confusian with A, Schaub original cancet can orse.
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4.3  FEED FORWARD CONVERSION

As mentioned at the beginning of the chapter, feed tarward adaptation uses
the Input sample. an which the scaling Is then applled, to evaluate the scaling
factar, The maln advantage of feed faward conversian is that it can be applled
fa nan predictable signals. One possible Implementatian |5 10 use two coarse
quantizers ¢s shown In figure 4.9,

Analag
ot e sorse Adaptation
| Quant. #1 Logic
C lled Coarse

Quant, #2

Figure 4.9 ; Feed farward floating point ADC Implernentation

In feed farward convearsian, the gain vatue Is camputed so that the amplified
signal fits exactly the second coarse quantizer. Thus s whole resoiutian Is used
and na overflows occur. As a result, better SEG and $_SNR volues are abtolned.
This meons that the ske of the secand quantizer can be reduced and the
number of gain values as weal as the size of the first quontizer accordingly
Increased (fa keep the requlred dynamic range).

Issuing canclusions about power cansumption I8 not stalighttorward. Pawer
cansumptian in quantizer Is prapordianal to the square of the number of
canverted bits. Cleary, comparing n blts and m galn feed foward and feed
back salutlans results In considerable less powsr far the lotter [one quontizer
instead of twa), Nevertheless, as mentioned, feed forward uses smaller quantizers,
Thus, In paticuior stuations (see section 4.4), the feed faword implementation
¢an be more efficlent fram a power cansumptian polnt of view,

4.3.1 Feed forward conversion for oudio signais

The feed back converter designed in the previous chopter required o 9-it
quantizer. The odoptatian Hed to it the input signal into the seven L5B's whils the
two MSB's were provided ta avald averflows. In feed forward adaptation, a 7 bit
quantizer shauld thus be sufficlent. As shawn In {able 4.8, this s frue far full scale
slignals. Ong more bit Is required to reach excatant quallty with -30 dB speech
signals.
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. -30 dB . .FUll sCale
blts in #2 SEG 8 SNR SEG S SNR
1] 21.0 28.1 N 36.4 37.6 N
7 26.9 43.0N 42.3 43.6 E
5] 33.3 403 E 48.3 49.6 E
9 39.9 456.3 E 54.0 5567 E

Toble 4.8 : Feed forward meosurerments

The feed faward convenrer far audic applications uses o 7-bit #1 quantizer, a

7 volue contrglled galn and a 8 bit #2 quantizer, resulting In o dynomic range of
14 bits.

43.2 ldeal characteristics :

The frequency respanse of the above canverder fo a full scale 300 Hz
shnusoidal input sampled at 16.4 kHz was simulated.

0

-10

amplitude [dB]

a 1000 2000 3000 4000 5000 6000 7000 8000
frequency [Hz]

Figure 4.10 : Frequency response to a full scale 300 Hz sine wave
The follawing ideal characteristics were abtained
THD=-72.1 dB SNR=55.9 dB

PHD==-70.9 B SINAD=54.4 dB
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chaptar 4. Floating-point conversion

Compared fa figure 4.7, the spectal distrbution is mare uniform and na
harmonics are clearly visible. As a result higher THD and PHD values are obtalned.
On the other hand, the medn magnitude of all the spectal lnes but the
fundamental are higher. This 1§ due to the 8-bit coarse quantizer (9-bit far the
feed-back floaling polnt salution) and resutts In lower SNR and SINAD values.

Portiol plots, which have been zoomad, of the fransfer function for the oudia
feed forward canverter are given In figure 4.11. Far small signals (leff), the enor Is
2 while for bigger anes i Is a half LS8 of a 8-blt quantizer,

s B0.73
83 L
2 9072
» £
g2 €071
g 8
31 0.7
1 2 3 07 071 072 Q.73
input signai [e-3] input signal
4
0.5
I 3
= 0 i So
£ g
G ® 5
0.5
-4
1 2 3 07 071 072 073
Input signal [e-3] input signal

Figure 4.11 : Ideal transfer function ond error

4.4 FLOATING POINT CONVERSION FOR NON AUDIO SIGNALS

The use of feed faward or feed bock conversian entirely depends on the data
to be canverded. Indeed, since feed back canverslon works by prediciing the
next Input sample, a ceraln « carelatian » must exist between adjacent

samples. Mare precisely, the diferonce between adjocent samples must be
reqsonably predictable.

One Interesting measure Is ta compute the probablity that the difference
between two somplas falls within a given Interval. A cambinatian of high

62



chapter 4. Floatingpoint corversion

probablity and srall interval is deslred for any signal ta ba feed-tback canvered,
Such a measurement has been perfamed on varous signals and resutts are
given In table 4.9.

type sampling frequency difterence Interval prababillity
male speech 16 KHz + 1/64 0.94
classic music 16 KHz T 1/64 0.5
POp music 16 KHz T 1/64 0.41
pseudo-rangom 16 KHz + 1/64 0.035
180 Hz sine 100 KHz x 17100 0.7

Tabie 4.9 ; Difference stafisfic for varlous signals

hese resulls con drasically change depending an the sampling frequency
andfor difteience Interval. The Inter-sample statistic must thus be thoraughly
investigated.

ype quantizer #1 | quantzer #2 | contral. gain () (o]
[bif] [bif] [# of gain] [dissipation [pwW]
(W] (W] {pw)
feed farward 7 9 7 69
i5 24 20
feed back - 10 7 50
Dl 30 20
feed back - 13 7 70
pl=>p2 50 20

Table 4.10 : Estimated powser consumpfion comparison

There 5 no cloar IMit on the minimum prabablity and maxdimum  intervat
sultable for feed back convearsion. It depends entirely on the opplication and its
= quadlity citenda =, Neverthsless, as the probablily decredses and/or the Inferval
increases, to ensure ¢ minimum given quallty, the skze ot the caase quantizer
must increqse. At a certaln point, I wil be mare efficient, from a power
cansumption polnt of view, ta use feed forward converslon. This is shown In table
430 far a hypothetical canverter with a required resolution aof ¢ bits and g
minimum dynamic range af 15 bits. First a feed forward solution is considered. A
9-bit #2 quantizer and a 7 value controllied gain are used. A 7-bit quantizer #1 Is
thus required. The second salufion Is sulted for signals with extremely good inter-
sample camelatian (p1) thus anly 10 bits are sufficlent for the caarse quantizer. In
the third salufion, a poor Inter-somple conelation Is assumed (P2 < <pl), thus a
very large quantizer is required to compensate the mediocre "predicabllity”.
Powet consurmption are raugh estmations.
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Feed faward converer speclficotion Is simple: the size of the second
quanilzer Is defined by the deslred resolutian and the first quantizer, os well as the
number af gain values In the cantrolled gain, Is then set ta safisty the dynamic
range canstraints,

For feed back conversion the major problem & 1o elobasate on appiopriate
odaptation stategy. This Includes the adaptatian table as well as the number af
gain values in the contralled galn and number of bits In the coarse quantlzer, The
methodology praposed In sectlon 4.2.2.1 can be applied. The « better quollty »
ciiterla hawever must be redefined accarding ta the cansidered applicatian.

Fiam o thearetical poini af view, the fioating point canversion could be
extended indefinitely. Implemeniation issues, such as minimum nolse level far o
given technalogy. wil hawever Imif the maximum resalution, ar far o given
resalutian, the maximum dynamic range.

4.5 DESIGN CONSIDERATIONS

The feed back fioating point convarter Is made af faur modules : cantral lagie,
adaptation loglc, coase quantizer and cantralled gain, The feed foward
canverter has an exira coarse quantizer.

Since canfral and edoptation logic are implemented In the diglial darmaln, a
pettect « ransiation » of the adaptation stategy con be abtained. The matter Is
different with the analog blocks. In porticular, the contralied galn is cifical ta the
overnall perfarmonce af the system. If the galn volues ore nat exoct 6 dB multiples,
reconstruction at the back end is disturbed. The shiffer provides exact divislan by
2, 4, B etc. ond distartians will occur.

In the case of audia teed back canverters, simulations of nan-ideal controdled
omplifiers were performed. Flist, a Inearity emar was Infroduced. In ather wards, oll
the gain values were unifarmiy mutiiplled by an enar factor, The percelved qualty
was nat degraded even with gain emars of up ta 50%. Hawever, the loudness
peiceptian was modifled, A sacond sei of simulafions, with nan-inear enars
(sarme gain values are muttiplied by the erar factar while others are divided) was
perarmed. A degiadation of percalved quallty cauld be heard for erar factars
higher then 2%. The frequency response os well as computed characterstics af
such o non ldeal converer, with an emar factar of 1% are given In figure 4.12 and
belaw. As expected, compared to the Ideal salution {sectian 4.2.3) o
degradatian of the charactenstic Is abtained.
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THD=-59.7 db SNR=55.9 ab

PHD=-66.6 dB SINAD=54.4 db

amplitude {dB]

wlb A L L |

0 1000 2000 3000 4000 5000 600G 7000 BOCO
frequency [H]

Figure 4.12 . Frequency response of non idedl feed back floating point
converter

4.6 CONVERTERS FOR AUDIO APPLICATIONS : SUMMARY

In this chapter three flocting point converters for cudio opplications hove been
definad, They oll teature the some percelved quoiity.

The averall pertoimonce of the converters Is given by two cilticol elements :
the caarse quantizers and the controlled amplifiers. The linecrity eror af the lotter

Is not sa significant, though the galn volue disperstan s cifical and should be
smaller then 1%.

4.6 Feed back reserve-bit converter :
This converter is based an the feed bock conversian principle. it uses o 9-bit

coarse quantizer and o 7 goin value contolled amplifier. The adaptation logic Is
pertarmead accarding o a modified 1.5 dB Increment / decrement step table
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[praviding margin against averfiaw). The gain settings are braught ta effect anly
when they have accumuiated ta multiples of 6 dB.

4.6.2 Feed back 6 dB converter :

As In the previous canverer a 9-bit coase quantizer and a 7 gain value
canfoiled amplifier are used. The feed back adaptation logic s based ona 6 ¢B
incremeant / decrement table obiained thiough simulations with a pool of Input
signails.

4.6.3 Feed forward convetter :

This convertet s based on the feed forward conversion prnciple. it uses an 8-bkt
coarse quantzer, a 7 gain vaiue confiolled amplitier and thus a 7-bit quantizer for
the gain adapiation.
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4.8 ANNEX

Flow diagram of Matiab program for multipliers research isee sectian 4.2.2.2).
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chapter 5. Micro power RSD converters

5 « Micro power RSD converters

The Redundont Signed Digit [RSD) non-obsolute fineor corwverter has been
developed by Alexandre Heubi from iMT, A close ook to the quantizafion
stops olong the dynamic ronge shows that this comverter features o
mixed charoctorlstic. Indeed, the charocferistic is obsolute except at
certaln Input fevels where @ « burst » ocours ond the quantization step

gais blgger.

This converter ks extramely well suffed fo oudlio applications: it has o
small size and features an ulfro low power consumption, # I8 thus @
pertact for comparsan with the floating point devices.

For dynornic rangses smalter or equal fo 10 bifs, the A. Heubl corwverfer
actually features on absalute charocteristic. The concept con thus be
usad to implament the coorse quontizerfs] in the floating point
realizations defined in the previous chopter.

The mixed RSD convartar prasents the ocvantoge that it con be dightally
corrected 1o result in absolule devices. in connaction with s PhD, the
design, implermentation and fast of o 14-bit obsoiute RSD corvarfer was
thus periormed. Compared to the non-absofute device, the obsoiute
convertar features a bigger die size (because of the correction
digorithm), howaver, by opfimizing the digital supply volfage, the power
consumption Is ket low.

The 14-bit ahsciute RSD corverter Is useful fo draw conciusions about
extended (higher dynomic ronge ondior resoiution) floafing point
reaiizations os discussed of the end of chapfer 6.
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The finasse of the converter imptementad by A. Heubl, which resufts in micro
pawer consumption, Is covered by the patent enfitted "Dispostiit de fraitement
numerique d'un signal ancliogiaue devant etie 1estitug sous forme aonalogique”.
ragistered at the ™institul Nationoi de la Propriete indushefle™ (Parts, France) with
number 95 10 174 ond dated 29 August 1995. The patent belongs ta the
Unhversity of Neuchatel,

No electical schemes are discussed here, howaver, the RSD aigorthm s
described and A, Heubi implementation resuits presentad. The interested readter
might want ta consult [Heubh9é)

Section 5.1 deals with the mixed RSD converier while sectian 5.2 presents iis
14-bit absolute version.

5.1 A HEUBI'S CONVERTER [HEUB94)

As exploined in 2.2.5, conventionoi cyclic converers require extremely precise
camparatars (Inaccuracy smaller then a half 15B). This Is to ensure that the analog
Input s coded into the corect digital word., If the comparator is not precise
enough, the comparison resutt 's wiong and all the subsegquent bits ale emoneouws
as well,

Ginetll {GinB8) proposed to use the Redundont Signed Digit (RSD) cyclic
successive approximation olgadthm shawn in figure 5.1, In this cose, the
infermediate valtage Vx 15 not compared to J kut to both @ negative (-vth) and
postive (vih) threshold value. Three stuations can occur. the Intemediate vottoge
Is either smaller than -vih [rght branch), bigger than Vih (left branch) or between
-Vih and vih (middie). In all three branches, ta abfalin the next Intermediate
voltage. the previous value Is first doubled. Then, In the extemal branches, the
reference valtage is either added or subtracted. This Is to ensure that the resulting
new intermediate voitage value remains within the tVief range. Note that the bits
aie set to etther 0, 1 ar -1, hence a « tematy » ieptesentation.

To tecanstruct the declmai value fram the temary RSD word, each weight [2°,
20, 22, etc.) Is muitipied by the bit value and summed. Becouse a bit can be
negative, a single decimal value can be expressed by vardous RSD words. Far
exampie, an onalog input value ot 0.265625 con be dightolly encoded by [0 1 0
00WVa 1 1000 11a {01001 1] elc.. Hence, even it a comparison eror
accuss and a bit Is wiongly set. the fallowing pits con "campensate” the enar and
the digital word stiit be conect. The design constralnts an the comparators ore
thus drastically simplified and Inoccuocles of up to half v, are tolerated,
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regardiess of the number of_blts. As a resulf, non active archlifectures can be
used which cleary benefiis ihe powsr consumption boloncé.

}
| Vo=V, i=0|

VipVih A W<-Vih
gl

b =1, b =0, b =1,
Vo =2Wiel | | Wkey=2W | | Vo =2V Vet

I T T

j=1+1
izn i<n

\/
Figure 5.1 Cyclic RSD conwersion algorithrn [Gin92)

Alexondre Heubl proposed a very efficient switched capacitor implementation
of the above digorthrm. The input signal is sampled at the beginning of the
conversion cycle ond thus no sample & hold is required. The laige Tolerance
comparators are eglized by simple sttobed cross-Coupled Inveters, The RSD
auiput Is converfed Infa a two's complement representation. The proposed
schemaolic requires one actlive element anly and 3 Identical capactars. iis
advontoges are :

- active element offset gives only a digitol offset (which can be ecslly
compensated If needed).

- switch chorge Injection has the same effect as above.

- octive elemeant saturation causes dightal saturation (no distortion for low level
Input signalss.

5.1.1 Mixed linear characteristic

In tact, because af tlechnological Iimitations, the proposed implementation
does not perfectly fansiate the algonthm of figure 5.1: because of capacitor
mismatch the doubling os wel as the vollage refelence (viel)
addition/subbtroction 1s not perdect. This Is worsened by the fact that the active
element only features a Imied DC goln. As a result, the convener prasents g
nan-absolute characieristic,
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Stafic meosurements have naver been perfonmed, howevear A, Heuol was oble
o determing thot ot sorme pariculor Input amplifude only, the quantization emor
wos mcre than a holt LSB. One can thus closslfy this carverter In the mixed lineor
cotegory.

It shoutd be stressed that this mixed behavior only appears In devices feoturing
more than 10-bit dynomic range. Indeed far a given supply voftage, the LSB level
Is much higher in a 10-bit device ihon In a 14-bit one and hence bigger enors
[due to non ideol doublng, voltage refetence sauice, vollage reference
addiionfsublraction et¢.) con be talerated without offecting any of the converter
bits. This means that the schemotic proposed by A, Heubl can be reused for the
¢ bt coarse quantizer of the floating polnt canverter detined In the previous
chapter. A redesign s nevertheless rmondatory to optimize the capacitor slzes as
well os the transistors ond curent source to ensure minimol power consumption,

5.1.2 implementation and test

The clrcutt was Implemented by A, Heubil in the ALP2 LV double metal, double
paly, 2 um CMOS technology from EM Microslechianic Marn SA In Switzedand.
The onalog part Is full custom layaut while the digitol part Is reallzed using
CSEL_LIB, o low power standord cell library developad ot CSEM SA, Neuchétel,
Swizeiond. Addilonal components, In pariculor a D/A with the same relotive
precision as the A/D and a f1ack and hold, have been added 1o the test chicul,
Two signols nomely «ck» and «sync» ore used to control the sampling
frequency ond the number of bits as shown In figure 5.2, This clrcult ls thoroughly
presented In [Heu?6),

vad

AN ——=ADC DAC w — Aout
Agnd—

Vss — } 1

Syne Control MSB first 1o Sout
Ck Logic LSB first

Sn ———3

Figure 5.2 : Block dlogram of A. Heubls chip.]
The whole clrcult hos an area of 4 mm? {Including pods) ond o cole of obout

0.8 mm’. The analog part of the AD (top left of figure 5.3) s only 0,06 mm?
including the polarlzation circull. The top por is the A/D, D/A and Track & Hold.
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l.e. control loglc and output reglister.

The very dense port, in the iower sectlon of the chip, groups the dightoi functions

Figure 5.3 : Layout of A, Heubl's converter

The clrcult hos been tested on o PC based environment equipped with a dofa
acguisition card from Notional Instuments (AT-MIC-14E-1) diiven with the LobVIEW
soffware. The meosured power consumption ot = 1.2 V power supply ond 16 kHz
sompilng frequency was:

13 pA for the A/D converter {31 uw)

32 uA for the D/A converter and the frack & hold clrcult (75 LwW)

7 pA for the loglc part (17 tW)

125 pW fotol power dissipotion

< 1 yA In stand-by mode
The frequency esponse to a -25 dB below full scole ¥ kHz sinusoldal nput

sampled ot 16 kHz and with = 1.2 V power supply Is shawn In figure 5.4. A DC
component Is Cleory visibie as well s a few homonics.
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Figure 5.4 : Frequency response of A. Heubi's converter

The measurements of the Totol Homonlc Distortion (THD) os well as THD + noise
which Is equivoient In magnifude ta the dynomic SNR (see equotions 2.1 ond 2.2,
section 2.1.5) Is portlcuioty interesting. Figure 5.5 show the THD [lower) ond
THD+nolse (higher) values for input 1 kHz sine waves with omplitude of 0 to -80 dB
below full scale, hence coverlng the most of the idedt dynomic ronge The curves
feature a unity slope up to about -30/-25 dB. This means that the conveder
feahures an obsolute behavior over gpploximately 60 dB of dynomic ronge. A
saturgfion ot about 60 dB SNR occurs for loiger nput levels and the behavior
moves to a non-obsoiute choracterstic.

Al
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. s I
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an /
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20 ./{
A \
e AN T
. e
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- ]
e -rL -ras -0 -lLl -sL 220 -430 400 -FS0 -W -TL0 -T2 .»L BT )

Figure 5.5 | THD and THD+nolse versus input signal leve!
Noise floor measurements have also been performed. They showed thot o

dynomic ronge of 82.5 dB (13.75 bits) is reached at + 1.25 V white 86,1 dB (14.35
bits) can be obtained ot £2.25V,
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5.2 14-BiT ABSOLUTE RSD CONVERTER Y

As mentianed In the previous section A, Heubl's converter piesents a nan-
absalute characterstic due ta fechnology senstivity. In fact, the <redls [of
implemented) algarittum can be expressed as In figure 5.6, Compared ta figure
5.1, the perfact daubling Is replaced by 2+e, where e expresses the erar caming
both fram capacitor matching and finlte amgplifier gain. The additionysubtraction
of the reference voltage now becomes H1+pjvref and agoln f§ expresses the
enor caming both fram capacttor matching and finfte amplifier galn. Figure 5.6
ossumes that the reference vattage Is stoble (precislon greater then that of the
canverter). If It wasn't the case, the left and rght branch should be madified fa
show {1 +B)(Vref+3). Finally, an cffset valtage ¢ Is added fa the Input.

l

Vxp =¢+V,, [=0]

VxaVih /\ Vix<-vth
b=1, b =0, b =-1,
Vi, =2+ €)VX- Vi =(2HeVK [ | VG, =(2+ eV +
(14+B)vref (1+B)vref
I I
i=f+1
lzn l<n
v

Figure 5.6 : Implernented cycilc RSD algorithm

From Ftgure 5.6, ane sess that the doubling enar offects all three branches,
while the addition/subtrioction of the reference valtage offects only the extemnal
ane. This means that If the Input value is such that the algorihm spends mast of
the time in the middie branch, the oddition/subiraction will only stightly affect the
results. On the contrary, if mast of the time ks spent In the extemol bronches. this
aror really becomes signiftcant.

According 1o figure 5.6, ta compute the conect dighol output mognitude
equotion 5.1 must be used:

n=1
DIG_out = (1+B)- 3. b,(2+€)”
=0 5 1

75



chapter 5. Micro power RSD corvarters

Indesd. because of the non Ideol doubling factor, each bit computed by the
Implemented RSD olgorthm has a reol weight of (2+€)° [GIneBB), In the idex
cose, this welght would be 2 and a = base transiation » has occured. On the
other hand, the addiion/subtraction emor results In a (1 4] scaling of the bits,

Since £ ks faily smoll (<0.4 %), (2+¢€)" can be expressed by the two fiist terms af
its Talor development, as In equation 5.2.

(2+€)” _yiy it

2”1 5I2
Thus ;
(2+€® =1
2+ =1/2-¢/4
(2+€)2=1/4-2%/8=1/2.(1/2-¢/4)-¢/8
5.3

-[-n

e =B >

From equoitans §.1 ond 5.3, doubling and oddition/subtraction enors are
comected by the olgordthm of figure 5.7 where by, are the bits computed by the
non absolute RES converter (A. Heubl converfer). Reglster #1 Is nittallzed (ot each
conversion beginning} at 1+p and register #2 at &/2. If necessory, register #3 con
be infticlized ot the proper value fo ensure offset compensation. The olgorthm
directly performs the RSD (temary) to two's camplement transformation.

rﬂegtstef#l || Raglsfer#ZJ

Canected
cutput

Register #3

Figure 5.7 : Correction olgorithm
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Using B and e volues of 0.4 % (moximum mismatch for ALPT or ALP2),
simulatian showed that a 17 bit decimal datapaih & necessary and results In on
average absolute erar af 0.4 LS8. The maximurn enar is 1 LSB with © probabillity of
0.05 %.

The magjor remoining problem Is to praperly measure e, § ond ¢ volues.
Assurning these values ore avoiioble. the olgorithm ot figure 5.7 successfully
transforms the mixed inear RSD converer Into an obsolute device.

52.1 Implementation

Bofore starting the design process, the callbration strotegy must be defined.
One solutlan ks ta measure e, B and ¢ during foundry test and store the values in a
non volatie memeoty. It Is nevenheless simpler to perdfarm the colloration at ecch
power up and to locally store the measured volues on the device (5.2.1.1}.

The converer has been designed in ALP1, the low voltoge, Tum. 2 poly, 2
metol CMOS technology fiom EM Microelecronic-Mordn SA,

5211 Anglogdesign:

The andlog port of the absolute RSD converer Is very simliar 1o that of the
mixed one.

lee In [Lee%3] explains how the e, B and ¢ volues can be measured. Basicolly,
three supplementary swiitthes ond a slightty modified switching contiol ag
required In the callbration phose.

The torgeted perfarmances were 14 bits at + 1,25 V and 146 kHz and anolog
design was done occordingly. However, a final post layout simulation showed
thot ot this supply voltage a dynamic range af anly 13 bilts Is abtained. This Is due
to the OTA Intemnol naise which Is a iitle higher ihon In the fiist transistor level
simulation. However, at £ 1.5V, occording to the post layout simulotion, the
dynamic 1eaches 14 blfs and the power consumptian Incieoses from 36.5 uW to
51 nw.

§21.2 Diglitoldesion
The digital design Includes 3 moln modules (figure 5.8) :
- comection algorithm and the Inttiolization reglisters (CORR)

- digital and andlog confral (AH_CONT, A_TO L, CORR_CONT)
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autput
Figure 5.8 : block diagram of linear RSD converter

Regording the comectign olgonithm jequation 5.3), VHDL code was wiften,
simutated and synthesized within COMPASS, To optimize the orea and power
consumptian, each reglster's slze was minimized and subsequent sign extension
used whenever possible. The moln camponents ore & registers (2 x 20 bits, 2 x 12
bits and 2 x 19 bits), 3 mulfiplexers angd some gates.

The contral module |s made of two moln blocks : the first, A TO_L, uses the
cantal signals genesated by A, Heubl, AH_CONT, for his mixed canverer and
modifies hem o diow pioper measuwement of &, § and ¢, it Is madse of a 3-bit
counter, 2 D filp-flops and several gotes. The second, CORR_CONT genercies the
conectian olgorthm cantol signals (o stareflaod e, f ond ¢. ciock the registers,
etc.).

The autput block allows the users to chose between © sedal LSB first or MSB first
culput, Futhermare, to be compatible with commercial DSP processors, the
number of output bifs con be set 10 8, 12, 14 or 16, This function must be used in
combination with the « ck » and « sync » signols. it must be strassed that when the
output Is 16 bits, the converter actuolly produces 14 frue blts and two nolsy anes
(L$B and L38-1).

A level shifter betwaen the anolog and dightal parts made |t possitle to un the
digltol port with holf the supply valtage. The simutated power consumption, for
the digitol part, Is thus 8.5 pw at 1,25V,

8213 Fngliqvout:

The fincl ¢chip layout Is given In figure 5.9. The die slze 1s 1.03 by 1.14 mm (1.29
by 1.45 with pods). The expecied totol power cansumplion at 16 kKHz 15 45 uyw at
1.2 Viora 13 bits dynomic and 64 uw ot + 1.5 V for a 14 blis dynamic.
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i
] ;

Figure 5.9 : Layout af 14-bit absolute RSD converter

522 Test

As exploined loter In 7.1, the measurement of a 14 blis resolufian device is
difficuit because of the erwvlronmental noise. Furthermnore, the supply voltoge.,
which is also used as reference vaitage, is only occurote ta 12 bits. This wilt lImit
the measurad perfarmances.

Pawer consumption measurements are given in table 5.1 ond ae In
agreement with the predictions. These somehow = shiange »  sampling
frequencies resutt from the pattem generator used to obtamn the sync and ck
signols,

Sampling frequency Power cansumpiian [uw]
ar+1.25V at+ 1.5V
8.9 kHz 26.1 36,75
17.8 kHz 47.5 65.4

Table 5.1 Medasured pawer cansumption

A secand sef of tests shawed hat the infemal reset at the canverfer copocitors
(pertormed ot the beginning ot each conversion cycle) Is o littie shart to ollow full
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discharge of 16 kHz sompling frequency. As © resut ol the following
meosurements wii be perfomed ot 0 lower sompling frequency. This reset
problem Wil be easlly conmected In o future sedesign by modiying the conhol
slgnals ond will Imply no powsr consumption or die areg Increase.

The nolse floor is given in figura 5.10 for supply voitage of £ Tvio £ 1.53 V.

-73

O.LS 1.!)5 115 1p5 185 1.'35 155

K7y B

-75 2

noiss floor [dB)
a3

‘..

8

supply voltage (v]

Figure 5.10: Noise fiaor measurernent

The nolse floar value at + 1.25 V shows o dynamic of 12.% bits. At + 1.5V, only
13.2 dB gre reached. These vaiues are slightly lower then the prediction of section
4.3 [bosed an postayout simulafions) and gre cerfolnly due fo the reference
valtage Inoccouracy cs well as other enviranmental perturbations (measurement
probes, enalag/dightai coupling etc.).

The tiansfer functian of the canverer was measured ond the Step Over Range
(SOR) s plotted In figura 5.11 where the volues are given In LSB's. For each input
value severol conversions were performed. The SOR values ate not Integers since
they are camputed using the average autput. Because of the enviionmento!
nolse, SOR of about +1 LSB can be consldered as within the meosuiement erior.
Hawever, one sees that for high Input levels the SOR values can get as high, In
magniude. as 4. This meons thot g perfect ineartty of 13 blts is not reached. This
Is due ta the Imprecise refarance voltage. The higher the Input level, the soaner a
reference addiionysubhaction must toke place. An enal occuning durdng this
operation Is then multiplled In all the successive tteratians.

Frorn the obove fest results one con conclude that the power consumption
estimations have been confimed by chip measurements. The dynamic range
could not be sotisfactorlly tested becouse of environmental nolse, However, It
was possible to biing to kght that the callbration phase must be improved in order
o ansure an gbsolute characteristic over 14 bifs.
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Figure 5.11; SOR charactaristic

In splte of g few youthful Indiscretions that could be egslly carected, the
presentad ADC ramoins a voluoble confribution to the development of ulta low
power devices 10 be used In battery operated and ponabie applicatians.
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6. Design of floating point
analog to digital converters

This chapter dascribes the design and implermeantiation, In a low voltage 2
wrn CMOS technology, of floating polrt linear AID corvarters for oudio
signals. Each consiffuent black e, confrolled gain, coarse quantizer,
adaopfation fogic ond controf loglc, are considered seporately.

The advantage and disodvanioge of various elechicol schemes for the
coniralled galn are studled. A simple Inverting arnplifier, which Insures the
required performonce while keeping the power consumption law, s
chosen and the fransistor sizing thoroughly expiained.

Tha caorse quantizer i o 9-bit cbsolute version of Aexandre Heubl
device though Ifs design is not given.

The Implementation of the odapfation lagic is relatively simple: the
adaptation behavior I8 Tirst described In VHDL code, then complied ond
synihesised using o sfondard cell library fram CSEM.

Finally, the control loglc Is simply described by a block dlagram that Is
carmplied and synthesized,

Based on the above desigrs, chip estimafions for both the feed bock
ond teed forward audio A/D converfer are prasentad. The discussion Is
ola exended fa converters featuring higher dynamic ronge ond
resoiution.

To verlty the predictions of chopter 4 and complsie the study of floating polnt
converers, hardware iImplementotions were peromned.

The feed bock reseve bt converter (4.5.1) was implemented In ALP2LY (low
voltoge 2um fechnology from EM Microslectionic-Morn S4). The infegrated
verslon Is enhonced with special feotures to focllitote test ond fo allow adaptation
modifications. Hence, to ¢obialn a feed back 6 dB converter, the adaptation
logic Is simply switched off ond an FPGA progrommed with the 6 dB table Is
cannected. No feed forwaid reallzatian was perfarmed. Nevertheless, the results
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chapter 6. Dasign of Flogting Painf AID convertars

abtained from the feed back Implemantation allow a goad estmation of power
consumption and chip slze.

This chapter Is organkzed as follows. Section &.1 Infroduces the design
methadology. The design of the faur boslc modules (l.e. contiolled ampilifies,
coarse gquantizer, adaptatian loglc, analog and digital contiol) for the reserve bit
converter Is detalled In sections 6.2 1o 6.5 and the resutting chip presented In 6.6.
Realzatian of the 6 dB adaptation logic Is explained In section 6.7 while feed
farward chip skze and power consumption are estmated In 6.8. Finally, 6.9
discusses the problems and solutions for the design of a madmum dynamic
range devica, which cauld be used for non-audio applications.

6.1  DESIGN METHODOLOGY

At IMT, mixed-mode ASICS ore dasigned using the below methedology:

Anaiog) function Digital functions
Pen and paper VHDL capture
study (scheme,
MOSske ...)
1 Synthesls .
Standard cels || SChematic capture
Simulation based, COMPASS) | |Stan, Cells, COMPASS)
(ELDO from 1 1
ANACAQ)
Simulation
(COMPASS)
OK <1\
Hand iayout ok Y~
(COMPASS) .
1 interconnection, pods
Neflist exiract setfings... (COMPASS)
(COMPASS) 1
l Finai iayout (floor plan,
simulofion routing, ...COMPASS)
(ELDO) |
To foundry
-
OK .

Figure 6.1: Design methodology
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The anoclog blocks or functions are fiist descibed with equatlons whose
solufions give the various wrahsistors sizes. The functions are fhen simutated using a
SPICE type simulator nomed ELDO from ANACAD. As mentioned, these
simuiations imperatively require accurate models such as EKV anes. Once
satisfactory schematics are obtalined, hand layout (COMPASS) can take place.
Netilsts are extracted ond a lost SPICE simulation ensures thol the anaiog
functions (or blocks) ae recdy.

The dightal funcilons are efther described In VHDL and camplled (COMPASS)
using o standard cells library (typlcally CSEL_LIB) or direcily capiured In a block
ciagram (COMPASS) of standard gates and basic blocks, Proper behavior Is
veiifled thraugh simulatian,

The dighal and analog blocks ore then Interconnected, flaor plan established,
pods defined, efc. to result In the final layout. Normally af this polint, o final mixed
made simulation should toke place. Unfoiunately, this Is not possible with IMT's
preseni Infrastructure ond consequently the chip connot be thoroughly verifled.

As far as the FPGA Is concemed, a VHDL desciiption was fiist performed.
Simulation and synthesls fook ploce within SYNOPSYS and this produced a netllst,
The latter was fed ta dedicoted software, which Implements the digital function
on a fargeted FPGA.

6.2 CONTROLLED AMPLIFIER

To abtain the design canstraints for the conticled ampliiler, the following
aspects must be considered.

[l Goln values : as exploined in chapter 4, the controlled amplifier must provide
a selectable amplfication factor of 1, 2, 4, 8, 14, 32, 64,

li} Input nolse leyvel ; the input nolse level must ensura that for any galn volue,
the output nolse leve! Is sufficiently small. A value of one holt LS8 s
targetad.

MOS8,y = Vigg 05:2°  noise,, ., = NOISE,, . 164
(6.1)

fil_Schedulng: depending on the chosen method (with or without pre-
sampling), the time frome to perform the amplification & 1/16000 or
5/(16000*2*8) (see section 6.2.5 and figure 6.14).
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v} Power supply and dyngmic fange ; typlcal supply valfage Is £1.3 V. Input
signals hove a dynamic rangs close to wia-ral and @ simillor
characterstic is desired far the autput signats.

The vorous consldered schemes can be clossified In 3 main categorles .
capaciior network, swliiched copocltor and  Integrating. Thelr  respective
advoniages and disadvantages are discussed, taking Inta account same infrinsic
Imfiatians.

6.2.1 Limitations

All the presented analog schemes are mads af OTAs, capacitars and swifches
which all Intraduce sams Imitations

Z,

out

r

Figure 6.2: Inverting schaeme

Let us canslder a simple Inverting scheme with feed back Impedance Z,, and
anather Impedance cannected to the inverfing OTA Input Z,, In the Ideol cose,
the OTA Is assumsed to have an infinite gain and the triansfer functian ks given by
equatian 6.2.0. Hawsver, when a finte gain A is considered, the functian
becames 6.2.b. An enar is thus infroduced and one shauld make sure Its effect
daes not Impalr the final desled rasults.

1
PV VALZ N2, A 62)

d oulfin=-2,/Z, b oulfin=-2 ,b/ z

Becouse of the way they are Implemented ideo! copachors are always
sunaunded by parasttic copachors. An extremely simplified view of a polyl-poly2
capacitar Is given In figure 6.3, As llustrated, the Ideal capachor Is defined by the
two poly slectrodes while palyl fa substiate and poly2 to substrate form the
porasitic anes. C,,, and C,,, ore about ane twentieth af C,,.

As far as switches ars cancemed, ane must be careful that the “on” resistance
(Ren) and clock feed through (see 3.2.3) da not couses undesirable effects.
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C, - Cy

- l‘:gllgtf)r % —- ?I__E
Co

— Poly 1 T
c

Ca substrate ot

Figure 6.3: Simplifled view of poly-poly copacitor

For each proposed schems, the effects of fintle gain, parasitic capacitors and
Ron will be evoluated. The clock feed through effect os well as other non Ideal
behavior will only be discussed for the implemented solution,

6.2.2 Capacltors network schemes

2 raf

This scheme Is ona of the smplest. it consists ot o simple Inverting amplifler
scheme where the fotal ampfification s set by properly switching §, to §;. The §;
switch is used to feset the system. Such a structure uses a single active element,
which is clearly G bensflt frorn G power consumption paint of view.

Srs

I 57

=%+ <2
—~—— Cv/4
—~—— ci8
———— ci16
—~—— ci32
= ciea

s
==+ ci/ea

T
-

Figure 6.4 inverting ampiffier with paraliel capacifors nefwork

The particular switch configuration of figure 6.4 resulis In amplification by 2. To
obtaln g unity goin, all the teed back copacliors must be used In paraliel.
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The effect of Imited OTA gain Is net dramatic, indeed, with & finfle galn of 60
dl, equation 6.2.b for amplfication (oulin) smaller of equol fo 64 fesults In a
close to Ineor characterstic with a 93.8% slope. The limited gain thus produces a
Ineqrdty emer of 6.2%. As explained in section 4.4, this Is tolerable for the audio
converters.

Let us conslder that all the swiiches have the same slze. The effect of the on
reslstanceas R, Is to slightty medity the transfer function as In egquation 6.3, where
the OTA gain ks idedl [infinfte). The woist case is when v=38000 {input signal highest
frequency) and to be disregarded, R, must be definltely smaller than éx10°,

out_ G 2Ry G201
in ~ WG 2m-u)+R,, T WG -2nv) (6.3)

A modified scheme, Including the paraslic capacltors, Is given in figure 6.5. In
the Ideal case {Infinfte gain, no OTA offset), the tansfer function Is nar modified
and is still fwo, Nevertheless, C,, and C, are axfra loads, which slow down the
charge on C, and C,/2.

C,/2

CDJ_ | l

c, —_l— c";l.—

—|_ | _I_ - — out
CTeTl

Figure 6.5: Pargsific capacitars in fnverting scheme

In

The abova parallel capachor scheme relles on capactor raflos ond is thus
particulary sensitive to capacltor maiching. Nomaly, for two  identical
capacihors, matching values af about 0.2% are obfained, atthough the qualiy
does drop down when different capachars values ore used. In the considered
structure, the warst cose arses for the Ideal gain value aof 64 ond the capacity
mismatch provekes a madmum gain value error of 1.8%. This is within the
tolerance of seclion 4.4, haowever it s worhwhile analyzing other schemes that
might resuft In less sensitvity to martching problems.
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6222 3Jeddl capagltors s

Ta reduce the matching problem Idenfical capactiars should be used. One
sclution Is presentad In tigure 6.6 where the feed back capacitars are seral and
the deslied gain value Is abtalned by proper switching af §,.

Sis
S

C
in __."_ >
J._+

Figure 6.6: Serlal capacitor scheme

— qaut

Lef us assume a galn af two Is deslied and S, Is clased. Figure 6.7 shows the
ldeal (fap] ond real {pbottam) schemes and thelr equivalent single capactar
clrcults. The real equivalent capacitar Is thus 1.909. Since a unily capagcitar is
used at the front end a real amplification galn value at 1.909 is reached,

—— ot —f— ou

-
c cC ideal /2

— aut —i— out
—J- c —r C*1.1/2.1
C/20[ real

Figure 6.7 Parasitic copocifors in serial scheme

C"_"=

Far a desired gain of 4, parasitic capacitars actually Imit the real vaiue 1o
3.065. The sltuctian gets worse with a deslred amplificatian value of 64: the eal
gain value 1s only 3.7011 The effect of the parasttic capachars Is thus dramatic
and schemes using serlal capachars shauld thus be aveided.

Anather disadvantage af an identicat capaclitar scheme is the huge resuling
area (65 capaciiors).
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622 rallel ca I

A way ta lighten the matching problem of 6.2.2.1 while keeping a reasonakle
area Is 1o have a paraliel network ot both the Input and fead back paints. As
result the ratlo between the blggest and smallast capacitar Is reducad 10 16
{instecd af 64},

SE'_H S

B

——~—c, . C/16
—oe He— e
—‘-“L"_H_Cl —-"——r-s—""r-- c,

S I ~
]

ﬁh'.l out
s{ ° I

Figure 6.8: inverfing armpiiffer with 2 parallel copocifors networks

In

The effects of imited OTA gain and an esistance at the switches are Idantical
fa those explained In 6.2.2.1. Agaln, the parasitic capacttars anly cantribute to
slowing dawn the lood charactedstic, The effect might be more pranounced
bacaouse of the bigger parasttic Input and/ar feed back capaciiance,

The main draw back of this schamae Is that the OTA load Is larger (campared to
the schame of 6.2,2.1). This means that ta malntain the slew-rate perfarmance,
a higher curent must be used In the OTA, which results Inta higher power
cansumptlon.

6.2.3 Switched capacitor schemes
c €I

s

f,

in —

aut
C

I
Figure 6.9: Switched copaocitors solution

The idea Is ta use an Inverting amplifler with switched capachors instead of
resistors. The amplificatian gain Is then set by the switching ratio t/4,. This seems

o0



chapter 6. Design of Flogting Polrt AID Corverters

particulory interesting since preclse clock divislon can be performed In the digitol
domoln ond only two identicol copaciors ore requlred.

. Such a scheme Is neverheless not feosible | Indeed, the instantaneous

behavior of the switched capaclior Is not equivalent to that of a resistor. As a
fesult, becouse of the switched capacttor In the feed bock loop, the cbove
clricutt Is completely unstable!

6.2.4 Integrating schemes

624, Simple integrator

The simple integrator scheme uses o fime duration variotion (Interval 1 duing
which the Input switch Is closed) to contiol the omplification gain.

I

I

n
R
-

Figure 6.10: Simple infegrating sofution

out

Assuming the Input Is stoble, the tronsfer function Is given by equotion 6.4,

out t

n " RC 6.4

To obtain the proper goln voluas equation &.5 must ke sotisfled. Ideolly “Cst”
should be 1. If onother value, for exompie a multiple of 2, was used, proper
honding at the back end would be required. The main limitotion of such a
scheme ks cieary the poor obsolute precision of such on RC product (typically
40% 1). To overcome the problem, a switched capaciior can be used Instead of
the resistor.

t=th2t4t 87,64t 1/RC=Cst
(6.5)

Assuming the maximum Infegration time (for ¢ &4 goln value) Is os long os 1/s
(fs=16000), T bacomes 1/fs/64, that is about 970 ns. This Is olso the minimum
Interval during which the Input switch con be closed (for a 1 goin value). The nput
copochor must thus be switched at o frequency a tot higher then 1/z (fypicolly 20-

o1
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50 MHz). Such ¢ solution results In dellcate design constalnts on the OTA ond
anclog switches. Futhermore, the porasiic copaclions tend to degrode the
overall performance [Degr?d]. More complex Integrotor schemes, insenstiive to
the parasitic capacltor, exist though they require on extid octive element ond
thus result in nigher powet consumpiion.

6.2.4.2_  Inteqiation by chaige fransfer

In the schernea of figure 6.11, sach fime the switch performs one full cycle, the
input voltage Is ransferred to the feed back copachor. Hence, the number of
switch cycles defines the global amplificotion galn between Input and output.

qli‘z

out

Figure 6.11: Charge transfer scheme

Assuming a symmetical clock ck, the same amount of ime is provided 1o
lood the Input on C, ond fo tronsfer the chorge to C,. If C, Is idenficol to C,, 64
cycles are necessory In he worst cose amplificalion and thus the minimum ctock
frequency Is o Itle mere than 1 MHz. Another solutfon is to use C,=2C, ond
provide a diect path for the unity goin. This decreases the minimol clock
frequency by o factor of two ond results In easler design conshialnts for the OTA.
fney ore olso foclitated by the foct thot @ smolier copaclior con be used.
indeed, accumulation resutts In  lower nolse level on the copacltors as shown by
equation 6.6 where N Is the number of occumulation cycles and nolse, the nolse
level after one cycle.

noise,, = nolse,
=

JN (6.6)
The above scheme Is sensitive to offset ond clock feed-through.

This scheme seems o volld altemaotive to the simple Inverting clrcult. The gofn
volues are certainly more precisely controlled. Howsver, because of the required
somple and hold stoge (see next section) the power consumption 1 much
bigger.
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6.2.4.3 ol

Both integrating schemes af secilans 6.2.4.1 and 6.2.4, ieguke that the Input is
stable. A "pre-sampling” must thus be perfarmed and the level malntained during
the complele conversion time. This s achleved by the follawing somple ond hald
scheme :

@ To
[T — convelsion
T C, stage
@, M n
1/16000

Figure 6.12: Sarnple and hold far pre-sampiing

To avald enar propogatian, the fallower's affset must ibe campensgated. Alsg, a
daublg diftarential palr ("MOS and pMOS) structure must be used o maintaln
clase 1o rall-ta-rall input and autpul, The latter can be eallzed by using two OTAS,
Integrating solutlans have theretare a minimum number of three OTA {twa for pre-
sompling, at least one tor canversian), and as a result higher power cansurmpiian
is abtained.

625 Deslgn of the controlled amplifier

in the previous sectians, different schemes fo iImplerment the cantalled goin
were discussed. Two ciicults seemed paricularty well sulled: the paraliel
copaclter | and the Integratlon by charge tionsfer. The latter 1s mare pawer
demonding since thriee high slew rate OTAs are required. The first Is simpler but
rslles on capachor matching.

Based on the power consumption argument, It wos decided ta Implement the
paralel capachar scheme af figure 6.13, 5, hos a cannectian fa graund and so
NMOS swilches are sufficlent, On the other hand, camplementary switches
[Cegra?4)] must be used far §,, §,, ..., §,. The iesistor R seduces the band poss and
cansequently llmifs the high fraquency nolse.

The scheauling of the canficlled amplifier ls presented In figure 6.14, ‘Bl #
Indicotes the binary bif camputed In the caarse quantizer (a modified A, Heubl
RSD A/D canverter, see 5.1) whose baslc clock Ck Is olso plofted. The sixth bit is
known ot ‘A’ ond as explalined In 6.4 It 15 also the mament when the adaptation
laglc can stortt computing the canfral signals far 5, ta §;. The lafter are then set at
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B, C' Is the baginning of the converslan cycle ; the analag signal Is sampled an
the Input copacitar af the coarse quantizer,

Sts
"

H -~ Ci/2
—~—— Ci/4
—~—— c8
——— 16
—~—— c/32
_""'1— Ci/64

5
_l — Ci/64

Sn R
S ] F_ out
I

Figure 6.13: Implemented scheme

Switches are assumed ta be closed when signals are high. Two phases can be
acknawiedged . first, fo ensure propes ieset, 5, 's open while all the ather switches
are clesed ; secand, amplificatian takes place and §, Is closed while §, 1o §, are
set according o the adaptation logic.

A B c

S HHHHHHHHHHHHHHHY

Bit# 12|3(4(5)6)7|B|91.2(3|4]|5]|6]7!]8

S B I L I
S, . 1 J 1
Sz edd I Y ] W

Figure 6.14: Scheduling of confrollad gain

The design ¢f the centralled gain occerding to the averall specifications and
scheduling Is explainad below. The parameters have tha following values (ALP2) :

V=1.3 M V=13
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ne=1.44 . n=178
B =53¢ AN B,=18%¢ [AVA]
T=300 K]

625 CopacliorC,

Thermdl nolse Is sampled on C,. The capacttor must be stzed ta ensure a nalse
level smaller than a half 1SB.

/’-{1 <JisB=05.13.2% = uv
C <2 (6.7)

KT
Takng Into account the nominal emor (about 15% In ALPZ), a mintmal
capacitar af 3.4pF must be used.

At a layout levei, to decreose matching emars, aif the capaciors are redlized
from baslc element at 1/64. Furthermare, clossical "gravity center” techniques are
used.

2:.9.2 _ Resistor

The resistar R slows down the load characteristic on C,. it must be chasen so
that the load emor remalns smoller then a half LS8,

7 5
error =V, € <05.158 L .
i 16000-2-8 (6.9)

e R =500kn

Ry =
errar 610

Equatian 6.10 gives the maxdmum value. Using a smailer one leads 1o o lower
load emor though the resutting band pass Is broader ond consequentty the nolse
level higher. Simulatian with the OTA showed that a value af 400 kQ was sufficlent
toa meet all the requirements.
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6,253 OIA

A two stoge OTA shown In figure 6.15 ond describbed In 3.2.2 15 used. The
speciiications are the equivalent input nolse and DC goin. For the lofter, a
rminirmur value of 60 dB is taigeted. A higher value Wil naverheless resull In
better Iinearity. As for the equivalent input nolse, the level Is set to 50 pV. This value
derves from o parallel project where the converter Is used In combination with o
microphone ond where the forget nolse Increase due to the OTA was set to 15%.

Figure 6.15 : Class A 2-sfage OTA

Preliminorny studles showed that @ polozation current of 1.4 pA is required, The
following equctions detoll the determinotion of the vordous tansistor sizes
occording 1o the methodology presented in [Degrod]

The differential palr works in weok Inverslon and a L, /4, factor of 1/5 s used.
From 6.11 ond to facliiate the kayouwt, L, Is set 1o 2pm (minimum size) while W, s
satto 168 pm.

W,
=1, /2 fm=2-ﬂw'L—'-np-U§
L (6.11)
m281.4 W, =w, L=t
1 (6.12)

M3 and M4 work In strong nversion which implles g moxdmum WL rotio of 1.56
as computed in 6.12 (using a L/l fOctor of 5). This ratio also Influences the final
aguivolent Input nolse ond since the resistor volue s used in the colcuiation, two
exreme cases o consldered: o moximum reslstance of 550KQ and o
rninimurn one of 100KQ.

56
L, 20-B,-n, U2 (6.13)
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Svin, = V2/BP = J(80p)? 2% -560k-34p=171-107  [v/JFzZ]

(6.14)
Svin, = J(50p) -2-n-100k-34p=7.31.10°  [v/VAz]
(6.15)
Svin =ﬂ[np+%nn--—gﬂ]
I s 0 (6.16)
W, 9. —le - Svint ]
= -n, |=800
LS v ]G-Bm-ﬂn-fp_ 4KT e t6'17]
w9 'gm;-swns_n]zm
Ly mx3 16'Bm'nn“‘p_ AKT g (6.18)

Strong Inversian is thus the limiting constraint and the ratio value Is set to 1. Md's
ratia I identicol to that of M3.

The aufput curent Is chosen fo be twice |, and both M, and M, work [ strang
inversion. The WA ratlo of M, Is thus 4 while that of M, Is oblained from 6.19.

W, I

W,
L] T 5By n, U2 =10

W
Ly

=13.03

o (6.19)

To go on with e design, the lengths of ail the fansistors but M, and M, should
be computed. Even assuming L= L= L= L, the problem remalns complex
since they stongly Influence both the DC galin ond stablily. The lafter clsa
depends an M,. My and C, which still haven't been cansiderad. At this paint the
easlest way ta praceed is to perfam several simulations, changing the lengths
and widths af M;, M, M, and M, accarding ta the above rofias while tuning M.,
M, and C_. The use of equotians as In [Saus$7] Is nat beneflclol since of the end
several simulations are still necessary to finely tune the OTA.

The clrcult providing the highest DC galn and phose marghn was selected ond
i5 glven in fable 6.1, where | is the theoretical current In pA and Op the aperatian
made (Wl :Weak Inversion, St :Strang inverslon). C_ is 0.3 pF.

The simulated perfarmance {(abtaln with XPERTSIM, CSEM) is given In toble 6.2,
A high DC goln Is obtalned os well as clase to rall-to-roll output swing. The phase
margin & rather small but simuiotions shawed thot no impaling effects shauid
resuft,
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M Type Wium) L{pm] IpA] Op
M p 168 2 0.7 Wi
M2 P 168 2 0.7 Wi
M3 N 5 5 0.7 8l
M, N 5 5 Q0.7 Sl
Msg N 20 5 2.8 8l
M, P 50 5 2.8 St
M, N 5 20 0 lineor
My P 5 20 0 linear
M N 25 5 1.4 8l
Table 6.1 : OTA transistor sizes

Open loop gain 646.8 d8

gain bandwidih 4.6 MHz

phose margin 30°

offset 0.0003 V

output swing low -1.247V

output swing high 129V

Input nolse 4.6 10% yHDs

slew-rote 3 10% Vs

power dissipation [@+1.3 V) 15.5 pW

Toble 6.2 : OTA choracteristics

Flgure 6.16 : Current source

The current source presented In figure 6.16 Is used to polarize the OTA. M, and -
M, work In strong inversion while M, and M, work In weok Inversion. As explained in
(Degr?4), |, Is proportiongl to U, ond thus gm,, (tons-conductonce of the OTA)
becomes indepandent of the temperoture. Futhermore, If g poly resistor Is used,
the curent becomes independent, In first opproximation of the supply volloge o3
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well. The main drawback [s the poor preclsion af the Integrated resistar value and
consequentty of the curent value (AVl=10%).

_BIN(AB) U, _
R ™ 2.n,-U; (6.20)

M Type Wiwn} Lum] A op

M, N 80 2 /8 Wl

M, N 40 2 1./4 wi

M, P 25 40 1/8 St

M, P 25 20 /4 B3]

Tabie 6.3 : Current source transistor sizes

The sizes of the transistars, camputed accarding to tha Wl and §t canditians
and using A=B=2, are given In table 6.3. A reslstor value af 400 kQ was used,

6255 Swiiches

The anly elemenis leff aig the andlog swifches which don't need careful dasign
as long as thelr on resistance Is sufficientty low. Thelr length s set ta 2 pm and thelr
widih ta 10um, resutting In a maximum an reststance of 35 kQ.

6256 Ermois and pargsitic effects

Finlte DC galn and on reslstance have dieady been discussed. Thelr effect
dees not Impact the final result. Other non ideal characterlstic such as OTA affset,
leckage curent, charge Injection atc. must st be cansidered. Ona of thel
possibla resulting effects Is to cantibute fo the Input offset. This B not a mglar
problem since digital comection can be dane affer canverston. In alt afher cases
hawever, campensatian I8 mare camplex.

The affset af the OTA simply results in a DC offset at the autput of the floating
paint AD,

Leakage curent, due fo the ‘parashic’ diades betweaen bulk and diain [source)
are present In any switch. The model of figure 6.17 can be used and each
source’s effect cansidered separately,
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U, Cﬁ,
oudbud

Figure 6.17: Mode! for leckoge current

. e Iy and i, have na effect since they have a diiect path o ground. The
curent |, Is divided Inta I and I,

1
U, = ——[rat U, =-AU.
’ Czj : 6.21)

]
U ==[rat
G J 6.22)

Cambining 6.21 and 6.22 and assuming A>>1 equation 6.23 is obtained.

“_gl' P LT L _c'...
!—q- I g =1"+'=1 1+qA

[6.23)
U, is thus given by 6.24 and Its equivalent input voltoge (In ather words, the
voltage that shauld be applled at the Input to resuit In U,) by 6.25.

2

U=z

1 1
a 1“dtz-—=—A|1"clt == I'cit
"'A)I G I QJ (6.24)

TR SN I 1
Uoas = Uz G _C]‘[Idf—gx;um_a.[!sdr 629

if the finite OTA gain Is sufficiently high, the equivaient valtage is Independent
ot C, and its effect can be cansidered as a supplementary affset,

if they weren't obsorbed by the OFA, I, |,, ond |,. would 1alse the quiput level as
well as U, (by looding C,). Hawever, this would be In conhodiction to the

160



chapter 6. Design of Floating Point A/ID Converters

fundamentol working of the OTA [If U, ralses, U must decreose). These cuments ore
thus absorbed and have no Influence on the output vofioge.

fo sum up, although maosi of the leokage cuments have no effect, the finol
confiibution is equivalent 1o a supplementary Input offset,

Another Impaortant porasitic effect 15 the chorge Injection due 1o the opening of
the switches. Fortunotely, the CTA's negotive node capochoncs load is constant,
Indspendent of the configuration of the switches. As a rasult, the overall effect Is
agoln o constant Input ofiset,

Some of the parosific copachiors as well as maiching erors have olieady been
cansldered (6.2.2.1). However there are certalnly other parasttic copacitors which
have not been cansidered yet [such as Inferconnection etc.). Thelr effects are
complex to evoiuate but they will contdbute fo the Input ofiset and/or modify the
ampiificotion valua, In the laffer case the size of the feed back copacltors can
be slightly modiiled to compensate for the enors and to oblain the proper
amplification factor. This I8 achleved by repsotedly maodifying the iayout and
simulotfing the amplificofion volus.

6.2.6 Simulation results

Figure 6.18 shows the output of the controlled galn {o) for o fied amplificalion
of 16 and a 0.01V step Input signal (+). The simulation iasts o litle More than two
ompilfication phases.

The fiist amplification occurs after 40 ps and since of that moment the Input
signal Is null, the output octually conesponds to the Input offset multiplied by 16.
The Input offset is fhus about 3 mv (0.0479 v/ 146).

At obout 70 ps, ab the switches are closed and the reset phose takes ploce.
Oscllaiions dus 10 the relatively low phase margin of the OTA are present, though
the reset ks long enough to enswre stabillzation,

The second omplification starts at 0.1 ms ond the output level folls to -0.112V.
The real ompllfication value Is thus given by equation 6.26.

-00479-0.112

o0 =1599

(6.26)

The non harzontol slope of the end of the omplfication phase Is due to
leakage curnrents. Thelr totol amount can be estimated by 6.25.
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-2
gd%c;ﬁ::,m 1.9.102%—-54-10-" (A
(6.27)

A nolse simulation hos also been pedamed and showed a nolse level of 4 mv
for g 64 amplification value. This value [s slightly smaller thon o LSB and thus
grecter then the fargeted half LSB. One can expect that the dynamic range will
be reduced to less then 15 biis.

18-Apr~5T Fllo : £5_lf.coun
22:16:27 ELDO V4.4T71 : " ADAPTAIVE GAIN FOR FL ASD

v aV(OUT) *VIINEUT)
010

-g.03_

-0.13

i —h— ek —"-‘1.‘1—13-—.5'

Figure 6. 18 : Simuifation of the contralled galn

6.2.7 Wrap up

Vorigus solufions hove been considered to implement the caontralled gain.
However, anly two seemed ta fulfil ol fhe reguliermnents : the inverting ampiifier
with parallel switchable feed back capacitars and the integraling by charge -
fransfer. The final cholce was 10 use the fish this simpler scheme rellies an
capacitar matehing and results In g ulira low power implernentalion. The design
was perfarmed for ALP2 LV and the predicied power consumplian ks about 20 pW
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@ £ 1.3V and 16 kHz. Because of a slightty higher Internal GTA nolse, the dynamic
range Is limited to about 14 bits.

6.3 COARSE QUANTIZER

e R3D conversion algorthm discussed In sectlon 5.1 Is used o reallze the
coorse quontizer. In particular, the scheme proposed by A, Heubl Is considered
although a redesign, following o methoddlogy simillar fo that of section 6.2.5 was
performed to foke Info account thot only ¢ bits are required. The simulated power
consumption Is 16 uW @ + 1.3V and 16 kHz, The design is not detalled since it Is
covered by a patent {see section 5.1 for defoll].

6.4  ADAFTATION LOGIC (RESERVE BIT CONVERTER)

The purpose of the adoptation logle 15 fo provide the control signals 1o the
switches §, t0 §; in the confralled goln [see figure 6.13) ond fo the output shiffer,
This functlon con be decornposed Into successive tasks as defined in figure 6.19.
To be preclse, task 6 should not be consldered as pont of the adoptotion logic
but rather as the back end of the conversion. it will nevertheless be discussed
here,

| Cocrse quantizer |

<Y

| TASK 1:Define Inc./dec. |

R

| A8k 2:Accumulate |

3

[7ASK 3 : Floor to 608 values.]
{7 M3 i}

TASK 5 : TASK4 :

Store In register | | Control slgnal §, 1o §;

N7 1
N | TASK 6 : Snifter ¢?> Converted Somple

Figure 6.19: adoptation logic fasks
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6.4.1 Task 1 : Increment/decrement computatian

The Increments/deciements gre deflned by table 6.4 which Is obloined by
extending Jayant's foble and adding o resenve bit (see 4.2.1.2). The toble also
shows the equivolent coarse quentizer and Inc./dec. codes. The lotier ore coded
using © two’s complement representafion to foclitote the occumutation (task 2).
Note that to detemine the Inc./dec. value, only the & most significont biis of the
coarse quantizer output must be known. This explolng the scheduling proposed In
fiqure 6.14.

rnogniiude of coarse quantizer  |Inc./dec. [dB] inc./dec.

coarse quantizer  |equivolent code equivgdlent code
Dy By .o By b, b, b, by

0.63 BOOQCO0K or +1.5 0001
11 10000X

64 .. 71 00100000 or -1.5 111
110717 1XXX

72..79 00100710 or -3.0 1110
1107 10X%X

80..95 0010130 or -4.5 1101
11071 0X00%

96,111 00T 100K of -60 1100
110010X

112.119 001 110XxX or -7.5 1on
110001X¢X

120..127 OO 100 or -90 1010
110000X¢X

128 .. 255 010000 or -9.0 1010
103000

Table 6.4 ! Incrementidecremerit fable

Tosk 1 Is thus simply reclized by combinotionol logke that maps the secand
column entiles Into the 4™ column outputs,

6.4.2 Task 2 and 3 :accumulation and floor to 6dB multiples

The accumulated goln volues range from 0 1o 36 dB with 1.5 dB steps. This
meons that £ bits are needed tor thelr coding. However, It a sign blt Is provided,
accumulotion o negative volues con eoslly be detected. To simplify the
adaptation toglc ¢ cade conststent with the last column of the previous toble
must be used. As o result, the & dB multiple goin volues are coded os In toble 6.5,
Only b,, b, ond b, must be tronsferred fo the next task,
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Gain [ci8) equivalent cede
D;0,..... :

<0 100X

0 000000

& 000100

12 001000

18 001100

24 010000

30 010100

36 011000

Toble 6.5 . Gain coding

The scheme of figue 6.20 performs the accumulation, checks the limit
conditions {galn not smaller then 0 ond not highar then 36 dB) and floors the rasutt
fa é dB values. Ta facllitate the test and/ar ta use an external adaptation loglc,
multiplexers are provided.

o, | ,
RS::| Mem H Memu Mem ]jﬁemlj Mem l:l Me-rF’
Ckg + \ From
[ Task ¥

]

External : L 4

gain :
CIR -_'| Muxﬁ Mux — Mux

s O OO

b, 'b, b,:totask4and5

Figure 8.20: Detall of fask 2 and 3
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6.43 Task 4 :Conhol signal S, to §,

Fram pr Ckg Cion'rrfl

task 3 signals
Combinatlanal| MEM

loglc Sr 5

Figure 6.21. Detall of task 4

Computing the control signols for the switches Is skoighiforward and con be
achleved with cormnbinafionol logic. Toble 6.6 gives the relafion batween the N
MOS switches §, to S, ond the goin bits b, by b, resutting from task 3. The control
signals are stored In MEM {flgure 6.21} to ensure they remain constont aver the
whole omplificallen cycle. The « pr » control signol Is used to close oll the switches
during the reset phase.

Fromiosk3 |3, 5, 5 S, S S, 5,
bbb,

000 1 ] 1 T } 1 1
oo i 0 0 0 0 a 1
010 0 0 0 0 0 1 0
on 0 0 0 0 1 0 0
100 0 0 0 1 0 0 0
101 0 0 1 0 0 0 0
10 0 ) 0 0 0 0 0

Tobie 6.6 : Combingtional logic for switches control

644 Task 5 and 6 : Memorizing and shifting

Becouse af the ‘one sample’ delay between the computed value In fosk 3 ond
the one to be oppiled o the shifter, the galn must be memorzed. This is
performed by tosk & In figure 6.19.

The shifter at the back end (tosk &) Is Simply reolized by coscaded mulfiplexers
which cre controfied by b, b, and b, of fask 3.

6.4.5 Simulation ot adaptation logic and shifter
Figure 6.22 shows the odaptation logic simulation results, where « sync » ond

« N1sg » ore externol contral signoks {see 6.5). Since the sirmulotion file only Includes
the odoptotion logic, the « ab » signol, which should be the coorse guontizer
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output, Is also specifled externally. This Is done In a such ¢ way to ensure thot
duing the 17 fist «sync » Cycles @ smalt volue Le. 000101 Is fed to the
adoptation logic whiie from the 18™ anwards, a bigger ane l.e. 011011 is appiled.
From table 6.4, these values respectively result In @ +1.5 dB and -9 dB goin
Increment.

gr ao M

syn L
s

< TH5 >SCHIB )
GPHOX HTX H2 X H3 Yl H O )
out K HI4 0 HAO N HS 0} H28 fiec)=fak’HBCO )

Sn{H7F (H7F

Figure 6,22 : Simuiatian af adeptafian logic and shiffer

The 6 dB gain value s given by « g ». As expected, while « ab » Is small. the
galn value Increases steadlly each 4th « sync » fromn 0 dB (HD) ta 24 dB (H4). As
« 0b » gefs bigger, the goln value draps down 10 12 ¢B (H2), then ta & dB (H1)
and finally to 0 dB (HO). This is Indeed the expected behovior since before
diopping the octual accumulgted volue wos 25.5 dB {thus floored to 24 dB). After
the first decrement, this volue became 16.5 (floored ta 12), and 7.5 (ficored to 6)
ofter the second one. At the third decrement the Imit value of 0 dB is obtolned.

The oufpuf of the shiffer Is given by the « out » signal. Table 6.7 computes Iis
expectad value consldering « ob » and the opplled goin. The geod news Is that
« out » and the lost column are identicalt

The iast signai «< sn » Is the NMOS switches command. First the signal must force
the reset phose and thus all switches §, ta §; must be clased. As o result « sn s is
1111111 [H7F). To ensure the proper amplificotlon volue « sn » must then be set
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accarding ta table 6.6 l.e. H7F, HA0, H20, H10, HB, H4 and H2 far 0, 6, 12, ... 36
d8 respectively. In the simulction. « sn » and « g » are caherent.

« ab » (binary) applied gain shiffer cuiput (D] shifter aut [H]
000000101 0dB 000000101000000 140
00D0O00010) 6d8 000000010100000 AD
000000101 12 d8 000000001010000 50
030011011 24d8 000000001101 100 6C
000011071 12dB 000000110110000 180

Table 6.7 : Expected shiffer’s output

Ta make a long staty shart, the simutation canfimns the ropes woldng of the
adaptation logle and shiftes!

6.5 ANALOG AND DIGITAL CONTROL

Ali the controi signols for the odoptation as well as those for the coarse
quantizer are generated fram the 3 extemal signals “sync®, “ck* and "nrsg”, The
timing diagram of the A/D chip s given in figure 6.23. As sync rses, sampling
tokes place. Elght clack cycles cre then necessary 1o campute the 9 binary bits
(ar 8 RSD blis) In the coarse quantizer. The frequency of the clack Is thus
Bx16kHz=108 ¥kHz, Just befare the first bit of the next sample & obtalned, the
autput Is updated with the new converted value. A reset can be perfarmed using
nisg which Is aciive low {not shown in 6,23}

nsg  [Hd i i

ome H . .

Cko P H U U U
Out_,, X o, ot

Figure 6.23: Tiring diagrom of A/D chip

There Is no majar difffcutty in generating the canfrat signats, One must only be
careful o ensure nan averapping clocks for e switched capacitor caase
quantizer. Cormbining these signols with the three external anes and taking into
account the working secuence of each block, the cantrd signols can be
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generated. To avald loud snofing, they wil not be described In detoil.
Nevertheless, they can be found In Annex 1 ot the end af the chopter.

ii.

6.6 CHIP PRESENTATION

Figure 6.24 : Floating paint ADC chip

Figure 6.24 shows the 15 blis flaating peint A/D chip In a low valtage 2 um
CMGCS technalagy. The digital part (very dense, an top of layaut) Is redlized using
CSEL_LIB, the low power library fram CSEM SA whille the onolog one (lawer port of
iayout) Is full custom.

The chip has 40 pads though anly 22 are actuolly necessary for bosic
operoting: 15 pads far the ADC output, 3 for power supply ond analag ground, 3
more far extemol contol [ck, sync and nisg), one for onclog input. Al the
remaining pads are useful for testing purposes os well as to modify the
adoptation strategy.

The tolal die size (withaut pods) Is close to 1.4mm by 1.4 mm (less then 2 mm?
and ihe simuloted power consumption |s about 47 pW @ 16 kHz ond £ 1.3 V.
Percentage of total die size {Sere 1) and tatal power cansumption (Serle 2) for
each maln functions are given in figure 6,25,
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DSerdest
O Serles2

=V | i
Coams Controfied  Adaptation
Quantizer Gain Legic

Control

Figure 6.25 : Power ond die bafonce of floaling point ADC chip

Summing up, these numbers results In the fallawing remark: 12 % of the die
size Is used by analog parts which however cansume 74.5 % af the power | This
aisa means that by changing the adaptatian stategy and thus modifying the
digital part. the area might decrease but Iitle Impravement can be expected
from the powar cansumptian perspective.

6.7 6 dB ADAPTATION STRATEGY

As explained In 4.2.2.2, @ simpler & dB adaptatian stategy can be used and
caresponds o table 4.8.

magnitude af coarse | Inc.J/dec. [dB)
quantizer
0.. 31 + 6
32..63 0
64 .95 -6
946.. 159 -12
160 ., 255 -18

Tablg 6.8 : 4 dB incrament/idecrement table

110



chapter 6. Design of Floating Polnt AID Converters

The testing features af the floating point ADC chip aliaw the user to autput the 6
MSBs af tha coarse quantizer and extemally specify the gain value by enterng
right after task 3 (see figure 6.19). Al the tasks in between are remaved. Thus ta
abtaln a « & ¢B versian » af the floaling paint converter, the new adaptation
strategy was Implemented an g FPGA and successfully cannected 1a the chip.

The 6 dB adaptafian loglc can be reallzed by the simple structure of figure
6.26. In an ASIC Implementatlan it would replace task 1, 2 and 2 af figure &.19.
The complexity af this salutlan Is cleary lower then the previcus ane and less
hardwora Is requlred. As a result, If this soiution was Implemented In tha ALP2
technalagy., Impravements of 12 % In dle slze and 4 % In pawer cansumpilon
wauld be abtained.

fram caorse
quantizer
MEM Ck bs ba
Ta task 4 H“H“l
and 5 [ Camblinatianallaglc |
=] |

Figura 6.26: new adaptation impfarmentation

6.8 FEED FORWARD CONVERTER

Na feed foward Implementation has been peramed. Neverheless, by
exirapalatian and using the numbers of figure 6.25 a falr estimate af the power
consumptian and area required by such a canverter can be abtalined.

The feed faward ADC 13 made of ane 7 gain value cantiolied gain, two caarse
quantizers (8 and 7 bits), a shiftes, same cantial lagic and extremely simple
cambinatianadl lagic fa set the cantralled gain switches accarding to the autput
af the 7-bit quantizer.

The cantiolled galn and shifter are identical ta ihat of the feed-back solution
and thus consume about 20 and 3 uw respectively, far an area af 0,15 and 0.3
mmE, The 8 and 7 bits caarse quantizers are slightly smallgr than the 9-bit ane
wsed In the feed back solution and also cansumes less power, One can estimate
that 13 and 10 W are required and that sufaces af less then 0.1 mm? are
needed. The cantral and cambinational logle anly uses 3 uW but has a talal area
af abaut 0.3 mm?,
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Cont. Coorse

galn quontizers

L16mmy —————  Control,
1 adoptation
2| and shifter

I mm

Figure 6.27: Floor pion for faed forwards converter

Using the floor plon of figure .27 results In a tatal die size of tess then 1.2 mm?
for on expected toto! power consumption of 51 pw.

Compared to the feed back solution {6.6) smoller die size ond higher power
consumption are obtained, This con be exploined by the foct thot the feed
forward sofution presents on exiremely simplified adaptation logic, thus reducing
the digitol part. The Increase In power consumption Is due to the supplementary
coarse guonilzer. Howaver, power consumption In such elements Is morg or less
propartional fo n? (n Is the number of bifs) [Vitt94]. Since the feed foward solution
uses smaller quontizers the finol power consurnption Is only siightly higher,

6.9 TO THE LIMITS

As shown In 5.2, 0 14-bit IIneor convertar should be avalleble. Combinad with o
confroled ampiifier, could g fioating point selution ot 16 of more bits of dynamic
fonge be obtained ? The answer Is closely related to the minimum OTA nolse leve!
that can be achleved in the considered technology.

Assuming a parollel copacitor scheme (figure 4.13). the first design steps of the
conticlled amplitier OTA have bean pertormed for flooting palnt solutions with 15
to 20 bits dmamlc range. The esults al given In fable 6.9 wheta C Is tha
rminimur capachor to be used and HLSB is the value of ¢ half LSB. The rofic of
output 1o polarzation curent Is set to one. This iatlo, HLSB, C ond the slew rate
condition (from the 16 kHz sampling frequency] define the required cutient |, WiL
ratio for the differential palr (M1, M2 In figure 4.15) and the miror below (M3, M4}
as well as the resulting equivalant Input nalse level (NI) and pawer consumption
(with a cunent sourca as In figure 4.14) are given for different RW rafios. RW Is
defined as A, for stong invession and as L./, for weak Inversion. Some
designers work with RWs of nine, though five and three are maostly used. A ratio of
ane s Interesting since B resulls in smaller WiL,,, volues, However, It connot be
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guaranteed that the transistors wil be working In the strang and weak inversion
mades requlred.

: #blis| 15 16 17 18 19 20
C_IpF 3.0 12, 48.4 193 774 3099
HLSB  [uV] 39.7 198 | 9.92 496 248 1.24
. {pAl 0.7 1.69 59 23 97 408
Pawer  [W] 18p | 41 p | 144p | 560p | 24m | 10m

Wiy 29 69 239 951 39k | 165k
RW=5 Wik 0.33 05 3 12 51 216
NI [pv] 21 13.4 7.77 4.00 2.02 1.01
Wil 17 42 143 571 23k | 9.9k
RW=3 Wiy 0.5 1 5 20 86 361
NI [pV] 22 14.2 8.17 4.2) 2,13 1.06
WL, 6 14 48 191 791 3.3k
RW=1 Wiy 1 4 15 62 258 1.0k
Ni[uv] | 23.7 16.7 9.37 4.85 2.44 1.22

Table 6.9: Controlled ompilifier for converters with higher dynamics

From a pawer cansumption polnt af view 17 blts seems to be a imit since
higher dynamics will result In cantralled galn requiing more than a half mw, They
also necessliiate foldy blg WAL, rafics and capacitais, resulfing In considerable
increases In areq (for example, 774 pF Is more than g half square milimeter.

The infegrating by chaige transfer canfralled gain (6.2.4.2) might seem more
sultabla to thasa high dynamic range devices (lawst nolse level resulting from
accumulatian  — smoller copachiors — smaller cument —  lowsr power
consumption). Hawever the pre-sampling stage will lead ta resutts simllar ta those
af jable 6.9 and hence this solution Is alsa Imifed.

One can thus say thai fa malntaln reasanable slze and pawer cansumption, a
maximum canverter feaiuing a dynamic range of 17 bits and a resolution of 14
bits cauld be Implemented In ALP1. The Im# fa what s cansidered reasanable Is
obviausly extremely applicaflon dependent.
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Deslgn, EPFL, Lausonne, CH, 1994,

6.11 ANNEX

The first figure plots the Infernal confral signol for the odoptation logic ond
obtalned from « sync » and « ¢k =, The second one prasents the odaptation logic
schematlc. Tasks 1 to 3 (see figure 6.19) oe perfomed In = galn_pl_mske »
(middie-left} while task 4 |s ochleved In « gain_p2_mksc » {center). The shifter Is
located of the fop right of the figure,

Annex 1{: Infernol control signo!
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7 « Implementation results

The test of the feed bock floating point convertfer Involves four different
measurernents. The first consists of an informal listening test and powear
consumption measurarment. fis result Is crifica! to estoblish the success of
the research {the primary goal is to develop ¢ fow power AID converfer
for audio appitcations), Then, more defaamirisic measurements, e,
nolse floor, frequency response and konsfer funciton almed of device
characterization, Gre carried out.

Environmental noke s @ malor problem and affects off the above
measurements.

As menioned, the confrofled goin Iy critical o the comversion quality.
From offset measurernent for eoch gain value, It s possible 1o estimata
that the error, for non unify gain values, Is sometimes slighlfy higher than
the 2% ioferonce defined in section 4.4. The unity gain error, on the other
hdnd, Is much bigger. This provokes o deviation from the Ideol tronsfer
function. This doesn’t significontly Impalr the perceived audio quoilty
however, but for mare dernanding oppiications, a soiufon fo Imprave
the gain values would be mandotory.

Bosed on the meosurement rasults, o compaorison bemsen both floating
point approaches and A. Heubl mixed solution con be drawn. For qudio
appiication, A. Heubl solution Is batter since, for simiiar performaonces, ft
features @ reduced slize. For other faster analor fower dynamic range
appiications, the floating point approach will result In lower power
consumpion.

Twelve weeks after sending the layout ia the foundiy, the devices were
delvered and testing cauld start.

The first start up was almast fatal. Indeed. durng the fabrlcation process, the
foundry somehow fargat ane laver and the devices worked as o shart-clicultl
Fortuncitely, @ few weeks Iater, devices from anather batch, possessing all the
necessary lavers, were delivered... and the clicult workedi
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The next section descrbes the testing equiprent avoliable at IME and explalins
sorme of the problems encauntered durlng the measurements. The latter ore
presented In seclan 2 while sectan 3 compares the floating peint
implerneniation with Alexandie Heubl's mixed linear converer described In
sectian 5.1,

7.1 TEST EQUIPEMENT

IMT daes nat posses prafessional testers. Nevertheless, chips retuming from the
faundrly con be at least parialy characternzed thanks ta the equipment
desciibed Infigure 7.1.

PC &
Labview

Prog. Pr 3 I

of. power
voltage Patiem generator &
source idiad Test board ﬁ Logic anolyzer

Figure 7.1 . Tesfing equipment o IMT

Generaly speaking a Labview program cantials the measurement by
cammunicating with varous Instuments,

Erviranmental nolse Is a major problem. Indeed as ievels smaller then -80 dB
rmust be measured (214 bits), any perturbation becomes dramatic. For exarmnple,
rmeasurements of the noise level can be Impraved by 1 bit by simply removing afl
the prabes. As a resutt, extra care must be faken when credating the test board
(analog/diglital separation, capachors on supply and andlog pads etc.) as well as
durng the measurements [avald ground loop, bralded supply wires etc.). The
quality of the supply valtage, which s also used internally as a reference vottage
is also crtlcal,

7.2 MEASUREMENTS

7.2.1 Informal listening test

Analag speech (male and fernale) and music (classicat and pop) signals are
Input to the foaling polnt A/D converter. The abitained dightal outputs are then fed
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o a sultable D/A converter, Informal listening using both loud spackers and
headsets ware excellent.

The current fumishad by the power supply (£ 1.3V) Is 19.2 pA and s G result the
power consumpfion of 16 kHz Is 50 pw.

7.2.2 Nolse floor

Nolse floor measurements qre Inferesting since they provide intarmation about
the dynamic range of the device. In a practical woy, the Input of the ADC Is
connected fo the analog ground and the RMS value ot the dighal output results
in the nolse floor. Measurements are usually performed at different supply
voltages.

The nolse tioor (NF) measurements of the feed back ttoating polnt are reported
intabls 7.1 (absoluie volues).

Supply V] | £1.0 [ £1.2 141.25| £1.3 [ £1.4 | £1.5 | £1.6 | £1.7 [ +1.8 | £1.9
NF [B] [ 73.1 ) 721 | 726 | 726|727 (728|721 (700 67.7 | 66,6

Table 7.1 Nobke floor measurement with EQUIM ond EQU2

At 1.3 V, the nolse floor Is 72.6 dB which comresponds 1o 0 dynomic ronge of
only 12.1 bits| This Is disappointingly low and Is In controdiction with a previous
measuremant paformead with different tesfing equipment and ot £1.3 V. #
resuited Into a 77.5 dB noise floor, equaling a close to 13-bit dynamic range.
Note aiso that in toble 7.1 the nolse level Increases tor supply valtoge higher thon
+1.5 V. This Is not the expscted behovior and a meagsurermnent nolse problem i3
suspected. To understand the behavior of table 7.3, the nolse sources must be
Ideniitied as In figure 7.2.

Extornot Dightat

nolse coupling nolse
ldeat
Ideal Qut= noke
Input: OV Coarse =
DD~ >~ Come oo
Sompling  Equivalant Interno!
nolse nput nolse noka of
of amplifier cQ

Figure 7.2 Nolse sources while testing the floating point converter

The sompling noise {see section 3.4.2) as well as the equivalent Input nolse
(ses equations 6.16 and section 6.2.5.4) aie independent of the supply voltage.
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The ntemal noke of the codme quontizes i compsed ol sompling and
eguivalent Input nolse and it Is thus olso Independent of the supply valtage. The
octuol level af these nolses (sompling nolse, ompilifier equivalent input nolse ond
coanse quantizer nolse) does not depend on the measwrerment environment.

The switching activity of the digital parts provokes perubations thot propagate
through the buk. One can suppose that gs the woitage increases. the
perfubations Increoses as well (higher amplitude of the switching level).
Neverthelass, the layout of the chip was mode In such a way fo provide ot lecst
some shielding between the onalog and dighial part and thus Imit the coupling.
Unforlunately, this phenomeno cannot be simulated with IMT's softwore faols. The
perurbation leve! s however Independent of the testing environment.

The extemal nolse results from antenno ond caupling effects occunring at the
fest boord level ond Is ceroinly influenced by the testing enviionment. Cne can
reasoncbly think that It alse depends on the voltage supply.

In toct, the maln lesson from this measurement Is that no ¢leor cancluslon can
be dawn about the converers dynomic range. In 6.2.6, the posi-layout
simulation of the controlied galn amplifier for a gain volue of 64, showed a value
only slightly smalier then the LSB of the coomse quontizer, As o resuli, of £1.3V, o
dynomic ronge smaller thon 15 bits con be expected. However, the 12,1 bits of
table 7.1 Is most probably not the real dynamic range since the enviionmental
nolse impaired the measurement,

Even though the exact dynomic ronge volue connct be given, one can say
that It is imited from the “smoll signols sfde®. Indeed, the coarse quantizer hos
been measwed 0 be absalule ond the noise level of the contiolied gon
amplitier Is such thot when small gain values ore applled, it is well below the
quantizers L5B. On the other hand, when large gain values (64 and maybe also
32) are opplied, the nolse at the autput of the contidlled galn Is higher then the
coorse quontizer LSB. As a result the minimum anclog stgnal that con be
canverter Is not LSB/64 anymore but rother a few LSB/é4.

7.2.3 Transter function

The: fronster function as defined In 2.1.1 Is given In figure 7.3. The plot shows
negotive numbers. This &k due ta the fact that the anolog Input source was
programmed to scon negative voltages. Power supply was + 1.3V and the
sompling frequency 16 kHz. For eoch Input volue, 256 carwveslans were
perdormed ond the mean converted value is plotted In 7.3,
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Figure 7.3 . Transfer functian

The eror funclion obtalned from the above fransfer function (which exploing
the negotive Input voltoge volue) Is given In figure 7.4, To onolyze the figure, the
following remanks rmust first be considered:

m anly analog signols entering the ¢oarse quantlzer with an ompilitude smaller
thon 0.32 v [1.3*64*2°, see section 6.4.1) lead 10 o possible increment of
cantralled goin value. Furthermore, If the signol amplitude Is greater than
0.4B875 V (1.3*96* 2%, see section 6.4.1), the controlled gaoin Is decreased by
ot least 6 d8.

B the nolse fioor, whose mecsured volue Is at obout 73 dB (12 biis) Implles thot
the minimol ‘saw taoth helght could not be smoller than 8 L58s. The
maximol helght on the other hand, should be 64 L3Bs (the resolution of
caarse quantizer Is 10 bits).

B because the exar plot is obtoined fiom averoged oulput values, the octud!
‘saw toath height' Is reduced.

Clearly, the fiooting point converter presents on offset. it's volue, measured with
a farced maximum gailn, Is about 120 LSB or 0.0095 V [1.3*120*2-14). Assuming
that the coarse quantizer offset Is 25 mV (ar In ather words obout § coarse bits i.e,
1.3*5*2-8) and that the amplification value Is ided!, the controlled goln affset Is
8.7 mV (computed according ta equation 7.1 In next section). This volue s about
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three fime higher then the simulated one [3 mV, see 6.2.6). Rough simuiations
shawed that this caud be caused by a mismatch In the differential palr.

25 + + + - +
006 -0.10 -0.20 -0.30 -040 -0.50 -0.60 -0.70 -0.80 -0.60 -1.0Q0 -1.10

analog input V]

Flgure 7.4 ; Errar funcifon

Three maln zones can be detined In figure 7.4. The first, far analog Input
amplitudes smaller than about 0.1 V, has a positive slape, the secand, far analog
input amplifudes between 0.1 and 0.25 V as @ mare ar less horizantal skope while
the third, for amplitudes bigger than 0.25 V hos a negative stape. This can be
refated ta zanes n the transfer functian piat: where the enar siape I8 null, the
tiansfer functien has no gain (ar linearty} enar. On the cantiary, where the emar
plot has nen-null siape, the fransfer functian has a linecrity enor.

Far very small ampittudes (¢ few mv) the 36 dB amplification Is gtways applied
and the amplifude of the saw teeth [s 4 L38, This concurs with the nalse ficor
measurement, taking Into accaunt the effect of the averaging. Far very high
ampiitudes the unity gain Is always applied and the saw teeth aie about 35 LSB
high which agaln concurs with the expected behaviar, It s difficutt to predict the
quantizatian step In this “middie” zane (neither 1 nor 64 are always applled).
Indeed, for a given input signal and since several canversians fake place, the
galn “jumps” fram ane value to the other. This § due to the fact that the
adaptation table {bosed on that af section 4.1) never praposes a nuli Increment.
Hence, even if ot a given tme the omplification galn s “perfect In fiting the
ampliiled signal Into the coarse quantizer, after ¢ madmum af 4 canvarsion
(4*1.5 dB=6dB) the gain will be modified by at least 6 d8.
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7.24 Frequency response

The tdeol fiequency response has been discussed In 4.2.3 and was piotted In
figure 4.7. The choracteristics, for o full scale 300 Hz sine wave were:

THD=-61.1 dB SNR=56.2 ciB
PHD=-73.3 0B  YINAD=550B

The measurement of the frequency response to a 500 Hz sine wave at -9 dB
below full scale is given In figure 7.4. Power supply i £ 1.3V and the sampling
frequency 16 kHz,

Comparad to figure 4.7, the spectal Ines have a higher mognitude. This
results In lower THD ond PHD values as well as SNR ond SINAD, This s due fa the
higher nolse level as measured In section 7.2.2 [measured 72.6 dB naise flaar
instead of theoretical 90 dB).

THD=-56.3 ciB SNR=52.9 B
PHD=-49 dB SINAD=50.6 GiB
~8.0-
=10.4-
e
B
an
e
350
e
o
e
I : 1y
Ten I I O O I A
e N N T OO O
-B5.0-3 by

0% wdie zodoo sedeo dodes sodoo soboo rodoo sodo

Figurs 7.4: Frequency response

7.25  Controlled amplifier
The goin volues of the contiolied ompiifler are closely related ta copachar

matching and fintke DC goin of the OTA, While dasigning the layout of the
confaiied goin, numerous simulations were performed. According to the resulls,
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controlled galn, numerous simulations were performed. According to the resutts,
the size of the capaclions were sightly medified In an oftempt o optimize the
goln values.

To have an ideo of the actuol behavior of the controlied goln, the cutput fo o
0 input signal can be measured for each amplification volue, Equation 7.1
applles where off., is the offset of the contiolled amplifier and off., that of the
caarse quontizer.
_ Offca*Gror +Offee

out
oo (7.1)

OUt Gy =G oy  Offca + Off g
{7.2)

To compute G, one must first determine off, ond Off, ¢ the peoints obtained
by multiplving out by G, (equotion 7.2) ore ploffed versus G, This result In o
polnts constellation that should be more o less oligned. Let us now define @
function FiG), that Is the best (Ineer cpproximation of thot polnts consteliaiion. The
poiameters 0 ond b can ba found grophicolly.

F&=G.a+b
{7.3)

Equalizing equatlon 7.2 and 7.3 results In equation 7.4 and the value of G,
can be computed, These values are given in foble 7.2,
out- Gy — 0

G
™ g (7.4)

I

Fiermn 7.1 and 7.2, G, can be computed as n 7.3, Resulls are given in fable
7.2 for 5 different chips.

Ideal galn volues

1 | 2 T 4 7 8 [ 16 | 32 [ 64

Chip # kel gain volues

1.19 1.95 3.46 6.48 12.53 24.63 48,83

0.68 2.02 3.83 7.48 14.39 29.95 58.95

0.67 2.01 3.81 7.22 13.83 28.95 57.38

0.91 200 3.46 6.39 11.89 24.47 48.17

O |Ejwny|—

0.7 200 3.69 7.13 13.59 28.41 56.06

Table 7.2: Real galn values
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Once the real galn values are knawn, the lIneardty ond distertion aof the
cantialled galn can be dbtained as In table 7.3.

ideql goln valuss
1T T 2 [ 4 1 8 T 16 | 32 | o4
Chip # | Iinearty Gain errar [considering the linearity af calumn 2] [%]
1 0.76 23 3 0.2 1.5 4.1 1.1 0.6
2 0.92 37 1.7 0.1 0.25 3.1 1.4 0.04
3 0.8% 38 2.0 1.5 1.1 4.1 1.0 0.5
4 0.74 25 1.9 0.4 0.5 g 1.0 0.4
5 0.87 35 2.6 a.0 0.6 3.8 1.3 03

Table 7.3: Canfrolled gain characheristics

It shauld be stressed that the prablem of determining the leal galn values s not
deterministic. Indeed, the best fitting appraximatian of eguation 7.2 can be
chasen accaiding ta vanaus criterla. Far example, If anly root mean square enor
Is considered, the computed goln values present a ineaitly exiremely clase ta

ane

thaugh have distortion for non unity galn of up ta 30%. Ta abtaln the

presented resutts, the best fiiting oppraximotion was computed toking Into
account the follawing facts:

each feed back capachor is impalred by an enar, resulting from porasitic
capachars and mismaich, Since the unity gain Is abtolned by using all the
teed back capachars (see figure 6.13) in parollel, one can assume that the
enar af each capachar ks summed, resutting In a pacr amplificafian value
precislan. The unlty gain s thus nat cansldered ta abtain the best
appraximatian.

the best galn value shauld be 2 since In this canfigurotian the two biggest
capachors are used, Mafching and parasiiic erars shauld thus be less
Impaling than when a smaller capacitar Is used. As a consequence, 1o
campute the best approximatian, a “welght is attrlbuted to the emars: the
bigger the galn value, the smaller its errar welght.

the relative emor I8 more relevant then the absolule ane. Indeed, an
appraximatian resuiting In an akbsolute eror |GGy | af 0.2 far ideal gain
values of 2 and 64 actualy means a gain entr |G, Guea|/Cuea ©f
respectively 10% and 0.3%.

From table 7.3, the linearity (ar the siope) of the contralled amplitier is smaller

than

ane. This Is not impaling as explained In 4.4, The distartions (for nan unity

gain values) are slightly higher than the taigeted 2%. On the ather hand, the unity

gain

eiror 15 extremely highl Because the Infarmol listening tests have been
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performed with normal speech level of obout -30 dB below full scale, this unity
goin s very seldom used and thus doesn't Impalr the informal listening test,

This short study of the contiolled goln cleary shows that the implemented
capaochor network stucture, relying on copachior matching Is not rellable enough.
A redesign, using a different layout configurations would cerfoinly improve the
above r1esults, though, the problem of the unity galn would subsist. A simple
solution would be o avold the enor occumulotfion by using a single copoclior for
the unity goin os well. The resulting size Increase (compored 1o the whole chip
size} would not be signlficont,

7.3 COMPARISON WITH A, HEUBI'S SOLUTION (5.1)

7.3.1 Converters for audio appilications

As exploined In chapter 5, Alexandre Heubl developed o low power mixed
Ineor converer that 15 well sutted for cudio applications. s measured
performonce at 11.25vV and 16 kHz Is:

Ewcellent parceived guality
Moximum Resolution: 10 bits
Dynomic ronge: 13.5 bits
Pawer consurmplion: 50 pw
Dle slze:! [estimation) 0.85 mm?

In stmilar conditions, the feed back floating polint 1eserve bit A/D Converfer
performonce Is (section 7.2):

Excellent percelved qualtty
Madmum Resolution: 9 bits

Dynamic ronge: 13 blts
Power consumption: 50 pW (4B uW if using the &dB table)
Dle skze: 1.96 mm? (1,72 mm? If using the 6dB toble)

For the feed forward floating point corverer, no implementation was
performed though the theoretical (simulcted) charocteristics are (4.5.3):

Excellent percealved quallty
Madmum Resolution: 8 bits
Dynamic range: 14 blts
Power consumption: 51 pw
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Dle size: 1.2 mm?

Comparing the cbave numbers results in the following remarks: the three audic
sclutions have similar percelved quelily, power consumptiion and dynamic range.
However they are very different In their die size. In parficulor the feed back
flooting point converter Is twice the size of A. Heubi chip.

7.3.2 Converters for non audio appiications

In the context of non oudle applicotions, the cifical elements In designing
ncn-obsalute converters can be evalucted. Figure 7.5 shows the moin ‘blocks’ for
ol considered solutions I.e, mixed, feed back and feed forward flocting point.
Contro! blocks are not shown ond coorse quontizers ore assumed 1o be absolute
RSD Implementotions.

In Alexandre Heubl's converter a single block provides both the dynamic range
ard resojutton, The latter depends on the OTA, DC goin, copacitor matching ond
possibly algorthmic corection, while the fomer Is related o the size of the
copxaciiors C, and COTA, nolse. The working frequency Is proportional 1o the
product 1,*n,, where 1, Is the sampling frequency and n, the number of bits.

In the feed back fiooting point opproach, thiee blocks ore used. The dynomic
ronge Is provided by the confrolled goin whose critical elemenis are the
copocitors (some as C,) ond the OTA, nalse. The working frequency of this block Is
proportiono! fo i, The coorse guontizer provides the resolution and s citticol
glerments are the capoctors (C,<C,), OTA, DC goin and nolse and C, motching.
Its working frequency Is f,*n,. The digitol block providing the adaptation Is only
crifical In the sense thot it can resultin large areo.

In addition 1o the blocks presented in feed back converlers, feed forward
floating point iImplementotions require @ second cooise quantizer whose crifical
element cre again the copocitors (C3), OTA3 DC goln and nolse ond C3
matching. its working frequency fs 15*n3.(n2+n3=n1}.

From the power consumption point of view, to define the preferentiol docmoins
of eoch soluton, one must remember that the copacitors are designed
according 1o the themmol notse condition. Doubling the precision thus resufs In
quodupling the copacitors. Futhemoere, the OTA cutput cunent Is determined
elther by the Internal nolse or by the product of capoclitor and slew rate. The katter
depends on the working fiequency. As G 1esult, Alexandre Heubl's principle s well
suited for any situation where the OTA current is determined by the infemat nolse,
This Is typlcally the case In low speed andfor high dynamic ronge applications.
On the other hand, when the stew rate becomes the determining foctor, os In
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high speed ond/for low resolution applications, floating point structures should be
used. Indeed, the controlled gain, where the biggest copacifors ore used, works
slower and consequently the slew rate condition becomes easler. As explained In
4.4 the cholce of whether 1o use the feed back or feed forword approach Is dato
driven. The former Is only sulted for predictable signals converslon.

o)

Mixed (Heubl)

Adaptation
logle

OTA, OTA,

b — ¢ e G SHR [
fu, fud,*n,

Confrolled gan  Coarse quantizer
Feed back

f—

c) C,

OTA, QTA,

C,  Co |misHrR|mp
ff, ff,*n,
Confrolled galn  Coarse quonfizer #1

Feed forword

Fligure 7.5 : Moin blocks for relative precision AID: Mixed (o), feed back
floatfing point {b) ond feed forward floating polnt (T}

To conclude thls comparison, i must be stressed that the flooting point
converter con use any kind of coarse quantizers. This is an importont odvontoge
since cyclic RSD solutions are limiied In speed (olgorthmic conversion).
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8 « Conclusions

in this fingl chopter, genarol conclusions obout the wiiitly of the floating
point conversion concept ore first drawn. The main contributions ond
achievements of the PhD research are then detfallad. Finolly. tracks for
fufure work are autiined,

tinear A/D canverters can be clossified in absolute and nan-absolute (1.2,
2.1.2) devices. Absalute canverters feature @ constant quantization step and are
useful far applications dealing with signal analysls. On the ather hand, nan-
absclute canverters have o quantization step that increases alang the dynamic
range while ensuring that af least an apprapiiate resolution Is achleved. These
devices are useful in applications that necessitate signal meosurement (cantral,
audia, efc.).

Structures ta redllze non absolute canverters are less camplex and as a result
less pawer censuming nplementatians are abtalined. They are thus extrernely
well suited for battery operated consumer products.

Non-absolute « floating polnt », « relative precision » and « mixaed » canverters
can be distinguished (1.2, 2.1.2). Floating paint conversian Is achleved by scaiing
(ar adapting} the inpuf signofl In such a way that It fits wel into the fixed range of o
coarse quontizer. Feed forward and feed back adaptation “strategles™ must be
distinguished. The lafter Is onty efficlent for predictoble signals whiie the famer.
applles for poorly or non predictable ones.

Due to the masking effects occuring In the human hear. converters feafuring
a reduced resolution ore sufficlent for cernaln audio opplicatians. Hence, nan
absolute devices can be used. Futhemare, qudia signals are fally predictable
(pHtch, spectiol densily) ond are ¢ pertect case study for feed back fioating polnt
canverslan.

The implemented feed back floating pant A/D canverter features a 9-blt
mantissa and @ 7 value cantridlled gain. Because af the contialled gain Intemal
nalse, the dynamic range s limited, on the small signol side, fo 13 bits, This
Imitotion does nat impalr the percelved audia quality and since the pawer
consumption of 16 kHz and +1.3 V Is 50 uW, the main gool of the project Is
reached.
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Based on the feed back #ooling point resulis as well as on dmulations,
estimates far a dedicated audia feed tarwaid regilzation can be diawn. Far an
identical simulated audio quallty a shightly higher (+8.5%) power cansumption s
obtained while the areo Is significantly reduced [-40%). This Is due ta the fact that
the feed faward approach does not fake into account the predictablity of audio
signais, As a result an extia caarse quantizer {smafl but power cansuming)
replaces mast af the adaptatian logie (big but iess power cansuming).

The feed back floaling point solution Is entirely satisfactary for audio signaf
conversion. Hawaver, A, Heubl Redundant Signed Digtt (RSD) mixed Inear solution
features a similar qudia quailly ond power cansumption but the areq s reduced
by haif. This Is clearly an advantage in chip slze sensitive applications such as, far
exarmnpie In The Canal (TC), hearng ald.

There are ather, nan audia, appilcations where the floating point converslan
might be mare sfficient, from ¢ power consumptian point af view, then mixed
RSD. Cansldering implementation schemes simillar fa that af the audio canverter,
l.e. using absolute RSD converters as caarse quantizers, the design canstiaints
lead to the fallawing canclusians: applications requling high speed andfar low
resalutian wil baneitt fram the fact that in floating point canverters dynamic range
and resolution are provided by separaied hardware (cantroiled gain far the first
ond caarse quantizer far the iatter). On the canfrary, when high resalution andyar
low speed ae requred, mixed RSD conveslan sesuls In lower power
cansumption.

Finally. It must be stressed that the flaating point approcch can use any kind of
caase quantizer. Exsting canverers can thus be enhanced with Increased
adynamic range. For exomple, a 8 bit hat-flash canverer cauld be wsed In
cambinatian with a 4 gains contralied ampilifier ta result In a fast 12 bit device.
Because mixed RSD canverters ore based an a cyclic successive appradmation
aigotthm, thelr speed Is Intrinsically limited.

8.1  MAIN CONTRIBUTIONS

8.1.1 Low pawer feed back floating point A/D converter for
qudio opplications

The idea of feed back flaating point conversion was first published by A,
Schaub [Scha?2]. However It was nat sulted ta low powsr Implementation and
the percelved queolty was sufiiclent for speech coding opplication but st
required mpravernant far the targeted appiication (speech processon. The main
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cantributian af this work was thus fa modify and refine the feed back floating polnt
appraach, resuling In an enhanced cancept and findlly In ¢ fow power chip

gain vatus Adapiatian
| Loglc DigIToI
Analog °

Input |C lled Coarse Shifter
guantizer
6 dB amp-
Hicotion vake

Figure 8.1 : Enhanced feed back A/D canversion

In enhanced feed back floating polrt AD canversian, the Input sample Is fed
o a cantralied amplifler whose gain values are muttiples of 6 dB. The amplified
signat Is applied to o coarse quantlzer whase digital autput Is fed fa a shifter as
well as 1a the adapiatian logic. The atter keeps tack of the appiled galn values
a ensure that the shiffer praperty fammats the quantizer autput. it alsa performs ©
ane ward predictian and decldes which gain vaiue must be opplled ta the
Incoming sample. The use of feed back fiaating palnt canversion Is thus imfted to
applicatians where the signai to be converied can be reasanably well predicted.

Far audio signais two solutions can be Iidenflfied: the first has a 9-blt coarse
quanilzer ond 7 gain volues for the cantrolled goin while the secand has a 10-bit
bit coarse quantizer and 6 goln values for the cantolled galn. From a power
cansumpiian polni of view the first solutlon 15 best. In bath case, two adaptation
strategles can be applled. The first s bosed an Jayants wark though Is only
reqiizoble thanks to aur improvements i.e. occumuiation a é dB and reserve-bit
addifion. The second directly opplies a 6 dB table obiained thraugh a new
methodology that uses o poal of Input signols ond aptimizes simulated
canverslans.

An ouda A/D canverer, featwing the fist adaptation stigtegy has been
implemented In ALP2, o iow valtage 2pm CMOS technology from EM
Microelectianic-Marin SA. All the analog parts have been carefully designed ond
dedicoted low power techniques opplled. Different contiolled gain structures
have been investigaied. The final chalce was an Inverting ampliier whase feed
back capacitor can be selected, This extremely smple scheme Is well sulted far
law power implemeniction while keeplng the areo reasonably small. s moin
drowbock Is the sensitivity to capacitor matching. The coarse quantlzer 15 an
cbsclute cyclic RSD converter based an an A, Heubl structure. The diglial parts
have been edlzed using a law power standard cell Borary.
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The chip die size Is 1,96 mm?. Only 12% af ths area Is used by analog parts
which hawever cansume 76.5% of the powes. The latter was measured at £1.3 V
and 16 kHz sampling frequency ond amaunts ta 50 pw. Olher measued
charmacterstics are 13 bits dynomilc ronge and, mare importantly, excellent
parceived gualily. The device fully meets the requirements for a low power audio
A/D canverter.

Tests af the chips showed that the canhalled gain s critical to the overall
performonce of the canverter. In particular, its Intemal nolse must be such that
even with the highest gain value, the nolse level at the aulput of the contralled
gain must be smaller then a half LSB af the subsequent coarse quanfizer. This s
not the case In the wosent ealization and as a resutt the dynamic tange s
Imited ta 13 bits (Instead of the 15 theoisticol ones), The nolse level con be
decreased by Increasing the current of the omplifier as well as modifying some
fransistor slzes. A rough estimation shaws that Increosing the OTA polarization
current by 20% Is sufficlent which resufis In a tatal [whole chip) power
consumption of 55 pw

8.1.2 low power feed torward floating paint AID canverter tar
audlo applications

In feed back canversian, when the signal ta be convered cannot be
reqsonably well predicted, the coarse quantizer size must be incragsed. However,
pawer consumptian in coarse quantizers vares with n? (n Is the number af bits).
Hence, at a ceraln paint, from a power consumption pant af view, a feed
torward Implamentation can lead to a more efficlent implementation. As a
matter af fact, In random type signals, feed forward conversion Is the only solution
(as cpposed to feed back). Another contibution was thus ta evaluate the casts of
a feed faward Implementatian In the case af audlo signals.

Feed farward converslan uses the Input sample, an which the scaling Is then
opplled, to evaluate the cantrolled gain vatue.

Anglog
Input Galn goin vohse
evalugtion Cigttal
Qutput
C ed Coarse
Quantizer

Figure 8.2 : Feed forwards AID conversion
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For audlo applications. g feed forward reallzafton requires 7 goin values and 8
bits In the coarse quantizer. Compored to the feed back sciution, only one bit is
saved,

No feed forward converfer chip wos reclized. Nevertheless, based on the fesd
back implermentation results as well as on simulotions, some power consumption
ond slze estimates con be made. The controlled gain and coarse quantizer
could be redlized simliorly as In the feed back Implementotion and the goin
evaluation coulkd be performed by o second coarse quantizer. In this cose.
compared 1o the feed bock Implementation, the resulting chip die skze would be
about 40% smaller while consuming slightly less then 10% mwore. This solution
would also meet the requitsments for a low power oudio A/D converter and If the
power consumption increase & folerable, the reduced size Is cleaty on
advontage.

8.1.3 Fioating point converters for non audic applications

Flocting point converters ore well sufted for audlo opplications ond ore a valld
altemative to obtaln non-obsolute devices. They feature simikar performonce to A.
Heubl's sclution though requle a bigger dis size. If dynomic ronge and/or
resolution were modifled, which stucture would be best sutted for non-audio
domoins ond whot would be the upper imit?

From o power consumption pant of view, considering mixed RSD converters
and flooting point implementations using absolute RSD coarse gquontizers, the
foflowing principles apply: it the contiolied gain OTA cunrent is determined by the
slew iate caonsticind, floating point stuctures are wel sulted. On the cther hond,
when the defeimining factor s the Infemol OTA noise, floating point
Implementations should be avoided. The first case typlcally arises In high spead
ondfor low resolution applications whils the second occurs In low speed andfor
high resciution coses. When a floating pont solution s foreseen the signol
prediciabilty determines which of feed back or feed torword method should be
used.

The limit of absolute linear cyclic RSD convener is 14-bit, To reach higher
dynamic range and resolution it s better to combine cyclic RSD with some
oversamping. The absolute 14 bits RSD converter was reclized thiough dightal
comaction of A, Heulx'si mixed non-obsolute solutlon. This device con be used as
Q coarse guontizer In a fioating point Implermentation and the ugper dynomic
icnge imit established. The maximum dynomic ronge depends on ihe minimum
OTA nolse lovel thot can be reoched while keeping e consumption low. This Is
technology related and In the case of ALP1 LV, 18 bits seems the reasonoble
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limlit. The consumption wauld be belaw 600 pW ot 1.3 V and 16 kHz and the
device would feature 14 bits of resolutian.

8.2 FUTURE WORK

This PhD deait with fioating point conversion for audio signols. The main effor
was to Implement such ¢ feed back AD canverter while salutions far nan audio
signats were oulined. Some Issues are sl apen and could be further
Investigated.

Al 0 systemn tevel point 0 view, the feed back adaptation shategy could be
theroughly investigated, t has been mentloned that the difference between
adlacent samples Is the determining criterta, It cauld be interesing o cansider o
wide range of nan audio applications and study thelr signots” statistics. The
applcabiity Imit of feed back fioating polnt canversion cauld then be estimated,

At an architectural ievei, feed farward solutions could be Impraved by
designing a dedicatad gain evaludtion block. In the power cansumption and size
astimotions, 0 RSO coorse quantlzer was used. This soiutian doesn’t benetit fiom
the fact that anly loganthmic levels must be delermined (1, 2, 4, 8, 16, 32, 64).
Using some sott of logaidthmic comparator cauld resutt in maore efficlent powsr
consumption and such structures should thus be investigated.

The Impiemented chip caould be redeasigned to Inciude offset compensation
as well as confrdlied amplifier non linearty comectian. This cauld be realized
digltally, resulting In o slight Increase of power consumption, However, the
resulting dle size wauld prabably be much grealer.

Finally, since the flaaling point approach s mare efficlent for high speed/law
resolution opplications, and sihce any coarse quaniizer can be used, new
targeted nan audio devices could be Investigotad.
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